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CHAPTER I
INTRODUCTION TO RESEARCH AREA

l1.1l. Introduction

The use of system simulation by means of digital
computers is expanding rapidly, and the development of the
new techniques is influencing many disciplines.[?g
Computer simulation concepts and techniques have been widely
applied in various areas such as to communication systems,
transportation and queuing systems, automatic control systems
and in process control, aerospace, bio medical engineering,
social dynamics, ecology, military and civilian engineering
problems, etc. Computer simulation is generally used as a
problem solving technique when the physical system has
certain inherent constraints which prohibit direct experimen=-
tation because the latter becomes impossible, impractical,
uneconomical or slow.B“g In some cases, it is quite
possible that computer simulation is the only method
available for the systematic quantitative study of a system.

The availability of high speed computers provides us
a very powerful, flexible and economical tool to perform
almost all kinds of simulations. Computer simulation can
be applied to a wide variety of systems, both real and
hypothetical, and it* can be employed for many different
purposes. The many sophiscated peripheral types of equipment

associated with modern day computers, such as D/A or A/D



converters, display systems, etc. greatly enhance their
simulation capability.

Normally, the static response of a physical system
can be simulated with less effort on a digital computer
than its dynamic response. The purpose of this thesis is to
develop techniques for simulating the dynamic response of a
linear, time-invariant system under the assumption that
the transfer function or the input belongs to certain classes.
Another basic assumption made is that when performing the
simulation we only have partial knowledge of the values of
the transfer function or the input. Specifically we assume
in Chapter III that we know a-priori either the frequency
response over certain frequency intervals or at certain values
of the frequency. In chapter V we assume that the values of
the input only at the sampling instants of time are known.
Under these conditions then, our objective has been to
develop techniques for the design of a discrete system
which can be easily implemented on a digital computer to
simulate the actual system in an efficient and satisfactory
way.

Works of other authors pertinent to this problem will
be discussed in the following section. The need of a new
simulation scheme to fit our requirements and the proposed
approach are explained in Section 1.3. The outline of the

results developed in this dissertation will be stated in



Sectiqn 1.4,

1.2. A Brief Survey of The Pertinent Literature

The methods for simulating the dynamic response of a
continuous system on a digital computer can be classified
into two categories involving frequency domain and time
domain approximations. Most of the previous literature
pertinent to our problem is related to digital filter design
techniques.

In the frequency domain methods, various transformation
techniques which map the transfer function of the continuous
system into the transfer function of the discrete system
were developed by Steiglitz [12] y» Greaves and Cadzow I-i9] '
Gold and Rader[i’Z], etc., several windowing techniques were
also developed by Kaiser [59] y Ku, et al D‘ZJ + These methods
have a common disadvantage that they are applicable only if
the transfer function of the continuous system is given.

When the desired frequency response is piecewise
specified (i.e. over given disjoint frequency intervals),
Martin[4] and OrmsbyIE] reconstructed the frequency response
with the sine and palabolic functions respectively to
improve the convergence rate of the corresponding Fourier
series truncation method. They showed that the resulting
non-recursive filter is more efficient, but prvided no
error analysis nor indicated any optimal property associated

with their schemes.



Several numerical algorithms were developed to design
the optimal digital filter in the Chebyshev-sense by Parks
and McClellan[7OJ, Herrman[BJ, Hofstetter[76]. Tufts and
[67]

Francis These methods are usually applied to design
simple cases such as the ideal low pass filter. It is to be
expected that these methods will turn into a complicated and
time-comsuming procedure when applied to the general case.
The entire algorithm might not converge to the solution if
improper initial conditions are assumed. For the purpose of
comparison, we may say that to design an ideal low-pass filter
with length 95 by the Parks-McClellan approach (which uses the
Remes algorithm), 200 seconds are required on the Rice Burrough
5500 computer*. Numerical experiments given in Chapter IV show
that for the same ideal low-pass filter, the time required to
design a total of 50 digital filters of length 3 to 101 is less
than 2 seconds on the same computer by our method, without too
much difference in the error. (See Example 4.2 in the Chapter ...
IV this thesis). Also none of these methods considered phase
frequency response as we do.

As the frequency response of the actual system is
pointwise defined, (i.e. only at a discrete set of points in

[48]

methods and Rabiner[SO] used the "Frequency Sampling" method.
[12,50]

frequency), Fleischer developed least-squares-fitting

Experience tells us that the error between two frequency

samples might be significant.

Notest In a private communication, Professor T.W. Parks has
informed the author of this thesis that he has been
able to reduce the 200 seconds time interval quoted in
reference 70 +to 50 seconds.



In the time domain approach, the main idea 1is *to
approximate the value of the convolution integral which is
associated with the actu=2l system. Normally, the transfer
function or the impulse response of the system is completely
defined and the input signal is given in a tabular form.
Various methods are developed to reconstruct the convolution
integrand. For example, R. Vich[yQ] used the Gregory formula,
Harrison and Leon[?ﬂ used piecewise polynomials, de Figueiredo
and Kaolb?] used the cubic spline, de Figueiredo and

Natravali 36

uged the generalized spline. Certain optimal
properties were derived for the last two schemes.

In addition to the above approaches, a third choice is
to use a particular problem-oriented simulation language
such as CSMP.[8'75] Usually this is a more expensive and
inefficient way to solve the simulation problem.[;i] The

merit and disadvantages of this approach will be discussed

in Section 2.2.

l.3. Proposed Approach

From the above discussion, it is found that most of
the existing simulation schemes require the continuous
(actual) system to be completely defined. The other schemes
have also shown the disadvantages regarding accuracy or
proved to be complicated. Moreover, most frequency domain
techniques have ignored the phase criterion. This has

partly motivated us to seek an efficient solution to the



above problem based on the spline approximation. We state
the proposed approaches and the main contribution as followss
For studying computer simulation problems, one usually
attempts to derive an effective approximation procedure or
develop an applicable computational algorithm to evaluafe

[8,9,10,4&,47] There are three

the actual system output.
main steps for solving system simulation problems: the first
step is to find an adequate mathematical model which
represents the actual system with sufficient detail and
accuracy, but is not too complicated to be analyzed by
computer. The second step is to derive a disérete system
and then implement it on a digital computer to properly
duplicate the performance of the continuous system. The
third step is to check out the whole simulation scheme and
evaluate the simulation errors by some test runs. If the
results are satisfactory, actual data may be applied to

study the system. Otherwise we go back to step 1 and step 2
to make certain changes to improve the simulation scheme.
This procedure is continued until all the specified criteria
are satisfied.

In the above simulation procedure, various approxima-
tion methods are employed in step one and step two to solve
the system modeling problem and the discrete system
derivation problem. Due to the many desirable properties

such as high convergence rate and optimal approximation



properties of the spline function approximation explored
recently,[39'42’55] we are interested in applying spline
functions to solve these problems.

It is clear that step one is omitted when the transfer
function of the system is completely defined. The sgpline
approximation is applied in the frequency domain to approxi-
mate the frequency response of the optimal discrete system
when the frequency response of the actual system is only
partially defined. A non-recursive digital filter type
simulator is derived which has both excellent magnitude and
phase responses. In this application, spline approximation
is used to solve the system modeling problem so that an
error bound in frequency domain is minimized. )

We also considér the case in which the frequency
response of the actual system is completely specified but
the input signal is known to have energy only on certain
prescribed frequency intervals. In this case, we replace
the actual frequency response on those frequency intervals
where the signal has zero energy by spline approximation.
This leads +to an improved simulation scheme and is
explained in detail in Chapter III.

Finally, when the system function is completely
specified the spline approximation is used in the time
domain to interpolate the samples of the input and then

yield the structure of an. optimal discrete simulator as



presented in Chapter V.

1.4, Qutline of This Digsertation

We start with the fundamental definitions and concepts
stated in Chapter II. Emphasis is on the introduction of
spline functions, system simulation and modeling concepts,
Approximation theorems and the basics of computer simulation
are also presented. In Chapter III, we develop the simula-
tion schemes from the frequency domain approach based on
the spline approximation, The optimal property consisting
of the minimization of an error bound is discussed, and the
effect of the smoothness properties of the spline approxima-
tion in the construction of the desired frequency response
of the digital simulator is studied. The theoretical develop-
ments in Chapter III are further articulated by the numerical
experiments, performed on the Rice Burroughs 5500 digital
computer, discussed in Chapter IV. In Chapter V, we discuss
the simulafion scheme based on time domain approach. An
efficient computation scheme based on the spline approximation
and a numerical example are given to illustrate the method.
Conclusions and proposals for further research are presented
in Chapter VI. In all cases, error bounds are presented in

H
explicit forms.

An interesting problem of interpolating the frequency
samples by the.trigonometric functions, namely, sine and

cosine functions such that a finite duration non-recursive



digital filter can be derived is given in Appendix A. Two
sample computer programs in Fortran IV to evaluate the
coefficients of the discrete simulator by using the cubic
spline approximation are listed in Appendixes B and C.

Figures are at the end of each chapter.
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CHAPTER II
FUNDAMENTAL DEFINITIONS AND CONCEPTS

2.1. Preliminary Definition

In this chapter, we summarize the definitions and
results which are applicable to all chapters. Additional
notations and definitions appear in Chapters III and V
pertinent to the topics defined respectively in those
individual chapters.
a) Systems "A system is an aggregation or assemblage of
objects joined by some regular interaction or '1n1:erdependence".[8:I
b) Inputs The input to the system is either a time function
.x(t)for a sequence {xk\ which consists of the external force

or stimulus acting upon the system. We call x(t) a continuous-

time signal which is necessarily time-limited, but consider-

ration of theoretically band-limited signals will not be

precluded. { xk} is the discrete-time signal which is a
sequence of numbers usually obtained by sampling a continuous
time signal at time instant T i.e. X, = x(tk).

c) Outputs Similarly, y(t) denotes the value of continuous-
time output and yk is the'samplé“of y(t) at t = Ty
d) Simulations "Simulation is essentially a working analogy.
Analogy means similarity of properties or relations without
identity".[uul
e) L{:] and wa.} denote Laplace transform pair.

£) F{Y and %Y} denote Fourier transform pair.

Notes t The correct notation for a function would have been x(*).
However, we write as indicated to display the symb  uesd for
the argument. The procedure will be followed where appropriate.
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g) Zf} and Z'lf'g. denote z-transform pair.
h) Transfer function for Continuous-time system H(s):

For a linear time-invariant.system, the transfer
function H(s) of the system is the Laplace transform of its
impulse response h(t) or equivalently, the ratio of the lLaplace
transform of the zero-state response Y(s) to that of the input
X(s).

i) Transfer function for a discrete system HD(z)s

For a linear, time-invariant, continuous state discrete
time system (henceforth dernoted simply by discrete system),
the value of its transfer function HD(z) is the z~transform
of its weighting sequence (digital impulse response) -fck} ,
or equivaiently, the ratio of the z-transform of the output

sequence Y(z) to that of the input X(z) and is of the form

-1 -
a0+alz + ...+amz

1

m
Hp(z) =

= - ¢ (2.1)
1+ Blz + eee + B2

HD(z) is also called the transfer function of a digital
or numerical filter. It is called a non-recursive digital
filter if and only if Bi =0 for i=1, 2,¢e0, n, otherwise
it is called recursive digital filter and in such a case,
a feed-back mechanism is employed.
j) Frequency response:s The frequency response of a linear

time-invariant continuous state, continuous time system -

(henceforth called simply continuous system) is the Fourier






