Unit 1
Text

Preface to Modern Engineering Mathematics

1.1 Modern Developments and the Teaching of Maths to Engineers

Developments in computer technology and related software have provided the engineer with
tools of increasing power and sophistication which have significant implications for the use and role
of mathematics in engineering practice!™). In particular, it has led to greater use of mathematical
modelling and simulation asthe basis for the analysis and design of engineering systems, thus
providing a more flexible and economic approach to the traditional methods which relied heavily on
costly experimentation and the building of scaled models. Clearly such developments, particularly
those in computer algebra or symbolic manipulation packages, also have important implications for
the teaching of mathematics on engineering degree courses. To the inexperienced it is tempting to
believe that the use of packaged software solves all the problems of analysis that an engineer
is likely to meet and thus eliminates the need for engineering students to study mathematics. On the
contrary, to the experienced engineer, the dangers of using packaged software as ‘black box’ solution
generators are well understood yet cannot be overstressed. If engineers are to take full advantage of
sophisticated computational tools then it is essential that they become effective at mathematical
modelling and discriminating, intelligent and wary users of packaged software and other aids to
computational modelling®. The need for mathematical skills is, therefore, greater than ever but it is
widely recognized that, as a consequence of these computer related developments, there is a need for
a shift in emphasis in the teaching of mathematics to students studying engineering. This shift is
away from the simple mastery of solution techniques and towards development of a greater
understanding of mathematical ideas and processes together with efficiency in applying this
understanding to the formulation and analysis of mathematical models of physical phenomena and
engineering systems. However, it is recognized that the development of understanding and the
mastery of solution techniques are not mutually exclusive objectives. There is little doubt that a high
degree of fluency in the manipulation of mathematical expressions will always be required,
for without this there can be no real understanding™. The challenge to the teacher is that of

achieving the correct balance in the mathematics curriculum.

1.2 Skills Development and Learning by Doing

The objective of the authoring team in writing this book is to achieve a balance between the
development of understanding and the mastery of solution techniques with the emphasis being on the
development of students’ ability to use mathematics with understanding to solve engineering

problems.
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Worked examples

Consequently, this book is not a collection of recipes and techniques designed to teach students
to solve routine exercises, nor is mathematical rigour introduced for its own sake!™. 1t contains over
350 worked examples, many of which incorporate mathematical models and are designed both to
provide relevance and to reinforce the role of mathematics in various branches of engineering.

Applications

To provide further exposure to the use of mathematical practice, each chapter contains sections
on engineering applications. These sections form an ideal framework for individual, or group, case
study assignments leading to a written report and/or oral presentation; thereby helping to develop the
skills of mathematical modelling necessary to prepare for the more open-ended modelling exercises
at a later stage of the course.

Exercises

There are numerous exercise sections throughout the text and at the end of each chapter there is
a comprehensive set of review exercises. While many of the exercise problems are designed to
develop skills in mathematical techniques, others are designed to develop understanding and to
encourage learning by doing, and some are of an open-ended nature. This book contains over 1000
exercises and answers to all the questions are given. It is hoped that this provision, together with
the large number of worked examples and style of presentation, also makes the book suitable for
private or directed study.

Numerical methods

Recognizing the increasing use of numerical methods in engineering practice, which often
complement the use of analytical methods in analysis and design and are of ultimate relevance when
solving complex engineering problems, there is wide agreement that they should be integrated within
the mathematics curriculum. Consequently the treatment of numerical methods is integrated with the
analytical work throughout the book. Algorithms are written in pseudocode and are, therefore, readily
transferable to any specific programming language by the user.

1.3 Content

The range of material covered in the book is regarded as appropriate for a first level core studies
course in mathematics for undergraduate courses in all engineering disciplines. The choice of
material also reflects the proposals contained in the report A Core Curriculum in Mathematics for the
European Engineer published by The European Society for Engineering Education (SEFI) in 1992.
Whilst designed primarily for use by engineering students it is believed that the book is also
highly suitable for students of the physical sciences and applied mathematics. Material appropriate
for second level undergraduate core studies, or possibly elective studies for some engineering
disciplines, is contained in the companion text Advanced Modern Engineering Mathematics. As a
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result of the widening of access opportunities, particularly in the United Kingdom, there is
increasing heterogeneity in background knowledge in mathematics of students entering degree
courses in engineering[sl.

Chapter 1 deals with numbers, algebra and functions and includes sections on topics, such as
trigonometric, exponential and logarithmic functions, a knowledge of which has traditionally been
assumed on entry to an engineering degree course. To most students such sections will provide a
review of material with which they already have some familiarity. The remainder of the chapter
develops the material further and includes sections on computer arithmetic and numerical evaluation
of functions.

Chapter 2 extends the number system to include complex numbers which have important
applications in engineering. Vector and matrix techniques provide the framework for much of the
developments in modern engineering and so the engineer needs to have a good understanding of the
foundations of vector and linear algebra. Consequently Chapters 3 and 4 are devoted to these topics
with the material being further developed in the companion text. With the increasing importance
of software engineering and use of expert systems, discrete mathematics is receiving prominence,
with importance in many branches of engineering. While it may not be necessary for all engineers to
have a deep understanding of discrete mathematics it is believed essential that they should all have a
familiarity and ease with the relevant notations and formalism; this therefore is the main objective of
Chapter 5.

Chapter 6 provides a basic introduction to the ideas of sequences, series and limits, as essential
prerequisites for the study of the calculus, which remains a powerful mathematical tool for use in
solving engineering problems.

Chapters 7 and 8 are devoted to the calculus of functions of one variable and, recognizing
again the mixed background knowledge in mathematics of the students, the basic ideas and
techniques of differentiation and integration are reviewed in Chapter 7.

Chapter 9 extends the calculus to the case of functions of more than one variable.

Chapters 10 and 11 relate to ordinary differential equations which are representative
mathematical models of practical problems in various branches of engineering. Fourier series
analysis is central to many applications in engineering, such as the analysis and design of oscillatory
and nonlinear systems.

Chapter 12 provides a brief introduction to this topic appropriate for first level study, with a
more detailed treatment being given in the companion text. Engineering is a discipline founded upon
experiment, and engineers need to know how to process their experimental data and how to assess
the results of others’ experiments. The aim of statistics is to extract useful information from the data.
The book concludes with Chapter 13 which illustrates how data may be plotted to good effect, and
then goes on to cover the essential probability theory necessary to take account of uncertainty

in engineering.
1.4 Acknowledgements
It is a pleasure to acknowledge individuals who have contributed to the development of the

04.



book, in particular Nigel Steele of Coventry University, who is a member of the authoring team of
the companion text, John Berry of the Polytechnic of the South West, for his contribution at the
outset, and to the many reviewers for giving up their valuable time to contribute comments
and suggestions during the preparation of the manuscript. The authoring team have been fortunate in
having a superb production team at Addison-Wesley that has given every form of assistance
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development director, Sarah Mallen, for her continued enthusiasm and support and to Susan Keany
for her diligence and patience as production editor.
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Notes

[1] Developments in computer technology and related software have provided the engineer with
tools of increasing power and sophistication which have significant implications for the use and role
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[2] If engineers are to take full advantage of sophisticated computational tools then it is essential that
they become effective at mathematical modelling and discriminating, intelligent and wary users of
packaged software and other aids to computational modelling. [ that 5| FH F1EMNA] (it &
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expressions will always be required, for without this there can be no real understanding. A for
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[4] Consequently, this book is not a collection of recipes and techniques designed to teach students to
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[5] As a result of the widening of access opportunities, particularly in the United Kingdom, there is
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[f51 1] Vector and matrix techniques provide the framework for much of the developments in modern
engineering.
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[f51 2] Chapters 7 and 8 are devoted to the calculus of functions of one variable and, recognizing
again the mixed background knowledge in mathematics of the students, the basic ideas and
techniques of differentiation and integration are reviewed in Chapter 7.
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[51l 3] Television is the transmission and reception of images of moving objects by radio waves.
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[#%1 4] The calculus, aided by analytic geometry, proved fo be astonishingly powerful and capable of

attacking hosts of problems that had been baffling and quite unassailable in earlier days.
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[#51 6] It has been proved that induced voltage causes a current to flow in opposition to the force
producing it.
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[ 7] The invention of radio has made it possible for mankind to communicate with each other over
a long distance.
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[#51 8] While designed primarily for use by engineering students, it is believed that the book is also

highly suitable for students of the physical sciences and applied mathematics.
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[#1 9] It is hoped that this provision, together with the large number of worked examples and style of

presentation, also makes the book suitable for private or directed study. (£ 154} )
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[#51 10] Let the forward-pass transfer function be given by the linear difference equation.
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[f51 11] Radar has certain inherent advantages over detection systems employing light waves: (1) it
has greater range, (2) it is usable in any weather and in day or night, and (3) the electronic circuitry
and components for transmitting, receiving, amplifying, detecting and measuring are highly
developed.
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[#51 12] Recognizing the increasing use of numerical methods in engineering practice, which often
complement the use of analytical methods in analysis and design and are of ultimate relevance when
solving complex engineering problems, there is wide agreement that they should be integrated within
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Exercises

1. Choose the best answer for each of the following questions.

(1) Mathematical modelling and simulation forms the basis for the analysis and design of
engineering systems as a result of
a. developments in computer technology and related software



b. developments in mathematics
c. engineering mathematics
d. the large number of students to study engineering courses
(2) For an engineering student,
a. there is no need to study mathematics
b. he should spend more time on the study of mathematical skills
c. it is enough to learn to use the packaged computer software
d. the main objective is to learn to use mathematics with understanding to solve
engineering problem
(3) Which one of the following statements is incorrect according to the text?
a. The exercises are intended to develop skills in mathematical techniques
b. Some of the exercises are open-ended modelling ones which cannot be tackled at the
beginning of the course
c. The exercises are only available at the end of each chapter
d. The exercises are designed to develop understanding and encourage learning by doing
(4) Which is not the content of the book?
a. differentiation and integration
b. geometry
c. discrete mathematics
d. probability and statistics
(5 is vital to the analysis and design of oscillatory and nonlinear systems.
a. Fourier series analysis
b. Numerical analysis
c¢. Simulation and modelling

d. Random process

2. Match the term in Column A with the appropriate explanation in Column B.

Column A Column B

(1) mathematical analysis a. symbolized arithmetic

(2) algebra b. interconnection between variables

(3) calculus c. a rectangular array of numeric or algebraic quantities
subject to mathematical operations

(4) function d. a statement of equality between two equal numbers or
number systems

(5) probability theory e. the study of variables and their relationships

(6) matrix f. the branch of mathematics concerning points, lines,
angles, surfaces and solids

(7) equation g. mathematical treatment concerned with random events

(8) geometry h. differentiation and integration



3. Translate the following sentences into Chinese.

(1) The calculus, aided by analytic geometry, proved to be astonishingly powerful and capable
of attacking hosts of problems that had been baffling and quite unassailable in earlier days.

(2) Of the many remarkable mathematical discoveries made in the 17th century, unquestionably
the most outstanding was the invention of calculus.

(3) A great forward stride was made in 1821, when the French mathematician Augustin Louis
Cauchy developed an acceptable theory of limits, and then defined continuity, differentiability, and
the definite integral in terms of the limit concept.

(4) Mathematical analysis is one of the most important divisions of higher mathematics; its
main object is studying variables and their relationships.

(5) The main purpose of a natural or technical science is to establish the relationships between
the variables involved in the process under consideration and to describe it mathematically.

(6) Mathematical methods lie in the foundation of physics, mechanics, engineering and other
natural sciences. For all of them mathematics is a powerful theoretical and practical tool without

which no scientific calculation and no engineering and technology are possible.

Reading Material
Fourier Analysis and Synthesis

Jean Baptiste Joseph Fourier (1768—1830) studied the mathematical theory of heat conduction
in his major work, The Analytic Theory of Heat. He established the partial differential equation
governing heat diffusion and solved it using an infinite series of trigonometric functions. The
description of a signal in terms of elementary trigonometric functions had a profound effect on the
way signals are analyzed. The Fourier method is the most extensively applied signal-processing tool.
This is because the transform output leads itself to easy interpretation and manipulation, and leads to
the concept of frequency analysis. Furthermore even biological systems such as the human auditory
system perform some form of frequency analysis of the input signals. The applications of the Fourier
transform include filtering, telecommunication, music processing, pitch modification, signal coding
and signal synthesis, feature extraction for pattern identification as in speech recognition, image
processing, spectral analysis in astrophysics and radar signal processing.

1. Introduction

The objective of signal transformation is to express a signal as a combination of a set of basic
“building block” signals, known as the basis functions. The transform output should lead itself to
convenient analysis, interpretation and manipulation. A useful consequence of transforms, such as
the Fourier and the Laplace, is that differential analysis on the time domain signal becomes simple
algebraic operations on the transformed signal. In the Fourier transform the basic building block
signals are sinusoidal signals with different periods giving rise to the concept of frequency. In

Fourier analysis a signal is decomposed into its constituent sinusoids, i.e., frequencies, the
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amplitudes of various frequencies form the so-called frequency spectrum of the signal. In an inverse
Fourier transform operation the signal can be synthesized by adding up its constituent frequencies. It
turns out that many signals that we encounter in daily life such as speech, car engine noise, bird
songs, music etc. have a periodic or quasi-periodic structure, and that the cochlea in the human
hearing system performs a kind of harmonic analysis of the input audio signals. Therefore the
concept of frequency is not a purely mathematical abstraction in that biological and physical systems
have also evolved to make use of the frequency analysis concept.

The power of the Fourier transform in signal analysis and pattern recognition is its ability to
reveal spectral structures that may be used to characterize a signal. This is illustrated in Figure 1 for
the two extreme cases of a sine wave and a purely random signal. For a periodic signal the power is
concentrated in extremely narrow bands of frequencies indicating the existence of structure and the
predictable character of the signal. In the case of a pure sine wave as shown in Figure 1(a) the signal
power is concentrated in one frequency. For a purely random signal as shown in Figure 1(b) the

signal power is spread equally in the frequency domain indicating the lack of structure in the signal.

x(0) P

(a) /\ﬂ I

x(?) P.(f)

(b) —

(a) a predictable signal (b) a random signal

Figure 1 The concentration or spread of power in frequency indicates the correlated or random character of a signal
2. Fourier Series: Representation of Periodic Signals

The following three sinusoidal functions form the basis functions for the Fourier analysis

x, (1) = cos w,t 0
X, (1) = sinwyt )
X, () = cos wyt + jsinw,t = ™ o

Figure 2(a) shows a vector representation of the complex exponential in a complex plane with
real (Re) and imaginary (Im) dimensions, and Figure 2(b) shows the cosine and the sine components
of the complex exponential (cissoidal) signal of Eq.(3). The Fourier basis functions are periodic with

an angular frequency of w,rad/s and a period of 7, =2n/w, =1/F, seconds, where F, is the

frequency in Hz. The following properties make the sinusoids the ideal choice as the elementary
building block basis functions for signal analysis and synthesis:
(i) Orthogonality; two sinusoidal functions of different frequencies have the following

orthogonal property:

.11.
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Im

/ B\ sin(kof)  cos(kw,t)
/ ey / /

S A/
0 w \X/ 1

D —

(a) (b)

(a) vector representation of a complex exponential; (b) real and imaginary parts of a complex sinusoid

Figure 2 Fourier basis functions

For harmonically related sinusoids the integration can be taken over one period. Similar
equations can be derived for the product of cosines, or sine and cosine, of different frequencies.
Orthogonality implies that the sinusoidal basis functions are independent and can be processed
independently. For example in a graphic equalizer we can change the relative amplitudes of one set
of frequencies, such as the bass, without affecting other frequencies, and in subband coding different
frequency bands are coded independently and allocated different number of bits.

(ii) Sinusoidal functions are infinitely differentiable. This is important, as most signal analysis,
synthesis and manipulation methods require the signals to be differentiable.

(iii) Sine and cosine signals of the same frequency have only a phase difference of m/2 or
equivalently a relative time delay of a quarter of one period, i.e., T,/4.

joot

Associated with the complex exponential function e is a set of harmonically related

complex exponential of the form
|:] eijwot eiijot eij3w0t ] (5)
The set of exponential signals in Eq.(5) are periodic with a fundamental frequency

®, =2n/T, =2nF,where T, is the period and F, is the fundamental frequency. These signals

form the set of basis functions for the Fourier analysis. Any linear combination of these signals of the
form

> et (6)
K=

is also periodic with a period of T . Conversely any periodic signal x(f) can be synthesized from a

linear combination of harmonically related exponentials.
The Fourier series representation of a periodic signal is given by the following synthesis and

analysis equations:

x(f) = Z c el k=+--1,0,1,- Synthesis equation 7
k=—0
L™ v * s k=-10,1,+  Analysi fi (8)
Cy _TOJ:TO/ZX( e ,0,1, nalysis equation
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The complex-valued coefficient ¢, conveys the amplitude (a measure of the strength) and the
phase of the frequency content of the signal at kw, Hz. Note from the analysis Eq.(8), that the
coefficient ¢, may be interpreted as a measure of the correlation of the signal x(f) and the complex

exponential e,

The set of complex coefficients ***c_,,c,,c =+ are known as the signal spectrum. Eq.(7) is
referred to as the synthesis equation, and can be used as a frequency synthesizer (as in music
synthesizers) to generate a signal as a weighted combination of its elementary frequencies. The
representation of a signal in the form of Eq.(7) as the sum of its constituent harmonics is also
referred to as the complex Fourier series representation. Note from Eq.(7) and (8) that the complex
exponentials that form a periodic signal occur only at discrete frequencies which are integer
multiples, i.e., harmonics, of the fundamental frequency @, . Therefore the spectrum of a periodic
signal, with a period of T, is discrete in frequency with discrete spectral lines spaced at integer

multiples of @, =2n/Tj.

3. Fourier Transform: Representation of Aperiodic Signals

The Fourier series representation of periodic signals consists of harmonically related spectral
lines spaced at the integer multiples of the fundamental frequency. The Fourier representation of
aperiodic signals can be developed by regarding an aperiodic signal as a special case of a periodic

signal with an infinite period. If the period of a signal is infinite, then the signal does not repeat itself
and is aperiodic. Now consider the discrete spectra of a periodic signal with a period of T, as

shown in Figure 3(a). As the period 7; is increased, the fundamental frequency F,=1/T]

decreases, and successive spectral lines become more closely spaced. In the limit as the period tends
to infinity (i.e., as the signal becomes aperiodic) the discrete spectral lines merge and form a
continuous spectrum. Therefore the Fourier equations for an aperiodic signal, (known as the Fourier
transform), must reflect the fact that the frequency spectrum of an aperiodic signal is continuous.
Hence to obtain the Fourier transform relation the discrete-frequency variables and operations in the
Fourier series should be replaced by their continuous-frequency counterparts. That is the discrete
summation sign Z should be replaced by the continuous summation integral J. , the discrete

harmonics of the fundamental frequency AF, should be replaced by the continuous frequency
variable £, and the discrete frequency spectrum ¢, must be replaced by a continuous frequency

spectrum say X(0). The Fourier synthesis and analysis equations for aperiodic signals, the so-called

Fourier transform pair, are given by

(1) = jz X(f)eP™df (9
X(f)= fmx(t)e*ﬂ“ﬁdz (10)

Note from Eq.(10), that X(f') may be interpreted as a measure of the correlation of the signal x(7)
and the complex sinusoid e *™"
The condition for existence and computability of the Fourier transform integral of a signal x(¢)

is that the signal must have finite energy.
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Figure 3 (a) A periodic pulse train and its line spectrum, (b) a single pulse from the periodic train in (a) with an

imagined ‘off” duration of infinity; its spectrum is the envelope of the spectrum of the periodic signal in (a).

New Words

aperiodic
auditory
cochlea
coefficient
computability
constituent
correlation
cosine
equalizer
filtering
harmonic
orthogonality
product
random
sinusoidal
synthesis
quasi-periodic
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1. Give a simple example of the use of Fourier analysis.

2. Why do we choose sinusoids as basic building block functions for signal analysis and

synthesis?

3. What is the difference between the Fourier series and the Fourier transform?
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Unit 2
Text
Simulation of Random Variables

Many events in our lives are subject to chance — by which we mean that they are not entirely
predictable. To some extent, we can choose where we live and what sort of work we do, but even so
we cannot be sure what sort of neighbors or workmates we shall have: noisy, generous, friendly and
so on. In a similar way, experiments in all branches of science and engineering involve unpredictable
outcomes that may be expressed either as a quality such as ‘turned green’ or ‘exploded’, or
numerically in terms of mass, resistance or any standard unit. In contrast with everyday life, an
‘experiment’ is repeated many times, so that the limited predictability of the various outcomes can
emerge as a pattern within the disorder. The subject of statistics is about extracting that pattern and
drawing useful conclusions from it, and the theoretical foundation for this is contained in the theory
of probability.

2.1 Interpretations of Probability

The theory of probability underlies the methods of inference used in statistical situations, and
the concept of probability can be related to the histogram of data. The height of each bar determines
the proportion of the sample that fell into the corresponding class. One way to think of probability is
to assume that as a larger and larger sample is taken, the histogram will stabilize and the class
proportions will converge to the ‘true’ probability figures. This concept of probability is of an
objective quantity that applies to each observation and measures (in a relative way) how likely it
is to fall into the corresponding class'. Like the speed of light and the density of gold, it is known
only imperfectly because of our limited capacity to do experiments.

An alternative concept of probability that is important in decision-making and expert systems
involves degree of belief. This is highly subjective, because it will depend upon the individual (or
group) concerned and will vary with past experience. This seems unscientific at first sight, and there
is much resistance to this notion, but there are many situations where experiments are unrepeatable
in principle and no ‘large-sample proportion’ approach is applicable. The outcome of an election is
uncertain, and it is not unreasonable to say that some outcomes are ‘more probable’ than others, but
the actual election can take place only once. It seems that one is forced into a subjective view of the
uncertainties, but the probability figures that emerge must obey certain rules in order to be
consistent™. Advocates of subjective probability have shown that these rules are the same as those
obeyed by the sample proportions.

The formal theory of probability admits a number of ‘interpretations’, of which these objective
and subjective interpretations are by far the most important. For engineering students it is most
appropriate to keep the first interpretation — that of probability as an idealized proportion — in
mind when studying the theory™).
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2.2 Random Variables

2.2.1 Definition

A random variable consists of a sample space of possible numerical values together with a
probability distribution over those values.

Random variables vary in their degree of advance predictability. As the following four
examples show, the probabilities of the possible values are very dispersed for some random variables,
but highly concentrated for others:

(a) The toss of a die. No die is perfect, but for this random variable the probability of the six
values are almost equal.

(b) Next month’s rainfall. Unless you live in a part of the world that has a very constant climate,
the amount of rain that falls in March, say, varies from year to year quite considerably. The
probabilities are not quite so dispersed as for the die toss, but there is a high degree of uncertainty.

(c) A flight delay. Here there is a high probability of at most a short delay, but a small
probability of a very long delay. The probabilities are relatively concentrated.

(d) The time of tomorrow's sunrise. Knowing your latitude, longitude, altitude, the date, the
direction of sunrise and the height above sea level of the horizon in that direction, you could predict
the time very precisely. There would be some small uncertainty because of atmospheric refraction.

The behavior of a random variable is determined by the profile of its probability distribution.
We shall now enlarge upon this for the two common types. The notation convention is to denote a
random variable by a capital letter, say X, and an observed value by the corresponding lower-case
letter, then x.

2.2.2 Discrete Random Variables

The random variable X, say, has a list of possible values v,v,,---,v,, with probabilities
P(X =v)),-,P(X =v,) of equaling these values. In other words, each actual value x of X is equal
tov, forsome i=1,"*, m, and we allow m to be infinite if required. Typical examples are die tosses,
birthdays, and the numbers of defective components in a batch from a production line.

In general, the behavior of a discrete random variable can be represented graphically by means
of a probability function

Py (x)=P(X =x) (-o0<x<+»0)

Also useful is the distribution function /', (x) defined as

Fy(x)=P(X <x) (-0o<x<+»0)

2.2.3 Continuous Random Variables

A continuous random variable X can take any value within some interval (v;,v,). If this

interval is not already infinite, we define the random variable to be zero outside it and extend the
domain of definition to (—o0,+) . Typical examples are a person’s height and weight, component

lifetimes, and all measured quantities expressed in units of mass, length, time, temperature,
resistance and so on.

In general, the behavior of a continuous random variable X is described by a probability density
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function f, (x) for (- <x<+4o0) as illustrated in Figure 2.1. As will be explained below, f (x)

is not the probability that X = x ; instead, the density function has to be understood in terms of the
distribution function F, (x), which measures (as before) the probability that the value of the

random variable is less than or equal to the argument x:
Fy(x)=P(X <x) (—0o<x<»)
In this case, because there are no discrete steps in probability, F\(x) is continuous and

differentiable, and its derivative is called the probability density function f, (x):
d
fr(x)= E[FX (0]

The significance of the density function is that it indicates for a continuous random variable the

concentration of possible observed values along the real axis.

Si)

Figure 2.1 A typical probability density function
2.3 Random Variables for Simulation

Computer simulations are very widely used in research, design and training. Perhaps the best
known is the flight simulator upon which pilots receive much of their training. Simulations are used
in research and design wherever a system is too complex for a complete solution to a problem to be
obtained theoretically, or where a solution can be obtained but its completeness or accuracy is open
to question.

Simulations are deterministic if what occurs at any time is completely determined by the state
of the system. In contrast, they are stochastic if what occurs at any time can be influenced by a
chance element that is inherently unpredictable. Stochastic simulations therefore require that random
variables (or outcomes) be generated within the program. This may seem a hopeless requirement,
considering that computer programs are sequences of deterministic instructions running
on deterministic hardware'™. However, it is possible to generate sequences of numbers that are
deterministic and repeatable but that have the appearance of being random. These pseudo-random
numbers are very useful for simulations, and for other purposes such as the so-called Monte Carlo
numerical methods.

Most modern computers contain a software facility for generating pseudo-random numbers with

a uniform distribution on the interval (0, 1):
Ju W)= {

The successive variables { U,U,,- } appear to be uncorrelated, and, although there is some

I (O<u<l)

0 (otherwise)

structure in the sequence (and indeed the sequence will eventually repeat itself’), it is rare for these
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. . . . 5
deficiencies to cause problems in practice".

Random wvariables with non-uniform distributions are obtained from the sequence
{ U,U,, - } by applying various transformations. Figure 2.2 contains pseudo-code listings for

generating the most common random variables. In each case it is assumed that the system function
“rnd” returns a uniform (0, 1) value, which is stored in the variable U. The variable X contains the
required value of the random variable. The binomial is based on the Bernoulli, the Poisson on

the exponential, and the normal on the central limit theorem.

{Bernoulli random variable X, parameter p.}
U < rnd
if U < p then X «— 1 else X « 0 endif
{Binomial random variable X, parameters #», p.}
X<«0
foriis 1tondo

U «rnd

if U < p then X < X +1 endif
endfor
{Exponential random variable X', parameter L, uses log function to base e.}
U < rd; X < —(log(u))/L
{Poisson random variable X, parameter L.}
X« -LW «1; B «<exp(-L)
repeat

XX+, U«<rmd, W«W=*U
until W < Ry
{Normal random variable X, parameters mean, sd.}
T<«0
foriis1to 12 do

Uemd; T« T+U

endfor
X «sd*(T —6)+ mean

Figure 2.2 Pseudo-code listings for non-uniform random variables

Words & Expressions

advocate ['sedvakit] n. Tk, PERcE
alternative  [2:l'te:nativ] adj. T TR R
argument ['a:gjumant] n H AR &

concentration [konsen'treifan] n grp, G, k4
converge [ken've:d3] v. WSk (n. convergence)
deficiency ~ [di'fifansi] n. =, AL
derivative  [di'rivativ] n S

die [dai] n. ('ah

differentiable [difa'ren[iabl] adj. BN S|

disperse [dis'pa:s] v. ) ik, () #OF, B
facility [fa'siliti] n W&, TH
histogram [histaugreem] n. H 7K

inference ['inferans] n. ity
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interpretation [in'te:prateifan] n. Ui, R

profile ['praufail] n. H, A, AT, e

proportion [pra'po:[en] n. =d(7]

pseudo-random  [psju:dau reendem] adj. P BEALE

refraction [ri'freek [ an] n. Yt

stabilize ['steibilaiz] v. Fa€ (. stabilization)

statistical [sto'tistikal] adj. K, GeitEr

stochastic [stau'keestik] adj. SERSINER]

successive [sek'sesiv] adj. ELLIY

toss [tos] V. n. B, W

underlie [Anda'lai] v. {IVAS RESSREE R R e B A

by means of A

consist of EERREEEE K

give rise to gk, Ak

in contrast with Flleeeees TEROT LG DX 1 ]

in terms of FRYE, 42, Fleeeeo- 105, AEeeeer J7 1

Bernoulli distribution B 53 A1

Binomial distribution IR AT

Normal distribution IEA AT

Poisson distribution THFA 3 A

probability density function MEZ % B R 2L Cabbr. pdf)

Uniform distribution B8y oA

Notes

[1] This concept of probability is of an objective quantity that applies to each observation and
measures (in a relative way) how likely it is to fall into the corresponding class. “be of ...” X
SR R FOR N B R A, SR H AT

WA XA SO Z AR, &N RO, I RA—Ffor ot i1 77 088 H L 45 R IF I A
I3 ) AT BEAE o
[2] It seems that one is forced into a subjective view of the uncertainties, but the probability figures
that emerge must obey certain rules in order to be consistent. “that emerge” T EMNA], &
M5EAT A figures (B0

By NI IXFAEIERAAN T B ORI, (R ™ A2 R 28 00 001 H
HEI LR FF— S0k
[3] For engineering students it is most appropriate to keep the first interpretation — that of
probability as an idealized proportion — in mind when studying the theory. “that of ...” %78
Vi8] interpretation, that B[J45 interpretation, ‘&{/1# keep ... in mind 43 .

YT ERMEAE, 2 BRI N, R AL BEAR B A

[4] This may seem a hopeless requirement, considering that computer programs are sequences of
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deterministic instructions running on deterministic hardware. ~ “considering that ...” 5|3 J& KPR
[EYNCIR

TR AUR Y A AR B AT R E 94, XA A2 K.
[5] The successive variables { U,,U,, } appear to be uncorrelated, and, although there is some
structure in the sequence (and indeed the sequence will eventually repeat itself), it is rare for these
deficiencies to cause problems in practice.  “the successive variables” J&47 /55 H48 5, SR
AME, M0 “the sequence” W245{ U,,U,, - } XA, sk,

Feol{ U, U, VIR E A, AL P AR 5 K P 91 B & 1A
SHED, XIS SEZBR N H] .

Grammar
b FETE ]V B 14 B

b i 5 T e AR RV T TR IR AR ORI 25 e, VF 2 B il e B R LSRR
b TE R SCORARAREE,  [F—ANAAEAN [ B ) SN A ] . — Mk, Bk deiB a3
HH =30 2 B bl 2L iy A dE L by (el i) ). LMk (technical words)
FEIRAE I —22R =L L ARE, A —FRr k& S, R 54k, U histogram
(EHJ7ED, probability (M%), oscillator (FeF#s) %5 o FLkidl (semi-technical words)
SEFRES FRHH IR AR (R3], AEAN [ 0 B AT A AN R PR % L, 0 carrier 7 HLA
R R, BOR T, AENURAUEER R ALY, e RoR CBUE, TRIRR)”, AEBE
RN O 2. dEEMLIENT (non-technical words) SEFRTEAE L IEE IR D],
FN 7R e 1A Tl B SR, 4 application, implementation, to yield &5, IX&4iE] 40 $5
IR ARk R E AR A DhRei, Wi A, 1.

TNV SETEAR AR R — 88 AF S s . T AEE R A JRAE. S5, i, Bt
2 gIE R W TE Sl Y S22

1. JRZAEH (Derivation)

YRAEIAE I A S A7 ] R AR PR Bt DA S s (R & Sm A4 BBnial, Airge o LAB A
AR, AR BN R 2.1~ 2.4 205 H T S IEAE L R RS R .

#21 ERER

1] % = X 1] 151
a- R, X asymmetry, asynchronous
anti- KA, Bk anti-clockwise
co- L, AR cooperation, correlation
dis- N, disadvantage, discover
en-, em- fifi enable, enlarge, embed, embody
im-, il-, in-, -ir B imbalance, illegible, incorrect, irregular
inter- fEeeeeee 26, MH interchange, interface, internet, interact
mis- N, K miscount, mistake
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1] % = X il 1
multi-, poly- EZ multipurpose, polynomial
non- E[S nonlinear, nondestructive
post- 5 postgraduate, posterior
pre- ik preset, preface
re- W, &, EH reaction, readjust, reverse
sub- EF, KT subroutine, subscript
super- L, & superconductor, superposition
sym-, syn- AR symmetry, synchronous
tele- b= telephone, telegraph
trans- %, % transmitter, transverse, transform
ultra- Ak, M, ultrasonic, ultraviolet ray
un- AN unable, unavoidable, unstable
22 RTHEXRZNERAR
G X 5 i) 451 G r=9'8 i) 451
pico- 107" p picofarad semi-, hemi- 2p Semiconductor, hemisphere
nano- 107° n nanometer uni-, mon- — monotone, uniform
micro- 107 n microhenry bi-, di-, ambi-, twi- bilateral, diode, ambiguous, twilight
milli- 107 m millisecond tri- = triangle, tripod
kilo- 10° k kilogram quadr- g quadruple
mega- 10° M megahertz oct- J\ octagon
giga- 10° G gigabytes deca- + decade
#23 EBERR%
fEM w8 X W
Taniee, -aney, =¥, LRt PR RS FEIESS | inference, resistance, efficiency, accuracy
-ence, -ency
-er,or KRNI amplifier, conductor, researcher
" -ic(s) (B, 2EAR logic, electronics
- -Tion, -sion S A R G T AR AT 5 distr.ibution, con.clusion
- -ing A readings, recordings
2 -ist TR N scientist, specialist
-Gty RN FRESE probability, uncertainty
-ment FoEE. IRESE measurement, development
-ture RO RS mixture, temperature
-ness JE2 ] — 40 Ja 2% hardness, robustness
-able KN etk differentiable, countable, controllable
-(c)al, -ic(al) FoRPER, e i) statistical, atomic, typical
hia -ant, -ent KR M convergent, important, independent
7 -ar(y) Heeeen HKIM circular, secondary
il -ed [heeeees ), Hlieeeees ] reduced, treated, refined, developed
1] -ive LoRtER . IRAESE objective, relative, effective
& -ful e eee ft) plentiful, useful
-less B, T 3] useless, countless
-ous ESRIIRR P numerous, various
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1EH 1] % = X i) 15
o -en AFAR oo harden, broaden
)i —
. -ize, -ise {ER Sy, eeeee 1t modernize, stabilize
) -
-fy (U2 SPEIEE & classify, verify
2l -ly Mo, Aeeeeee (—0 Hh closely, likely, imperfectly, monthly
,%I H] —
. -ward(s) FIRT7 ) backwards, upward(s)
iR ——
-wise KA W clockwise, likewise
#24 ERAR
il R = X 1) il
audi- W, Wr audibility, audiphone
auto- Hzh, A automation, autopilot
-free W rustfree
-fold % multifold
-gram, -graph Ry, 5, X¥, KBS spectrogram, telegram, spectrograph
-graphy B photography
-meter ek, tachometer
-ology ¥ (Bb biology, geology
-phone T microphone, telephone
-proof [geeeees waterproof
-scope A telescope
-tight ®, NE airtight

2. 6% (Composition)

BAEE SR A BN AN BB )il I e B ARSI, DA OB ]« 224008 G i) w] i it
LA B A5 ] & . 54, trial and error (J ZiRH), Q-factor (fiJii[KlF), allowable error
(RVFRZE) 5. IbAh, HRH BUT ByA 8 Xk 2 4530«

® LA, ﬁ[l breakthrough (Z&f{) , overestimate (/if%) , bandwidth (77 %5) %5,

® JIETFT4 T, U general-purpose (ZFFHIIEIN) |, state-of-the-art (& FHFrHARK
KE)D A

3. ¥4k¥E (Conversion)

%?ﬁ%?ﬁﬁﬂﬁﬂﬂ‘ﬁ%ﬁ% WP s B S REAE%Y)BER, W function, sound,
o AHEeTIEA S K AEEAR, U0 use, record A

ground %51

v
&,

4. Bt (Blending)

PEEE DL PN BN LR R R kA, 2eid ey R ay# (B o —ANgtia]),
AR, EE GRS, W transistor (GRAARE) =transfer + resistor, modem i
A 2S) M modulator A1 demodulator HF45% 1M ik -

; O Fs, W increase, research, subject
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5. 48R&¥% (Shorting)

AR LA B LA B3] (1) 8 A BELR S TR i & Bk o — A8l . k2 T a4
i, FFd4Z, W radar (RAdio Detection And Ranging, #7iA), GPS (Global Positioning System,
BEREN RG) 5F.

B LT R LGS SRR BT H S (R e, AT 8 1) bl 3. K 2 40
H2 FH LA b LRI S8 R TR ERG J, FE AR T BEATAI, a8 IR AR, — D7 Tl 2 mnd i2 30,
PR, 59—y T A LA ) 1 FH A ] SR o A ], TR R R ) SRS L, TR

B BB AG o

Exercises

1. Choose the best answer for each of the following questions.

(1) The theoretical foundation for the subject of statistics is contained in
a. histogram
b. the concept of probability
c. the theory of probability
d. decision-making and expert system
(2) For engineering students it is most appropriate to keep the first interpretation — that of
probability as an idealized proportion — in mind when studying the theory. What does “that” mean
in the sentence?
a. theory
b. concept
c. interpretation
d. study
(3) Find which is not an example of random variables
a. the number of students attending class
b. the number of bits used to denote ASCII codes
c. the lifetime of a battery
d. the waiting time at the crossroad
(4) In general, the behavior of a continuous random variable is described by a
a. distribution function
b. probability function
c. probability distribution
d. probability density function
(5) Random variables with different distributions can be generated
a. by Monte Carlo numerical methods
b. from an Gaussian distributed random sequence
c. from uniformly distributed pseudo-random sequence

d. based on the central limit theorem
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2. Find the word pairs, one from column A and one from column B.

Column A Column B
(1) random a. space

(2) expert b. frequency
(3) probability c. simulation
(4) density d. deviation
(5) computer e. function
(6) sample f. variable
(7) statistical g. distribution
(8) impossible h. event

(9) standard i. system
(10) relative j. inference

3. Translate the following sentences into Chinese.

(1) A lot of information is required to specify the exact distribution of a random variable, and
even more to specify the joint distribution of two or more variables.

(2) The binomial and Poisson are discrete distributions, which have the widest applications
among all discrete random variables. The probability distribution is especially useful to engineers
because of its importance in statistical quality control.

(3) For any random variable the difference between the values of the distribution function at
two points is the probability that a value of the random variable will lie between those two points (or
is equal to the upper one).

(4) In general, the probability p of a random event can be interpreted as meaning that if the
experiment is repeated a large number of times, the event would be observed about 100p percent of
the time.

(5) In statistics it is customary to refer to any process of observation as an experiment.

(6) If an event definitely cannot occur upon realization of the set of conditions it is called

impossible.

4. Complete the sentences. You may have to change some words slightly.

(1) is the study and use of electrical devices that operate by controlling the flow
of  orother  charged particle in devices such as vacuum tube and semiconductors.
a. electron b. electronic c. electronics d. electronically
(2) One of the best known computer _ which are very widely used in research, design and
training is the flight  upon which pilots receive much of their training.
a. simulation b. simulator c. simulating d. simulate
(3) Signalsaresentto  to
a. amplification  b. amplifier c. amplifying d. amplify
Y]

(a) It follows that we can use the one table for the standard normal for all calculations
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involving normal

(b) However, a great many applications of probability theory concern quantitative  rather
than qualitative events.

(c) There are two approaches to measuring the  of random variables around their central
values. The most important such measure is the | a weighted sum of sequential differences

between the possible values and the mean.
(d) Frequency response will be flat and bandwidth infinite because AC will be simply a rapidly
_______DC level to the ideal amplifier.
a.various  b.variable c.variate d.variance e. variation f. varying

Reading Material
The Central Limit Theorem

1. The Normal Distribution

One class of distributions is awarded the name ‘normal’ because of the regularity with which
random continuous data are found to obey it. This is no coincidence. The central limit theorem
provides an explanation in terms of cumulative independent random parts adding up to a normal
whole, a situation that will be of great value in statistical inference. The normal distribution also
serves as an approximation to the binomial distribution that complements the Poisson approximation.

The normal distribution has two parameters, which can be shown to be the mean and standard
deviation, so the appropriate symbols z, and o, are used.

A continuous random variable X has a normal distribution with mean z_and variance o if

2
fX(x):;exp _l(x—,uxj (-0 <x<+mw,0,>0)
o

o, 2n 2

This density function is symmetrical about s, and has the bell-shaped form shown in Figure 1.

X

This distribution is also sometimes referred to by its more traditional name: the Gaussian distribution.

Figure 1 The normal density and distribution (for ., =0 and o, =1)

The need to declare that a random variable has a normal distribution (with a specified mean and

variance) is so common that a special notation exists for the purpose:
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X ~N(u,.07)

Calculations involving the normal distribution are complicated by the fact that there is no
simple expression for the integral of the density function on an arbitrary interval; in other words, the
distribution function Fx(x) does not have a simple explicit form. Instead, tables of this function are
used. In fact, only a single table is needed: that for the special case of a normal distribution with a
mean of zero and a variance of one.

The standard normal cumulative distribution function is

1 Z 2/
$(z)=——| e dx
,(ZTE) .[oo
This function is usually tabulated only for z>0; for z<0 the symmetry implies that

P(=2)=1-9(2)

A typical table of the standard normal function ¢(z) is usually available. The variance is not

changed by this subtraction, but then dividing by the standard deviation gives a variable with a

X -
Var[—'u"j =1
o

X

variance of one:

It is a property of the normal distribution, not shared by most distributions, that the result of this
operation is still normal. It is usual to denote the new random variable by the letter Z:
X—pu,

O-X

7 =

This is then a standard normal random variable. Conversely, any normal random variable can be
considered to have been obtained from a standard normal random variable by multiplying by the
required standard deviation and adding the mean:

X=0cZ+u,
It follows that we can use the one table for the standard normal for all calculations involving

normal variates.

2. The Central Limit Theorem

The practical methods of statistical inference have foundations in probability theory, and the
fundamental assumption underlying many of these methods is that the data have a distribution that is
normal. Some statistical methods are robust in the sense that they work reliably even under moderate
violations of their assumptions, but it is unsatisfactory to rely heavily upon this. If normality of the
data were exceptional then this would severely limit the scope of those methods that assume it.
Fortunately (and as the name implies), the normal distribution arises very frequently in practice; the
reason for this will be explained in this section.

Continuous measurements of random phenomena such as noise in electronic circuits or wave
elevation on the sea surface give rise to graphs of the form shown in Figure 2. If the signal is
sampled at regular intervals and a histogram of values built up, it is often found that the histogram
closely approximates to a normal density curve. Physically, there are many separate independent
random components adding up to produce the measured signal, and it is the total that is normal.
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There are many sources of noise in an electronic circuit and there are many separate waves on the
sea. That the cumulative effect of these, which are often not individually normal, is to produce a total
that has that special character is the substance of the following result.

3_

N /\MM.A nm/\N\/\/\Mf\/\N\
N g

Figure 2 Continuous signal with normal distribution

Theorem 1 (Central limit theorem): If{.X { s X }are independent and identically distributed

random variables (the distribution being arbitrary), each with mean 2. and variance &, and if

X +-+X X ++X —
VVn: 1 n and Z _ 1 n nlux

n " Ux\/;

then as n— oo, the distributions of W, and Z, tend to W, ~N(,ux,ax2/n) and Z,~N(0,1)

respectively. Or, loosely speaking, the sum of independent identically distributed random variables
tends to a normal distribution.

The following points should be noted:

® The standard normal is obtained by subtracting the mean of the total and dividing by the
standard deviation.

® The distributions converge to the normal in the sense that the cumulative distribution
functions converge. This ensures that all observational properties of Z, will be standard normal for
sufficiently large n.

® How large » has to be before the normal approximation is good depends upon the underlying
population. If the distribution of the variables X, is symmetric about the mean then convergence to
the normal is rapid. Figure 3(a) shows the distributions of the uniform random variable X with
density function

fx(x)%\g (-3<x<B)

(which has mean zero and variance one), together with those for Z, and Z,. The normal

distribution is also shown. Figure 3(b) shows similar results for the exponential random variable X
with density function

fr(x)=e " (x=-1)
(which has mean zero and variance one), together with Z; and Z,,. Convergence is clearly more

rapid for the symmetric distribution.
® The theorem can be generalized so that the random variables X; do not need to be identically
distributed, which is usually not the case in physical situations.
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(a)

| _— Z exponential

Standard
normal

Figure 3  Central limit theorem

(a) uniform; (b) exponential

® Even where the data in an experiment are not normally distributed, the central limit theorem

implies that the sample average has a normal distribution for large samples. Much valuable statistics

exploits this fact.

New Words

approximation

arbitrary

cumulative

mean

parameter

population

robust

symmetrical

tabulate

variance

variate

independent identically distributed
standard deviation

standard normal distribution

statistical inference

Questions

VT ALME
(a =il
E ALY
B
ZH
PSEAN
FOEM C-ness, &#ME, FEME)
KRR, Y591 (4476 symmetry)

heee e A, B
ik

AR

BT [E A Cabbr. id.d.)
FrUE i 2=

PRUEIEZS I3 AT (M 0, 520 1D
et

1. Define the standard normal random variable in your own words.

2. Why is it difficult to calculate the cumulative distribution function Fix(x) if x has a normal

distribution?

3. What is the use of the central limit theorem in practice?
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Unit 3
Text
Circuit Analysis Using the Ideal Operational Amplifier

3.1 Ideal Operational Amplifier

In order to introduce operational amplifier circuitry, we will use an ideal model of the
operational amplifier to simplify the mathematics involved in deriving gain expressions, etc., for the
circuits presented. With this understanding as a basis, it will be convenient to describe the properties
of the real devices themselves in later sections, and finally to investigate circuits utilizing
practical operational amplifiers. To begin the presentation of operational amplifier circuitry, then, it
is necessary first of all to define the properties of a mythical “perfect” operational amplifier. The

model of an ideal operational amplifier is shown in Figure 3.1.

O O O
+ .
SN U Zze
i Zm“:O
A =00
E =Owhen E=0

Figure 3.1 Equivalent circuit of the ideal operational amplifier
Defining the Ideal Operational Amplifier

® Gain: The primary function of an amplifier is to amplify, so the more gain the better. It
can always be reduced with external circuitry, so we assume gain to be infinite.

® Input Impedance: Input impedance is assumed to be infinite. This is so the driving
source won’t be affected by power being drawn by the ideal operational amplifier.

® Output Impedance: The output impedance of the ideal operational amplifier is assumed to
be zero. It then can supply as much current as necessary to the load being driven.

® Response Time: The output must occur at the same time as the inverting input so
the response time is assumed to be zero. Phase shift will be 180°. Frequency response will be flat and
bandwidth infinite because AC will be simply a rapidly varying DC level to the ideal amplifier'").

® Offset: The amplifier output will be zero when a zero signal appears between the
inverting and non-inverting inputs.

® A Summing Point Restraint: An important by-product of these properties of the ideal
operational amplifier is that the summing point, the inverting input, will conduct no current to the
amplifier'™. This property is to become an important tool for circuit analysis and design, for it gives
us an inherent restraint on our circuit— a place to begin analysis. Later on, it will also be shown that

both the inverting and non-inverting inputs must remain at the same voltage, giving us a second
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powerful tool for analysis as we progress into the circuits of the next section.

A description of the ideal operational amplifier model was presented in the last section, and
the introduction of complete circuits may now begin. Though the ideal model may seem a bit
remote from reality—with infinite gain, bandwidth, etc., it should be realized that the closed loop
gain relations which will be derived in this section are directly applicable to real circuits— to

within a few tenths of a percent in most cases®™. We will show this later with a convincing example.

3.2 The Desirability of Feedback

Consider the open loop amplifier used in the circuit of Figure 3.2. Note that no current flows
from the source into the inverting input— the summing point restraint derived in the previous
section — hence, there is no voltage drop across R; and E_ appears across the amplifier input.

When E_ iszero, the output is zero. If E, takes on any non-zero value, the output voltage

increases to saturation, and the amplifier acts as a switch.
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Figure 3.2 Open loop operation

The open loop amplifier is not practical —once an op amp is pushed to saturation, its behavior
is unpredictable. Recovery time from saturation is not specified for op amps (except voltage limiting
types). It may not recover at all; the output may latch up. The output structure of some op amps,
particularly rail-to-rail models, may draw a lot of current as the output stage attempts to drive to one
or the other rail.

3.3 Two Important Feedback Circuits

Figure 3.3 shows the connections and the gain equations for two basic feedback circuits.
The application of negative feedback around the ideal operational amplifier results in
another important summing point restraint: The voltage appearing between the inverting and

noninverting inputs approaches zero when the feedback loop is closed.
R, R

°—+E —1 —
5 _ : :‘_

K R Rn J[:u !‘:I T e
[l] 1 E,
’ R ) ’ E, R S
—(14+=0 Zo_"
EO (] RI )EI EI RI
( a) Non-inverting ( b) inverting

Figure 3.3 Basic amplifier circuits
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Consider either of the two circuits shown in Figure 3.3. If a small voltage, measured at
the inverting input with respect to the non-inverting input, is assumed to exist, the amplifier
output voltage will be of opposite polarity and can always increase in value (with infinite
output available) until the voltage between the inputs becomes infinitesimally small™. When the
amplifier output is fed back to the inverting input, the output voltage will always take on the value
required to drive the signal between the inputs toward zero.

The two summing point restraints are so important that they are repeated:

® No current flows into either input terminal of the ideal operational amplifier.

® When negative feedback is applied around the ideal operational amplifier, the
differential input voltage approaches zero.

These two statements will be used repeatedly in the analysis of the feedback circuits to

be presented in the rest of this section.

3.4 Voltage Follower

The circuit in Figure 3.4 demonstrates how the addition of a simple feedback loop to the
open loop amplifier converts it from a device of no usefulness to one with many practical
applications. Analyzing this circuit, we see that the voltage at the non-inverting input is £, the

voltage at the inverting input approaches the voltage at the non-inverting input, and the output is at
the same voltage as the inverting input. Hence, E, =E;, and our analysis is complete. The
simplicity of our analysis is evidence of the power and utility of the summing point restraints we
derived and have at our disposal.

Our result also may be verified by mathematical analysis very simply. Since no current flows
atthe non-inverting input, the input impedance of the voltage follower is infinite. The
output impedance is just that of the ideal operational amplifier itself, i.e. zero. Note also that no
current flows through the feedback loop, so any arbitrary (but finite) resistance may be placed in
the feedback loop without changing the properties of the ideal circuit, shown in Figure 3.5. No
voltage would appear across the feedback element and the same mathematical analysis would hold.

EE, E=F,
Figure 3.4 Voltage follower Figure 3.5 Feedback resistor added to the voltage follower

The feedback resistor is of particular importance if the op amp selected is a current-
feedback type. The stability of current-feedback op amps is dependent entirely on the value of
feedback resistor selected, and the designer should use the value recommended on the data sheet for
the device. Unity gain circuits are used as electrical buffers to isolate circuits or devices from one
another and prevent undesired interaction. As a voltage following power amplifier, this circuit will
allow a source with low current capabilities to drive a heavy load.

The gain of the voltage follower with the feedback loop closed (closed loop gain) is unity.
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The gain of the ideal operational amplifier without a feedback loop (open loop gain) is infinity.
Thus, we have traded gain for control by adding feedback. Such a severe sacrifice of gain—
from infinity to unity —is not necessary in most circuits. The rest of the ideal circuits to be studied

will give any (finite) closed loop gain desired while maintaining control through feedback.

3.5 Non-inverting Amplifier

The circuit in Figure 3.3(a) was chosen for analysis next because of its relation to the
voltage follower. It is re-drawn as in Figure 3.6,
which makes it evident that the voltage follower is

simply a special case of the non-inverting amplifier.

Since no current flows into the inverting input,
R, and R, form a simple voltage divider. The

same voltage must appear at the inverting and

Figure 3.6 Non-inverting amplifier re-drawn to non-inverting inputs, so that

show similarity to the voltage follower E = EJr = E]
From the voltage division formula:
_ R
1~ 5 *~o
R +R,

E R +R R

Zo _1 "0 _1420

E, Ry R

The input impedance of the non-inverting amplifier circuit is infinite since no current flows

into the inverting input. Output impedance is zero since output voltage is ideally independent

. R . .
of output current. Closed loop gain is 1+?0, hence can be any desired value above unity. Such
1

circuits are widely used in control and instrumentation where non-inverting gain is required.

3.6 Inverting Amplifier

The inverting amplifier appears in Figure 3.3(b). This circuit and its many variations form the
bulk of commonly used operational amplifier circuitry. Single ended input and output versions were
first used, and they became the basis of analog computation. Today’s modern differential
input amplifier is used as an inverting amplifier by grounding the non-inverting input and applying
the input signal to the inverting input terminal.

Since the amplifier draws no input current and the input voltage approaches zero when the
feedback loop is closed (the two summing point restraints), we may write:

% + i—z =0

Hence
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Input impedance to this circuit is not infinite as in the two previous circuits, the inverting input
isat ground potential so the driving source effectively “sees” R, as the input impedance.

Ry

Output impedance is zero as in the two previous circuits. Closed loop gain of this circuit is ——=.

3.7 Intuitive Analysis Techniques

I

The popularity of the inverting amplifier has been mentioned already. In control

and instrumentation applications, its practical value lies in the ease with which desired

input impedance and gain values can be tailored to
fit the requirements of the associated circuitry[sl.
Its utility is reflected in the variety of intuitive
devices that are commonly used to simplify
its analysis.

If we draw the summing point, the inverting
input and output of the inverting amplifier as in
Figure 3.7, the dotted line serves as a reminder that
the inverting input is at ground potential
but conducts no current to ground. The output can
supply any
quickly becomes rote. Another such device uses the

needed current, and analysis

RI Ro
o 1! * 1| o
—_— 1 —_—
E 1 i : i Eo
1
o j_ o}

Figure 3.7 Intuitive devices for analysis of

circuits based on the inverting amplifier

action of a lever to show as vectors the voltage relations that exist using the inverting input as the

fulcrum.
Words & Expressions
buffer ['bafa] n. Geih A
by-product  [baiprodakt] R, RO &Y
circuitry ['sa:kitri] n. MRk, ZE%
formula ['fo:mjula] n. A K
fulcrum ['falkrem] n. FLAT B SR
ground [graund] v. e n $h, Hhek
impedance  [im'pi:dens] n. FHHT
infinitesimal [infina'tesimal]  adv. g3, AN, TERRZIN
inherent [in'hisrent] adj. WAR, WK, HAEEKR
intuitive [in'tju(:)itiv] adj. HA
investigate  [in'vestigeit] v WA, W
latch [leet]] v BB (. BAFEE
lever ['lizve, leva] n. M, KL
mythical ['miBikal] adj. PSR, RER
offset ['0:fset] n. s, HLH
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etk

polarity [pau'leeriti] n.
potential [pa'ten[al] n. e, B
restraint [ris'treint] no AR GG
rote [rout] no FEICHETS, PUBRRIMGE, AhEE
saturation  [seet[a'reifan] n. MR CIRZED, MM
stability [sta'biliti] n.  FEME
unity ['jurniti] n. %—, —E
variation [veari'eifan] n. RH, B, AR, AR
closed loop gain PHER 38 25
differential input amplifier FEGY TR A
inverting input IS AH T i
ideal operation amplifier PAIZ X (abbr. ideal op amp)
phase shift A
voltage follower SRR R B
Notes

[1] Frequency response will be flat and bandwidth infinite because AC will be simply a rapidly
varying DC level to the ideal amplifier. bandwidth 5441 will be

X HARBORAR M 5, AU S P AR EE, B AL i Wt — 25 7K HLEL
98 JCRR o
[2] An important by-product of these properties of the ideal operational amplifier is that the
summing point, the inverting input, will conduct no current to the amplifier.  the inverting input
& the summing point [¥J[FEA715, LRI, BRI a] LA I .

1 AR TR RS PR T DA — MR S 4508, RITSORAS I SR A i oG F i
[3] Though the ideal model may seem a bit remote from reality — with infinite gain, bandwidth,
etc., it should be realized that the closed loop gain relations which will be derived in this section are
directly applicable to real circuits — to within a few tenths of a percent in most cases. with &f
Rt NI IR 318 the ideal model T LAKM 7R UEH, a few tenth of Kor “ 432 JL” IR,

SR BIARRSERY b5 S e R AR 25 LI, L, BRARE SR G IR SE RGO AR, R
TEUTE R, AT ] BAT S TROHE 5 A PP 2 2 5 CmT B N T TS bn i i, 2 HUH 00
HMEDCT 732 )L
[4] If a small voltage, measured at the inverting input with respect to the non-inverting input, is
assumed to exist, the amplifier output voltage will be of opposite polarity and can always increase in
value (with infinite output available) until the voltage between the inputs becomes infinitesimally
small.  AJ9[¥) opposite AN T MAJH ) F- 15 a small voltage 1M 5 -

ABCRAE S AR A A\ S D0 1555 [ A A N s 2 ) A7) M DTSR 2% i P T 5 i A HE
F AR PEAT S HILE B2 — HIE K (ATLGETE5T ), HAERA RIS LT N ik,

[5] In control and instrumentation applications, its practical value lies in the ease with which desired
input impedance and gain values can be tailored to fit the requirements of the associated circuitry.  lie in
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FoRJEIA, the ease with which... ] which #5818 ease, with ease 2544 T easily.
TEFE B S AR N Y, SO TBOR 8 I S A ELAE T, R & mT AR5 B i 4 e 75 1)
o N PH RN 2R DA A OC HL B ) 2K

Grammar
G UOE D

FHE IR 2 H A K EAGA L. Boal RonHY B s 5 SO0 ™ %, PR K
FHVEIN AR B 2248 T R 5 DI ™ H R e ol T il by DUBAEROR RIE Rl B0, 0 Hin]
BRI RIS ER A7l o

1. HFHIRT

BHOCE s, Her s, B h Ay BT Spaa] Rk S A H I R S T I 25
2R BRI : AR 2 7n AN 8 B BT M 0 AN BT AR 0y, — T 9 i ],
R EES A I BT RAA E s PREOE TN, 235l Bl AN BT hr AR e 2o, S5 ER R
ARG BN, AT IE AT S R R, SRS, 2REIR .

[#8] 1] Phase shift is 180° .
Chav iy HL s S AN RIS DD A O 180°
[#5 2] The gain of the voltage follower with the feedback loop closed (closed loop gain) is unity.

P R B % O PRI PR 250 1
2. PR FEHERR (WE3D

@O K%, LA, % H about/some/approximately/of the order of/more or less/ or so Z51i;

® %£T, HH over, above, more than, in excess of Z5ii;

® /bF, HH less than, under, below, close to Z5ii;

@ VIEHIEAFIR, W tens/dozens/scores/hundreds/thousands of, thousands upon thousands of %,

F 31 FRERTUERIAFIFAA

(AT AT £ 44 1] BT B AN ] K 44 1]
few LA little
- some (—4)
not many (A"%) not much
alot of
afew (DHJLS a little
plenty of
a great many (R %) a great deal
(" small A i)
moderate Rl
certain number of — e[ i percentage
certain
negligible T30 RN EA! proportion
a < > a moderate of
large amount of EZ part
¥ large
great CARTTHO EZ | quantity
considerable R%E
\ substantial ) (&4
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[#51 3] The result indicated that actual error probabilities were of the order of 1 percent.
SRR IBRIRZEM AR LN 1%,
[#5 4] The microwave communication channel has a very large bandwidth and will accommodate
thousands of telephone conversations or dozens of television channels at once.
T I A5 AT B AR 5, AR g LT A A i i sl LA AE TE
3. AMEE
[f31 5] Economies associated with computer-on-a-chip have resulted in the availability of micro-

computer systems with the functionality and performance of minicomputer systems costing two
orders of magnitude more only a decade ago.

B T BRI ACRE,  H BTHL AR ST A RO D e S PERE AT LABRSE 10 4EATHI/NYHL, Tt
REERBE T A B L
[#51 6] The resistance of a given section of an electric circuit is equal to the ratio of its voltage to the

current through this section of the circuit.
P 06 8 2 8 P BEL 5T 9 i ) P L 5 T 8 rL B R FL U PR B

[f51 7] 1t is found that the heat energy developed in any conductor is proportional to (is in proportion to)

the square of the current, the resistance of the conductor and the time.

MNATEIL, S B AR HEE S A5 A R BELAE AT I T B E LE
4. EHHERE

U IRAE DUTE 5 S TE h RIRA BOR M 2257, AEDGE TP a] LU 80 £ iz
U BESE 2R, IS B A MG IR S 00 o AR S A AT rh - P DA 24 A2

n times as + ﬁé»’%\?iﬂ / @l + as Heeee () n 4%, BT (=%, Lo *
@ ntimes + #1AEk that... (B, K2 (-1)fg
ntimes + S + than Feevensff] 1/n, Hoeeee/No=1)n

[f51 8] The power density from a transmitter measured 1m from an isotropic antenna is four times as

large as the power density measured 2m from the same antenna.
E RS 10 [ IR 1 oK 1R S 2 0 P D 24 Rt 2 0 2 OKaze ) F) D) R85 T2 ) 4
@ 1EHHEIRA R+ 1 times / to ntimes / n-fold / by a factor of n, V&K “IEE n £, BN
T n=11%, WbB 1n, Sd T m-1)/n"
[#51 9] The production of ICs has been increased to three times as compared with last year.
A p i R 1) 7 B L AR R N T A A
[#51 10] The switching time of the new-type transistor is shortened 3 times.
B S T RIS TR 4 4 T 2/3 (R4 38 J5ok 1 173D

[ 11] An algorithm is given that reduces the number of multiplications by almost a factor of two

but increases the number of additions.

gy R R, SRR T T I B

(® alan ntimes / n-fold + F/RMEPEHI44 R, NIFER: BINT n— 145 (MR n %), s
DF] Un, P T (n-1)/n
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[#51 12] The principal advantage of the new type mobile is a four-fold reduction in power dissipation.
FTHLE) EEA R DIFERAR T 3/4.

@ HIn—F5 PIfE =£553 5 double (Sgke=+++ IS ), treble (fgeee--- 1 =£%), quadruple
(Sfoeeeee 14 £%5) Fox, FAE LA ntimes / n-fold. 91> H break/cut/split in half/into halves,

decrease one-half, shorten ... two times 2537~ .
[#51 13] Reducing the data rate by one-half will double the duration of each symbol interval.

KA, R AR 1) [ (R EL I T 39— 1%

Exercises

1. Choose the best answer for each of the following questions.

(1) An ideal operational amplifier has
a. infinite gain, infinite bandwidth, infinite input impedance, zero output impedance
b. infinite gain, infinite bandwidth, zero input impedance, infinite output impedance
c. infinite gain, zero bandwidth, infinite input impedance, infinite output impedance
d. zero gain, infinite bandwidth, infinite input impedance, infinite output impedance
(2) One of the summing constraints is
a. the inverting input conducts no current to the amplifier
b. no current flows into either input terminal of the ideal op amp
c. the inverting input is connected to the noninverting input
d. the voltage between the two input terminals is non-zero
(3) For an inverting amplifier,
a. the output voltage is out of phase with the input voltage by 180°
b. the phase difference between the input and output voltage is 90°
c. the source signal is applied to the non-inverting input terminal
d. there exits a positive feedback between the output and the input terminal
(4) Which is not true about the voltage follower?
a. It is of no use because the output voltage is the same as that of the input
b. It is a special case of the noninverting amplifier
c. It can be used to isolate circuits and prevent undesired interaction
d. It may allow sources with low current capability to drive a heavy load
(5) For a voltage follower,
a. the input impedance is very small
b. the output impedance is large
c. it has unity gain
d. there is current flowing through the feedback element

2. Match each term in column A with its explanation in Column B.

Column A Column B
(1) Output Peak Current a. the ratio between the input and output signals
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(2) Output Voltage Swing b. the minimum value of the small-signal gain
bandwidth product (in Hz) of a voltage
amplifier at specified frequency and at
reference conditions

(3) Open-Loop Gain (4y) c. the maximum dissipation that the amplifier can
safely support

(4) Supply Voltage Range d. the maximum rate of change of the output
signal in response to a step input

(5) Power Dissipation e. the maximum current that can be delivered in
the output of the amplifier

(6) Gain Bandwidth Product f. the total impedance as seen from the input
terminals

(7) Common Mode Rejection Ratio  g. the maximum (positive and negative) output
voltage

(8) Slew Rate h. a measure of the ability of the amplifier to

produce zero output voltage when the two
inputs have the same voltage

(9) Input Impedance i. the range of voltages that can be applied to an
amplifier
(10) Quiescent Current j- the DC current required by the inputs of the

amplifier to properly drive the first stage

(11) Input Offset Voltage (Vos) k. the current produced by the amplifier when in
normal operation

(12) Input Bias Current (/pias) 1. a small DC output voltage when 0V is applied
to the input

3. Translate into Chinese.

(1) Operational amplifiers can have either a closed-loop operation or an open-loop operation.

The operation (closed-loop or open-loop) is determined by whether or not feedback is used.

(2) In A, = %, A, is called the close loop gain of the op amp circuit, whereas 4, is

the open loop gain. The product A, F is called the loop gain. This is the gain a signal would see
starting at the inverting input and traveling in a clockwise loop through the op amp and the feedback
network.

(3) Although it is useful and easy to treat the op amp as a black box with a perfect input/output
characteristic, it is important to understand the inner workings, so that one can deal with problems
that will arise due to internal parasitic capacitances, etc.

(4)When feedback is used around an operational amplifier, the closed loop gain of the circuit is
determined by a ratio involving the input and feedback impedances used.

(5) In the case of the ideal operational amplifier, circuit analysis was simplified by the ideal
summing point restraints of zero voltage and zero current at the inverting input.

(6) The operational amplifier is an extremely efficient and versatile device. Its applications
span the broad electronic industry filling requirements for signal conditioning, special transfer
functions, analog instrumentation, analog computation, and special systems design.
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4. Read the following article, pay attention to the expressions in italics.

CITING strong communications and consumer chip demand, Taiwan Semiconductor
Manufacturing Co (TSMC) reported record sales and a six-fold increase in net profit for the fourth
quarter of last year. It also said it plans to increase capital expenditure more than 60 percent this year
to US$2 billion — indicating that an industry recovery is well under way.

The world’s largest made-to-order semiconductor manufacturer, or foundry, recorded a fourth
quarter net profit of NT$16.02 billion (US$815.3 million) — a 526.9 percent increase year on year.
Revenue was NT$57.78 billion, up 5.3 percent from the third quarter and 40.4 percent from a year
earlier.

TSMC closed 2003 with sales of NT$201.9 billion, an increase of 25.6 percent from 2002, and
income of NT$47.266 billion, an increase of 118.7 percent from the previous year.

Growth was driven largely by communications products, said TSMC chairman Morris Chang.
Communication chip sales grew from about 35 percent of total sales in the fourth quarter of 2002 to
42 percent of total sales by the fourth quarter of last year.

According to Tony Massimini, chief of technology research at US based Semico Research Corp:

“The recovery will be driven by consumer and communications markets.” Cellular phone handset
sales are forecast to grow about 10 percent to more than half a billion units this year, and the chip
content in many consumer products is doubling or tripling due to increased functions.

The foundry industry as a whole will grow as much as 43 percent this year, according to some
forecasts. Such anticipated growth is leading to increased spending.

Mr Chang said yesterday TSMC will spend US$2 billion to build capacity, and US$1.5 billion
of this will be spent on building 12-inch capacity.

TSMC’s rival United Microelectronics Corp is expected to increase capital expenditure more
than four-fold this year.

Reading Material
Digital System Design Hierarchy

Digital systems may be designed and studied at many different levels of abstraction, ranging
from a purely behavioral model, in which no hardware details are specified, down to the physical
level, in which only structures of physical materials are specified. Several levels of design

abstraction are listed in Tablel.

Table 1 Hierarchy of system design abstraction

Design Level Level of Abstraction Amount of Detail Type of Model
System Highest Lowest Behavioral
Register — — Behavioral/structural
Gate — — Structural
Transistor — — Structural
Physical Lowest Highest Structural
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1. The System and Register Levels

At its highest level, a digital system can be viewed as one or more interacting functional
modules. The behavior of each module is described without specifying implementation details. For
example, a desktop computer viewed at the system level comprises a microprocessor, memory
modules, and control circuits for the monitor, keyboard, printer, and other peripheral devices.

At the register level, a digital system is viewed as a collection of elements called registers that
store information, interconnected in some fashion by signal lines. Information is processed by the
system by transferring it between registers along these signal lines. In some cases the information is
transformed during these register transfers by routing it through one or more functional modules.
Figures 1(a) and (b) illustrate the system- and register-level models of a digital system that computes
the sum of a sequence of binary numbers, supplied one at a time as inputs to the system. At the
system level, all that is known is the basic function of the system, which is to compute:

Total = i Input;
i=1
At the register level, as in Figure 1(b), it is seen that the system comprises a storage register A
and an adder circuit. The Total is computed by first clearing register A, using control signal Clear,
and then adding each input number, Input;, to the contents of register A, replacing the contents of
register A with the new sum, using control signal store. Hence, the sum of a list of numbers is
computed by performing the following register transfers in the proper sequence.

Clear: A<«0

Store: A <« A+input

Total
Input l
l Adder
Compute the sum of
a sequence of
input numbers . [<— Clear
Register A
1 [<— Store
Total Total
(a) system level (b ) register level

Figure 1 Models of a digital system that adds lists of numbers

2. The Gate Level

At its lowest level, the behavior of a digital system is specified as a set of logic equations from
switching algebra that can be realized in hardware by logic circuits. The smallest logical unit of
digital hardware is called a gate. Gates are switching elements that implement the fundamental
operators of switching algebra. Logic equations are realized in hardware by interconnecting gates to
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form combinational logic circuits, as illustrated in Figure 2. Note that the circuit has six gates. The
inputs in this example are labeled x,,---,x;, and the output f (xl,---,xs) is a function only of the
present value of the input signals. Hence, a distinguishing feature of the combinational logic circuit
is that it possesses no memory of previous input signals. The analysis and design of combinational
logic circuits consume a major portion of this text.

All digital computers contain memory devices called registers that serve as temporary stores for
information. These registers and certain parts of the control unit are called sequential logic circuits. A
sequential logic circuit is, in general, a combinational logic circuit with memory, as modeled in
Figure 3. Unlike combinational logic circuits, the outputs of a sequential logic circuit are functions
of not only the present value of the input signals, but also depend on the past history of inputs, as
reflected by the information stored in the registers. Sequential logic circuit analysis and design
comprise the second focal point of this text. Only after readers have mastered the fundamentals of
combinational and sequential circuits can they proceed with the design and construction of digital

systems hardware.

X
1
% Inputs ———>  Combinational [ Outputs
Logic
x Network
X! G2 — [ 1
x— 7 | G6 S x,,x%,.%)
& Mermary
Figure 2 A combinational logic circuit with six gates Figure 3  Sequential logic circuit

3. Transistor and Physical Design Levels

Combinational and sequential logic circuits completely define the logical behavior of a digital
system. Ultimately, each logic gate must be realized by a lower-level transistor circuit, which in turn
is realized by combining various semiconductor and other materials. The technologies used to
construct gates and other logic elements have evolved from mechanical devices to relays to electron
tubes to discrete transistors to integrated circuits. Modern computers and application-specific digital
systems are usually built of integrated circuits that are arranged to realize the registers and control
circuits necessary to implement the computer’s instruction set or the system’s functions.

An integrated circuit (IC) contains multiple logic elements. The number of gates or gate
equivalents per IC determines the scale of integration. Small scale integration (SSI) refers to ICs
with 1 to 10 gates, medium scale integration (MSI) corresponds to 10 to 100-gate ICs, large scale
integration (LSI) 100 to 10,000 gates, and very large scale integration (VLSI) to ICs with more than
100000 gates.

It is beyond the scope of this text to consider transistor and physical-level design of logic gates.
However, it is important to have a basic understanding of various electrical and physical properties
of different gate circuits so that the logical operation, performance, cost, and other parameters of a

digital system design may be evaluated.
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4. Electronic technologies

Numerous families of electronic technologies have been developed to provide characteristics
such as speed, power consumption, packaging density, functionality, and cost that hardware
designers prefer. Usually, it is impossible to provide all the desired characteristics in one family.
Hence, there is an ongoing quest for improvements in proven technologies or the development of
new technologies. Table 2 and 3 list the most significant technologies and corresponding
characteristics that have been used since the beginning of the transistor era.

The packaging of logic gates and other logic elements has changed significantly over the years.
Early electronic logic elements were typically constructed from large electron tubes, discrete
resistors, and capacitors, were mounted on an aluminum chassis, and were interconnected with
copper wire. Tube technology advances resulted in reduced sizes, and printed circuit boards replaced
the wires. Later, discrete transistors replaced the tubes, but the resistors, capacitors, and printed
circuit boards remained in use, although their sizes were smaller: the advent of the integrated circuit
in the early 1960s produced further reduction in the size of printed circuit boards and other passive
elements.

Integrated circuits can be manufactured in standard, semicustom, and custom forms. Standard
ICs provide the pans necessary to build systems for most applications. However, some applications
may require semicustom or custom circuits to meet special functions, lower cost, or smaller size
requirements. Custom circuits are manufactured to the exact requirements of a specific customer. On
the other hand, semicustom circuits are programmed to satisfy a customer’s need. The term
application-specific integrated circuits (ASICs) is often used to describe semicustom devices.

Table 2 Important electronic technologies

Technology Device type
Resistor-transistor logic (RTL) Bipolar junction
Diode-transistor logic (DTL) Bipolar junction
Transistor-transistor logic (TTL) Bipolar junction
Emitter-coupled logic (ECL) Bipolar junction
Positive metal oxide semiconductor (PMOS) MOSFET
Negative metal oxide semiconductor (NMOS) MOSFET
Complementary metal oxide semiconductor (CMOS) MOSFET
Gallium Arsenide (GaAs) MESFET

Table 3 Characteristics of electronic technology families

Technology Power consumption Speed Packaging
RTL High Low Discrete
DTL High Low Discrete, SSI
TTL Medium Medium SSI, MSI
ECL High High SSI, MSI, LSI
pMOS Medium Low MSI, LSI
nMOS Medium Medium MSI, LSI, VLSI
CMOS Low Medium SSI, MSI, LSI, VLSI
GaAs High High SSI, MSI, LSI
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New words

capacitor

diode

family

gate

operator

passive

register

route

semicustom
combinational logic circuit
peripheral devices
printed circuit boards
sequential logic circuit

ASICs (application-specific integrated circuits)

GaAs (allium arsenide)
IC (integrated circuits)

MOS (metal oxide semiconductor)

Questions
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What is the difference between the combinational and sequential logic circuits?

Give an example of which can be implemented using the combinational logic circuit.
How do you determine whether a system belongs to a VLSI or a MSI?

Describe the three forms used in the manufacturing of integrated circuits.
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Unit 4
Text
Signals, Linear Systems, and Convolution

Characterizing the complete input-output properties of a system by exhaustive measurement
isusually impossible. Instead, we must find some ways of making a finite number of
measurements that allow us to infer how the system will respond to other inputs that we have not yet
measured™. We can only do this for certain kinds of systems with certain properties. If we have the
right kind of system, we can save a lot of time and energy by using the appropriate theory about the
system’s responsiveness. Linear systems theory is a good time-saving theory for linear systems
which obey certain rules. Not all systems are linear, but many important ones are. When a system
qualifies as a linear system, it is possible to use the responses to a small set of inputs to predict the
response to any possible input. This can save the scientist enormous amounts of work, and makes it

possible to characterize the system completely.
4.1 Continuous-Time and Discrete-Time Signals

Anything that bears information can be considered a signal. The type of signal which depends
on one independent variable, namely, time is called the one-dimensional signal. It can be
represented by x(1)*!. For every 1, the signal is required to assume a unique value; otherwise the
signal is not well defined. Consider the temperature x(7). It is defined at every time instant and is
called a continuous-time (CT) signal. A CT signal is also called an analog signal because its
waveform is often analogous to that of the physical variable. Other examples of analog signals are
the waveform of the potential at household electric outlet, and the electrocardiogram (EKG)
waveforms.

A signal is called a discrete-time (DT) signal if the signal is defined at discrete time instant.
Most discrete-time signals arise from sampling continuous-time signals. For example, if the
temperature x(f) is measured and recorded every hour, then the resulting signal will be denoted by

x{n]:=x(nT) = x(1)] .-y

where T is called the sampling period and # is an integer ranging from —oo to oo called the time
index. We call x[7n] the sampled signal or sampled sequence of x(7).

The vast majority of signals encountered in practice are continuous-time or analog signal. It is
often mathematically convenient to work with continuous-time signals. But in practice, you usually
end up with discrete-time sequences because: (1) discrete-time samples are the only things that can
be measured and recorded when doing a real experiment; and (2) finite-length, discrete-time
sequences are the only things that can be stored and computed with computers.

In what follows, we will express most of the mathematics in the continuous-time domain. But

the examples will, by necessity, use discrete-time sequences.
Pulse and impulse signals The unit impulse signal, written J(¢), is one at ¢ =0, and zero
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everywhere else:

{1 if 1=0
5(t)=

0 otherwise

Unit step signal The unit step signal, written u(¢), is zero for all times less than zero, and 1

for all times greater than or equal to zero:

0 if r<0
u(t) = .
1 if t>0

Summation and integration An integral is the limiting case of a summation:
" x(ndr=1im Y x(kA)A
J L xdi=lim 3 x(ka)

For example, the step signal can be obtained as an integral of the impulse:
u(t)= [ 5(s)ds
Upto s<0 the sum will be 0 since all the values of J(¢) for negative s are 0. At =0 the

cumulative sum jumps to 1 since J(¢) =1. And the cumulative sum stays at 1 for all values of ¢

greater than 0 since all the rest of the values of &(¢) are 0 again.

Representing signals with impulses Any signal can be expressed as a sum of scaled and
shifted unit impulses. We begin with the pulse or “staircase” approximation X(#) to a continuous

signal x(#), as illustrated in Figure 4.1. Conceptually, this is trivial: for each discrete sample of the

original signal, we make a pulse signal. Then we add up all these pulse signals to make up the
approximate signal. Each of these pulse signals can in turn be represented as a standard pulse scaled

by the appropriate value and shifted to the appropriate place. In mathematical notation:

Figure 4.1 Staircase approximation to a continuous-time signal

X(t) = i x(kA)o ,(t —kA)A
-

As we let A approach zero, the approximation X(f) becomes better and better, and the

approximation in the limit equals x(¢) . Therefore,

x(1) = lim i x(kA)S ((t — kA) A

j—
Also, as 4— 0, the summation approaches an integral, and the pulse approaches the unit
impulse:
x(0)= [ x()8(t - s)ds (1

In other words, we can represent any signal as an infinite sum of shifted and scaled unit
impulses. A digital compact disc, for example, stores whole complex pieces of music as lots of
simple numbers representing very short impulses, and then the CD player adds all the impulses back
together one after another to recreate the complex musical waveform.
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4.2 Linear Systems

A system or transform maps an input signal x(#) into an output signal y(¢) :
y(1) =T[x(1)]
where T denotes the transform, a function from input signals to output signals.

Systems come in a wide variety of types. One important class is known as linear systems. To
see whether a system is linear, we need to test whether it obeys certain rules that all linear systems
obey. The two basic tests of linearity are homogeneity and additivity.

Homogeneity As we increase the strength of the input to a linear system, say we double it,
then we predict that the output function will also be doubled. For example, if the current injected to a
passive neural membrane is doubled, the resulting membrane potential fluctuations will double as
well. This is called the scalar rule or sometimes the homogeneity of linear systems.

Additivity Suppose we measure how the membrane potential fluctuates over time in response
to a complicated time-series of injected current x,(¢). Next, we present a second (different)

complicated time-series x,(f). The second stimulus also generates fluctuations in the membrane
potential which we measure and write down. Then, we present the sum of the two currents
x,(#)+x,(t) and see what happens. Since the system is linear, the measured membrane potential
fluctuations will be just the sum of the fluctuations to each of the two currents presented separately.

Superposition Systems that satisfy both homogeneity and additivity are considered to be
linear systems. These two rules, taken together, are often referred to as the principle of superposition.
Mathematically, the principle of superposition is expressed as:

T(ax, + fx,)=aT(x)+ BT(x,) (2)

Homogeneity is a special case in which one of the signals is absent. Additivity is a special case
in which a+fg=1.

Shift-invariance Suppose that we inject a pulse of current and measure the membrane
potential fluctuations. Then we stimulate again with a similar pulse at a different point in time,
and again we measure the membrane potential fluctuations. If we haven’t damaged the membrane
with the first impulse then we should expect that the response to the second pulse will be the same
as the response to the first pulse. The only difference between them will be that the second pulse
has occurred later in time, that is, it is shifted in time. When the responses to the identical
stimulus presented shifted in time are the same, except for the corresponding shift in time, then we
have a special kind of linear system called a shift-invariant linear system[3]. Just as not all systems
are linear, not all linear systems are shift-invariant.

In mathematical language, a system 7 is shift-invariant if and only if

y(t)=T[x(¢)] implies y(t—s)=T[x(t—5)] (3)

To get a better feeling for linearity, think about a technician trying to determine if an electronic
device is linear. The technician would attach a sine wave generator to the input of the device, and an
oscilloscope to the output. With a sine wave input, the technician would look to see if the output is
also a sine wave. For example, the output cannot be clipped on the top or bottom, the top half cannot

look different from the bottom half, there must be no distortion where the signal crosses zero, etc.
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Next, the technician would vary the amplitude of the input and observe the effect on the output
signal. If the systemis linear, the amplitude of the output must track the amplitude of the
input. Lastly, the technician would vary the input signal’s frequency, and verify that the output
signal’s frequency changes accordingly. As the frequency is changed, there will likely be amplitude
and phase changes seen in the output, but these are perfectly permissible in a linear system. At some
frequencies, the output may even be zero, that is, a sinusoid with zero amplitude. If the technician
sees all these things, he will conclude that the system is linear. While this conclusion is not a
rigorous mathematical proof, the level of confidence is justifiably high'*.

Convolution Homogeneity, additivity, and shift invariance may, at first, sound a bit abstract
but they are very useful. To characterize a shift-invariant linear system, we need to measure only one
thing: the way the system responds to a unit impulse. This response is called the impulse response
Sfunction of the system. Once we’ve measured this function, we can (in principle) predict how the
system will respond to any other possible stimulus. In the following, we show that the response of a
shift-invariant linear system can be written as a sum of scaled and shifted copies of the system’s
impulse response function.

The convolution integral Begin by using Eq.(1) to replace the input signal x(¢) by its

representation in terms of impulses:

y=T[x(t)]= T[ [ x50 - s)ds} = T[ lim i x(kA)S (¢ - kA)A}
k

Using additivity,
y(t) = Li_rg kiﬂ T[x(kA)S ,(t —kA)A]

Taking the limit,

y(t) = J.iT[x(s)é‘(t — s5)ds]
Using homogeneity,

y(t) = j“’w X($)T[S(t - s)]ds
Now let /(z) be the response of T to the unshifted unit impulse, i.e., A(¢) =T[0(¢)]. Then by

using shift-invariance,
y(t) = fwx(s)h(t — s)ds (4)

Notice what this last equation means. For any shift-invariant linear system T, once we know its
impulse response h(t) (that is, its response to a unit impulse), we can forget about T entirely, and just
add up scaled and shifted copies of h(f) to calculate the response of T to any input whatsoever”.
Thus any shift-invariant linear system is completely characterized by its impulse response /4(7).

The way of combining two signals specified by Eq.(4) is known as convolution. It is such a
widespread and useful formula that it has its own shorthand notation, *. For any two signals x and y,

there will be another signal z obtained by convolving x with y,

zZ(t)=x*y= I: x(s)y(t —s)ds
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Convolution as a series of weighted sums While superposition and convolution may sound a
little abstract, there is an equivalent statement that will make it concrete: a system is a
shift-invariant, linear system if and only if the responses are a weighted sum of the inputs'®. The
choice of weighting function determines the behavior of the system. Not surprisingly, the weighting
function is very closely related to the impulse response of the system. In particular, the impulse
response and the weighting function are time-reversed copies of one another.

Properties of convolution The following things are true for convolution in general, as you

should be able to verify for yourself with some algebraic manipulation:

Xky=ypy*x commutative

(x*y)*xz=x%(y*z) associative

(x*z2)+(y*z)=(x+y)*z distributive

Words & Expressions

additivity [eedi'tiviti] n. 2otk
associative [e'saufjotiv] adj. EEW
commutative [ke'mju:tativ] adj. AT
cumulative [kju:mjulstiv] adj. S
conceptual [ken'septjual] adj. N2 1)
convolution [konva'lju:[an] n. LA
distortion [dis'to:[en] n. i, ¥, KkE
distributive [dis'tribjutiv] adj. payaMiv!

electrocardiogram [ilektrou'ka:disugreem] n. LHLE (ECG)

enormous [i'no:mas] adj. BRI, DEKH
fluctuation [flaktju'eif on] n. Wesh, R
generator [d3enereita] n. KAds, PR
homogeneity [lhomaud3e'ni:iti] n. FrUR
identical [ai'dentikal] adj. AH R

map [meep] n. WL
membrane ['membrein] n. JIE, R s
negative [negativ] adj. H
oscilloscope [o'sileskaup] n. VN
permissible [pa(:)'misabl] adj. I WAR D]
rigorous [rigeras] adj. PRI
sampling ['sa:mplin] n. KA

stimulate ['stimjuleit] V. L
superposition [.sjuipepa'zifen] n. S, S
unique [ju:'ni:k] adj. e — 1)
waveform ['weivform] n. WY

analog signal [E R EREs
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one-dimensional — 4R
shift-invariance AN AR PE

Notes

[1] Instead, we must find some ways of making a finite number of measurements that allow us to
infer how the system will respond to other inputs that we have not yet measured. % M fiJ that
allows us...[{15C474 4 ways, 1 9F measurements.

PRI, 2R — 28Ty, A A PR R RE HE IR HH 2R o0k A R 28 I P N A
A W 1 o
[2] The type of signal which depends on one independent variable, namely, time is called the
one-dimensional signal. It can be represented by x(r). time T E /A8 one independent
variable.

PRI — g Ag i, BIUNTR] ¢ (0IX2RA5 5 0 —4EE 5, H x(0ER.

[3] When the responses to the identical stimulus presented shifted in time are the same, except for
the corresponding shift in time, then we have a special kind of linear system called a shift-invariant
linear system. ~ AXfJH" when 5|3 [FPRTE WA SEBR_ERIREAT,  TAER ],

R RGOS 2 RS I A [0l A B A A IR (AT ) i 2, F AT T 4 21— Pl ke (9 £
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[4] While this conclusion is not a rigorous mathematical proof, the level of confidence is justifiably
high. & justifiably XJ M (1801 2 justify, ZRon “UERH IS HE” 2 &,

RS R A, (A P AR T (5 B AR
[5] For any shift-invariant linear system 7, once we know its impulse response /(#) (that is, its
response to a unit impulse), we can forget about 7 entirely, and just add up scaled and shifted copies
of h(?) to calculate the response of T to any input whatsoever. {17 whatsoever 4 input [1] )5 &
T, Fon ‘Rt a” ZE.
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UAHIFERE T, BA i 4aiOnAi B 2 {5 A h(An, RURTS2I RS T AT 5 A BN .
[6] While superposition and convolution may sound a little abstract, there is an equivalent statement
that will make it concrete: a system is a shift-invariant, linear system if and only if the responses are
a weighted sum of the inputs. A7)+ sound A KYBE KR “Urfek”, if and only if i H]
RO BEEAT, WV HACY”, WS iff.
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SRR A FAR AR 2 T3 i o AGERHC T b A3 5 oAb ] S 00 S A 0 AL IE
FABR AP A — P 2T B

1. A5 ZH. EEFER
© H3A] CA 53 S W) R BN ], SR 5 $E 5T o 4914 - apply to, arise from, consist

of, deal with, depend on/upon, relate to, result in, differ from, follow from, lead to, lie in, vary with

.
&,

[f51 1] A complex variable s is composed of a real part alpha and an imaginary part beta.

B s S a FUEHS 41
[ 2] Most discrete-time signals arise from sampling continuous-time signals.

2 B BTN TR 5 72 B B2 I [R5 5 R AE TR

@ HEAEEMN, MBEEERA, HIEREDReRRLS 2000, W HEE EEE, flh:
analogous to, applicable to, capable of, different from, essential to, equivalent to, familiar with, full
of, identical to, independent of, proportional to, similar to, suitable for, superior to %5 .
[ 3] The power gain in decibels is equal to 10 times the logarithm base 10 of the power gain.

Moy MAZR DA 25 55T 10 FRLALL 10 D9 JEE AT Z 19 25 ) £
[#51 4] A CT signal is also called an analog signal because its waveform is often analogous to that of
the physical variable.

HH T SEIN [R5 5 (R 55 0 W A7) BEAR B AR AR, T DA BRI B 5

@ 55 44 1A) % F A R 1 44 38], 51140 : anything but, lack of, nothing but, numbers of, plenty of,
reduction to, something wrong with, ratio ... to ..., advantage over, problem with %%,
[#1] 5] This section deals with the advantages of transistors over electron tubes.

AT IR S AR 5 W E AR LT AT L R
2. HREENE

FETEA ] A A, R TR AR BL$E according to, along with, apart from, as to/for,
because of, but for, by means of, due to, in accordance with, in addition to, in case of, in proportion

to, in spite of, instead of, on account of, owing to, with reference to, with regard to, up to 5.
[#51 6] The convolution integral and its use in fixed, linear system analysis by means of the principle

of superposition are treated in Chapter 2.
o5 2 TR N B0 s BE SR A AE RA p RAE I e de Mt R e A IR

[ 7] This book has all three major analysis methods: mesh, loop, and nodal, along with explanations of
the advantages and disadvantages of each.
AR T R R B TR, R LVE L PR R0, RIS
3. W R E R
@® by
[#51 8] By this definition, no work is done by holding a box in a hand. (KR¥E, %M, JEHRRM
W, A5 ARHESE, E RS
WYX —2 3 B RETEETHIRRA M.
. 50 .



[#51 9] Since power is proportional to the square of the voltage, if the input signal is increased by a

factor of two, the output signal is increased by a factor of four. (HEAEH, KR ZERIECR)
H T D2 SR AR, An R A S 52 J5ORE 2 £, AR5 5 0 JEoR Y 4 £

(51 10] By a family of curves is meant a specified set of curves which satisfy given conditions.
PTig th ik, AR Bei L ORI ST — 1R IR i 2

[ 11] In contrast, multiplying a signal by another signal is nonlinear. (5 multiply, divide %%

MR “ILL, BREL™
B, B MG 55 5 M ST E AR .
@ for

[#51 12] For the sake of accuracy and convenience, the magnetic effect is utilized almost universally

in electric measuring instrument. (i 5 purpose, sake, interest, benefit, good Z£i&EH, Fn HID
UER S T AR L, FEL R SRt L A P R

[#1] 13] It is necessary for us to solve this equation for x. (5 solve ¥&EHE /R T FEITESRIB TINS5
AT DITNIEATT RERF S x
® in

[#%1 14] Semiconductor devices are very small in size and light in weight. (5% 4416, HCIRTED
PRAGMABUN, EiRE.

[#51 15] Voltage is expressed numerically in volts. (LA, H, JE#HRpR7 XM THESRAL. B E )
REEVN S e S

[#51 16] The inclusion of Re causes a decrease in amplification. ({EFRECRABLI) 4416 )52 H in)
LN Re O HFRAI

@ of
[#51] 17] The study of sound is of importance not only in music and speech, but also in communication
and industry. CRIRFHRICR, HA e CPEREAY 130D, SERCT RN T2, (HIE 58D

WU B MO ARG 5, B85 A b A S
[f51] 18] The physicist made an important discovery in the year of 1977. (FRIR[FSLIFIR)

1977 4, AP FA — AN BRI
[ 19] A signal is a description of how one parameter varies with another parameter. (A of B 4%
Ky, A B ABNERER, B4 A B SRR

F g U — SR Wb ) — DS E AR AR .
[ 20] The change of electrical energy into mechanical energy is done in motors. (A of B 454, B
MA N THERR, BRI B A )i iR

FL BB 4 A DL BE 2 0 B LS B

® on/upon
[#51 21] The flip-flop will change the stored information only upon application of proper control
signal. (——eeeeee iy AL ZJa, JatRA S U 4 i ss) 443D

HAR T EEREEIE S5, A4 RS AA i 1 S .

® with
[#51] 22] Radio waves travel through most types of matter with ease.  (ZERLT-XF N EITAE, 15 E )
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[#51 23] With a sine wave input, the technician would look to see if the output is also a sine wave.
ONT e, HTHAED
FOR GURBEANTE, T IEZSAN, fiH S5 2O g k.
(51 24] With all its disadvantages this design is considered to be one of the best. (JX%, 55 all iEH])
REA R, Xl 2t sert 2 —.
[$51] 25] Lamps are lighted with switch on. (%5%4T when the switch is turned on)
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Exercises

1. Choose the best answer for each of the following questions.

(1) A continuous signal is also called because its waveform is often analogous to that
of the physical variable.
a. an analog signal
b. a discrete signal
c. a digital signal
d. a sampled signal
(2) A system is called linear if it has two mathematical properties:
a. continuous and shift-invariance
b. shift-invariance and homogeneity
c. additivity and homogeneity
d. additivity and shift-invariance
(3) The unit impulse signal is the unit step signal .
a. the same as
b. the differential of
c. the integral of
d. the cumulative sum of
(4) Which of the following statements best describes the property of the system 7 if
(0 =Tx (D], y, (1) = T[x, ()] implies TTax,(t —s) +bx,(t = s)| = ay, (1 =) + by, (1 =s),______.
a. the system is linear
b. it is a linear time-invariant system
c. the system satisfies the principle of superposition
d. the system satisfies additivity and time-invariance
(5) Any signal can be represented as
a. the sum of a series of sinusoids with the same amplitudes
b. the sum of a series of sinusoids at the same frequencies
c. the sum of a series of shifted and scaled unit step function
d. the sum of a series of shifted and scaled unit impulse function
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(6) Which one of the following statements is not true?
a. A system that multiplies the input signal by a constant is linear
b. A linear time-invariant system is completely characterized by the impulse response
function A(7)
c. The electric circuit for squaring is an example for a linear time-invariant system

d. The principle of superposition is held for a linear system

2. Fill in the blanks. You may need to change some words slightly.

input coefficient function component decomposition
transform  sinusoid response frequency impulse
The Fourier is important because if we know the of the system to sinusoids at

many different , then we can use the same kind of trick we used with to predict the

response via the impulse response . First, we measure the system’s response to of all
different frequencies. Next, we take out input (e.g., time-varying current) and use the Fourier

to compute the values of the Fourier . At this point the has been broken down as the

sum of its component sinusoids. Finally, we can predict the system’s response simply by adding the

responses for all the sinusoids.

3. Translate into Chinese.

(1) If the input to a linear system is a sinusoidal wave, the output will also be a sinusoidal wave,
and at exactly the same frequency as the input.

(2) Just as we can express any signal as the sum of a series of shifted and scaled impulses, so
too we can express any signal as the sum of a series of (shifted and scaled) sinusoids at different

frequencies.
(3) A signal is formally defined as a function of one or more variables that conveys information

on the nature of a physical phenomenon.
(4) Nyquist sampling theorem states that if the highest-frequency component of a CT signal
x(7) 1S fmax, then x(7) can be recovered from its sampled sequence x(n7) if the sampling frequency f; is

larger than 2f;,,x.
(5) In fact, if a discrete-time sequence is absolutely summable, then its spectrum is, as in the

continuous-time case, a bounded and continuous function of ®.
(6) Systems are defined to be stable if every bounded input excites a bounded output. The

condition for discrete-time systems to be stable is that all poles of H(x) lie inside the unit circle on

the z-plane.

4. Fill in blanks with the most appropriate choice.

(1) A system is defined the relationship between two signals.
a. with b. by c. in terms of d. to
(2) Theinputsignal __ a system generates an output signal.
a. into b. to c.of d. through
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(3) The input signal represents a physical process that is generated independently the
system.
a. of b. from c.in d. on

(4) Mathematical modeling is concerned the development of different forms of

equations that can be used to represent a system.
a. with b. in c. about d. of

(5) The question which we address ourselves is to characterize the change in the signal

properties using properties of the system.

a. in b. with c.to d. for
(6) This questionis __ fundamental importance in many physical processes of interest.
a. of b. at c. with d.in
(7) ___ the convolution theorem introduced in Chapter 2, the responses of linear, time

invariant systems to arbitrary inputs can be computed if the unit-sample response is known.
a. In regard to b. According to ¢. Due to d. In addition to
(8) The magnitude of the output is the magnitude of the input multiplied  the magnitude
of the frequency response.
a. with b. by c.to d. in terms of
(9) In other problems of signal and system analysis, our interest may be focused
designing systems to process signals in particular ways.
a.in b. with c.on d.to
(100 enhancement and restoration, in many applications there is a need to design systems
to extract specific pieces of information from signals.
a. Owing to b. In additionto  c. With respectto  d. Regardless of

Reading Material
System Identification — The Easy Case

Assume that someone brings you a signal processing system enclosed in a black box. The box
has two connectors, one marked input and the other output. Other than these labels there are no
identifying marks or documentation, and nothing else is known about what is hidden inside. What
can you learn about such a system? Is there some set of measurements and calculations that will
enable you to accurately predict the system’s output when an arbitrary input is applied? This task is
known as system identification.

You can consider system identification as a kind of game between yourself and an opponent.
The game is played in the following manner. Your opponent brings you the black box (which may
have been specifically fabricated for the purpose of the game). You are given a specified finite
amount of time to experiment with the system. Next your opponent specifies a test input and ask you
for your prediction — were this signal to be applied what output would result? The test input is now
applied and your prediction put to the test.
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This game has two levels of play. In this section we will learn how to play the easy version. The
easy case is when you are given complete control over the black box.

Assume you are given one hour to examine the box in any way you wish (short of prying off the
top). At the end of precisely one hour your opponent will reappear, present you with an input signal
and ask you what you believe the box’s response will be. The most straightforward way of
proceeding would be to quickly apply as many different input signals as you can and to record the
corresponding outputs. Then you win the game if your opponent’s input signal turns out to be
essentially one of the inputs you have checked. Unfortunately, there are very many possible inputs,

and an hour is too short a time to test even a small fraction of them. To economize we can exploit the
fact that the box contains a linear time-invariant system. If we have already tried input x, there is

no point in trying ax, or x,_, , but this still leaves a tremendous number of signals to check.

Our job can be made more manageable in two different ways, one of which relies on the time
domain description of the input signal, and the other on its frequency domain representation. The
frequency domain approach is based on Fourier’s theorem that every signal can be written as the
weighted sum (or integral) of basic sinusoids. Assume that you apply to the unknown system not
every possible signal, but only every possible sinusoid. You store the system’s response to each of
these and wait for your opponent to appear. When presented with the test input you can simply break
it down to its Fourier components, and exploit the filter’s linearity to add the stored system responses
with the appropriate Fourier coefficients.

Now this task of recording the system outputs is not as hard as it appears, since sinusoids are
eigensignals of filters. When a sinusoid is input to a filter the output is a single sinusoid of the same
frequency, only the amplitude and phase may be different. So you need only record these amplitudes
and phases and use them to predict the system output for the test signal. For example, suppose the
test signal turns out to be the sum of three sinusoids

x, = X, sin(@n) + X, sin(@,n) + X; sin(w;n)

Then, since the filter is linear, the output is the sum of the three responses with the Fourier

coefficients H;, H, and H;.
y, = H X,sin(on+¢)+H, X, sin(w,n+¢, )+ Hy Xy sin(yn + ¢y )
More generally, any finite duration or periodic test digital signal can be broken down by the

DFT into the sum of a denumerable number of complex exponentials
2mk

I—n

23
x,=—) X,e N
NiS

and the response of the system to each complex exponential is the same complex exponential
2mk
n

multiplied by a number H,, H ke’T . Using these H, we can predict the response to the test signal
Yn = XkaelTn
NiS
The H, are in general complex (representing the gains and phase shifts) and are precisely the

1 N-1 2nk

elements of the frequency response.

The above discussion proves that the frequency response provides a complete description of a
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filter. Given the entire frequency response (i.e., the response of the system to all sinusoids), we can
always win the game of predicting the response for an arbitrary input.

The frequency response is obviously a frequency domain quantity; the duality of time and
frequency domains leads us to believe that there should be a complete description in the time domain
as well. There is, and we previously called it the impulse response.

Like the frequency response, the impulse response may be used to predict the output of a filter
when an arbitrary input is applied. The strategy is similar to that we developed above, only this time
we break down the test signal in the basis of SUIs rather than using the Fourier expansion. We need
only record the system’s response to each SUI, expand the input signal in SUIs, and exploit the
linearity of the system. Unfortunately, the SUIs are not generally eigensignals of filters, and so the
system’s outputs will not be SUIs, and we need to record the entire output. However, unlike the
frequency response where we needed to observe the system’s output for an infinite number of basis
functions, here we can capitalize on the fact that all SUIs are related by time shifts. Exploiting the
time-invariance property of filters we realize that after measuring the response of an unknown
system to a single SUI, we may immediately deduce its response to all SUIs! Hence we need only
apply a single input and record a single response in order to be able to predict the output of a filter
when an arbitrary input is applied! The set of signals we must test in order to be able to predict the
output of the system to an arbitrary input has been reduced to a single signal! This is the strength of
the impulse response.

The impulse response may be nonzero only over a finite interval of time but exactly zero for all
times outside this interval. In this case we say the system has a finite impulse response, or more
commonly we simply call it an FIR filter. The MA systems are FIR filters.

Let’s explicitly calculate the impulse response for the most general causal moving average filter.

Using the unit impulse as input yields
L
Yo = ZglénfLJr/,O =800, 1.0 T80 1110 T €20, 1120 Tt & 10,10 81040
=0

which is nonzero only when n =0 or n=1 or *** or n = L. Furthermore, when n = 0 the output is
precisely 4, = g,, when n = 1 the output is precisely # =g, . etc., until s, =g,. Thus the
impulse response of a general MA filter consists exactly of the coefficients that appear in the moving
average sum, but in reverse order!

The impulse response is such an important attribute of a filter that it is conventional to reverse
the definition of the moving average, and define the FIR filter via the convolution in which the
indices run in opposite directions.

It is evident that were we to calculate the impulse response of the nonterminating convolution it
would consist of the coefficients as well; but in this case the impulse response would never quite
become zero. If we apply a unit impulse to a system and its output never dies down to zero, we say
that the system is Infinite Impulse Response (IIR). IIR filters can indeed sustain an impulse response

that is nonzero for an infinite amount of time. To see this consider the simple case

1
=X, +—
yn n 2yn—l
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For negative times n the output is zero, y, =0, but at time zero y, =1, at time one y, = 5 and

thereafter y, is halved every time. It is obvious that the output at time » is precisely y, =27",

which for large n is extremely small, but never zero.

Suppose we have been handed a black box and measure its impulse response. Although there
may be many systems with this response to the unit impulse, there will be only one filter that
matches, and the coefficients are precisely the impulse response in reverse order. This means that if
we know that the box contains a filter, then measuring the impulse response is sufficient to uniquely
define the system. In particular, we needn’t measure the frequency response since it is mathematically
derivable from the impulse response.

It is instructive to find this connection between the impulse response (the time domain
description) and the frequency response (the frequency domain description) of a filter. The frequency
response of the nonterminating convolution system

yn = i hixn—i

j=—

is found by substituting a sinusoidal input for x,, and for mathematical convenience we will use a
complex sinusoid x, =e'” . We thus obtain

H(w)x, =y, = i hel?t ) = i he el = H, x,
k=—o0 k

=—00

where we identified the Fourier transform of the impulse response /%, and the input signal. We have

once again shown that when the convolution system has a sinusoidal input, its output is the same
sinusoid multiplied by a (frequency-dependent) gain. This gain is the frequency response, but here
we have found the FT of the impulse response; hence the frequency response and the impulse
response are an FT pair. Just as the time and frequency domain representations of signals are
connected by the Fourier transform, the simplest representations of filters in the time and frequency

domains are related by the FT.

New Words
coefficient £
denumerable CIEA4)
duality X
duration FFELIN A
eigensignal FHIEAR %
fabricate HE, FIR
nonterminating Jo
precisely 1B
capitalize on FH
pry off G
system identification RGHHR
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FIR (Finite Impulse Response) A B ek o )3

IIR (Infinite Impulse Response) G B et i )

MA (moving average) Bt

SUI (sum of unit impulse) B et SR
Questions

1. What is called system identification?
2. How to predict the output of a filter if you are given the impulse response of it?
3. What is the difference between an FIR and an IIR filter?
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Unit 5
Text

Radio Frequency and Microwave Applications

5.1 Introduction

This chapter lays the foundation for understanding higher-frequency wave phenomena and
divides the task of active circuit design for RE/MW frequencies into specific concept blocks. These
concept blocks create a gradual approach to understanding and designing RF/MW circuits and
represent specific realms of knowledge that need to be mastered to become an accomplished
designer.

Before we describe and analyze these types of waves we need to consider why RF/microwaves
as a subject has become so important, that it is placed at the forefront of our modern technology[l].
Furthermore, we need to expand our minds to the many possibilities that these signals can provide

for peaceful practices by exploring various commercial applications useful to mankind.
5.1.1 A Short History of RF and Microwaves
Circa 1864—1873, James Clark Maxwell integrated the entirety of man’s knowledge of

electricity and magnetism by introducing a set of four coherent and self-consistent equations that
describe the behavior of electric and magnetic fields on a classical level. This was the beginning of
microwave engineering, as presented in a treatise by Maxwell at that time. He predicted, purely from
a mathematical standpoint and on a theoretical basis, the existence of electromagnetic wave
propagation and that light was also a form of electromagnetic energy—both completely new
concepts at the time.

From 1885 to 1887, Oliver Heaviside simplified Maxwell’s work in his published papers. From
1887 to 1891, a German physics professor, Heinrich Hertz, verified Maxwell’s predictions
experimentally and demonstrated the propagation of electromagnetic waves. He also investigated
wave propagation phenomena along transmission lines and antennas and developed several useful
structures. He could be called the first microwave engineer.

Marconi tried to commercialize radio at a much lower frequency for long-distance
communications, but as he had a business interest in all of his work and developments, this was not a
purely scientific endeavor.

Neither Hertz nor Heaviside investigated the possibility of electromagnetic wave propagation
inside a hollow metal tube because it was felt that two conductors were necessary for the transfer of
electromagnetic waves or energy. In 1897, Lord Rayleigh showed mathematically that
electromagnetic wave propagation was possible in waveguides, both circular and rectangular. He
showed that there are infinite sets of modes of the TE and TM type possible, each with its own
cut-off frequency. These were all theoretical predictions with no experimental verifications.

From 1897 to 1936, the waveguide was essentially forgotten until it was rediscovered by two
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men, George Southworth (AT&T) and W. L. Barron (MIT), who showed experimentally that a
waveguide could be used as a small bandwidth transmission medium, capable of carrying high
power signals.

With the invention of the transistor in the 1950s and the advent of microwave integrated circuits
in the 1960s, the concept of a microwave system on a chip became a reality'”. There have been many
other developments, mostly in terms of application mass, that have made RF and microwaves an
enormously useful and popular subject. Maxwell’s equations lay the foundation and laws of the
science of electromagnetics, of which the field of RF and microwaves is a small subset. Due fo the
exact and all-encompassing nature of these laws in predicting electromagnetic phenomena, along
with the great body of analytical and experimental investigations performed since then, we can

consider the field of RF and microwave engineering a “mature discipline” at this time".

5.1.2 Applications of Maxwell’'s Equations

As indicated earlier in Chapter 2, Fundamental Concepts in Electrical and Electronics
Engineering, standard circuit theory can neither be used at RF nor particularly at microwave
frequencies. This is because the dimensions of the device or components are comparable to the
wavelength, which means that the phase of an electrical signal (e.g., a current or voltage) changes
significantly over the physical length of the device or component. Thus use of Maxwells equations at
these higher frequencies becomes imperative!®.

In contrast, the signal wavelengths at lower frequencies are so much larger than the device or
component dimensions, that there is negligible variation in phase across the dimensions of the circuit.
Thus Maxwell’s equations simplify into basic circuit theory, as covered in Chapter 3, Mathematical
Foundation for Understanding Circuits.

At the other extreme of the frequency range lies the optical field, where the wavelength is much
smaller than the device or circuit dimensions. In this case, Maxwell’s equations simplify into a
subject commonly referred to as geometrical optics, which treats light as a ray traveling on a straight
line.

These optical techniques may be applied successfully to the analysis of very high microwave
frequencies (e.g., high millimeter wave range), where they are referred to as “quasi-optical.” Of
course, it should be noted that further application of Maxwell’s equations leads to an advanced field
of optics called “physical optics or Fourier optics,” which treats light as a wave and explains such
phenomena as diffraction and interference, where geometrical optics fails completely.

The important conclusion to be drawn from this discussion is that Maxwell s equations present
a unified theory of analysis for any system at any frequency, provided we use appropriate
simplifications when the wavelengths involved are much larger, comparable to, or much smaller than

the circuit dimensions®.

5.1.3 Properties of RF and Microwaves

An important property of signals at RF, and particularly at higher microwave frequencies, is
their great capacity to carry information. This is due to the large bandwidths available at these high
frequencies. For example, a 10 percent bandwidth at 60 MHz carrier signal is 6 MHz, which is
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approximately one TV channel of information; on the other hand 10 percent of a microwave carrier
signal at 60 GHz is 6 GHz, which is equivalent to 1000 TV channels.

Another property of microwaves is that they travel by line of sight, very much like the traveling
of light rays, as described in the field of geometrical optics. Furthermore, unlike lower-frequency
signals, microwave signals are not bent by ionosphere. Thus use of line-of-sight communication
towers or links on the ground and orbiting satellites around the globe are a necessity for local or
global communications.

A very important civilian as well as military instrument is radar. The concept of radar is based
on radar cross-section which is the effective reflection area of the target. A target’s visibility greatly
depends on the target’s electrical size, which is a function of the incident signal’s wavelength.
Microwave frequency is the ideal signal band for radar applications. Of course, another important
advantage of use of microwaves in radars is the availability of higher antenna gains as the frequency
is increased for a given physical antenna size. This is because the antenna gain being proportional to
the electrical size of the antenna, becomes larger as frequency is increased in the microwave band.
The key factor in all this is that microwave signal wavelengths in radars are comparable to the
physical size of the transmitting antenna as well as the target.

There is a fourth and yet very important property of microwaves: the molecular, atomic, and
nuclear resonance of conductive materials and substances when exposed to microwave fields. This
property creates a wide variety of applications. For example, because almost all biological units are
composed predominantly of water and water is a good conductor, microwave technology has
tremendous importance in the fields of detection, diagnostics, and treatment of biological problems
or medical investigations (e.g., diathermy, scanning, etc.). There are other areas in which this basic
property would create a variety of applications such as remote sensing, heating (e.g., industrial

purification and cooking) and many others that are listed in a later section.

5.2 Reasons for Using RF/Microwaves

Over the past several decades, there has been a growing trend toward use of RF/ microwaves in
system applications. There are many reasons among which the following are prominent:

® Wider bandwidths due to higher frequency

® Smaller component size leading to smaller systems

® More available and less crowded frequency spectrum

® Better resolution for radars due to smaller wavelengths

® [ower interference due to lower signal crowding

® Higher speed of operation

® Higher antenna gain possible in a smaller space

On the other hand, there are some disadvantages to using RF/microwaves, such as: more
expensive components, availability of lower power levels, existence of higher signal losses, and use
of high-speed semiconductors (such as GaAs or InP) along with their corresponding less-mature
technology (relative to the traditional silicon technology, which is now quite mature and less

expensive).
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In many RF/microwave applications the advantages of a system operating at these frequencies
outweigh the disadvantages and propel engineers to a high-frequency design.

5.3 RF/Microwave Applications

The major applications of RF/microwave signals can be categorized as follows:
5.3.1  Communication

This application includes satellite, space, long-distance telephone, marine, cellular telephone,
data, mobile phone, aircraft, vehicle, personal, and wireless local area network (WLAN), among
others. Two important subcategories of applications need to be considered: TV and radio broadcast,
and optical communications.

TV and radio broadcast

In this application, RF/microwaves are used as the carrier signal for audio and video signals. An
example is the Direct Broadcast System (DBS), which is designed to link satellites directly to home
users.

Optical communications

In this application, a microwave modulator is used in the transmitting side of a low-loss optical
fiber with a microwave demodulator at the other end. The microwave signal acts as a modulating
signal with the optical signal as the carrier. Optical communication is useful in cases where a much
larger number of frequency channels and less interference from outside electromagnetic radiation are
desired. Current applications include telephone cables, computer network links, low-noise
transmission lines, and so on.

5.3.2 Radar

This application includes air defense, aircraft/ship guidance, smart weapons, police, weather,
collision avoidance, and imaging.
5.3.3 Navigation

This application is used for orientation and guidance of aircraft, ships, and land vehicles.
Particular applications in this area are as follows:

® Microwave Landing System (MLS), used to guide aircraft to land safely at airports

® Global Positioning System (GPS), used to find one’s exact coordinates on the globe

5.3.4 Remote Sensing

In this application, many satellites are used to monitor the globe constantly for weather
conditions, meteorology, ozone, soil moisture, agriculture, crop protection from frost, forests, snow
thickness, icebergs, and other factors such as monitoring and exploration of natural resources.

5.3.5 Domestic and Industrial Applications

This application includes microwave ovens, microwave clothes dryers, fluid heating systems,
moisture sensors, tank gauges, automatic door openers, automatic toll collection, highway traffic
monitoring and control, chip defect detection, flow meters, power transmission in space, food
preservation, pest control, and so on.
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5.3.6 Medical Applications

This application includes cautery, selective heating, heart stimulation, hemorrhage control,

sterilization, and imaging.
5.3.7 Surveillance

This application includes security systems, intruder detection, and Electronic Warfare (EW)

receivers to monitor signal traffic.
5.3.8 Astronomy and Space Exploration

In this application, gigantic dish antennas are used to monitor, collect, and record incoming
microwave signals from outer space, providing vital information about other planets, stars, meteors,
and other objects and phenomena in this or other galaxies.

5.3.9 Wireless Applications

Short-distance communication inside as well as between buildings in a local area network(LAN)
arrangement can be accomplished using RF and microwaves'®. Connecting buildings via cables (e.g.,
coax or fiber optic) creates serious problems in congested metropolitan areas because the cable has
to be run underground from the upper floors of one building to the upper floors of the other. This
problem, however, can be greatly alleviated using RF and microwave transmitter/receiver systems
that are mounted on rooftops or in office windows. Inside buildings, RF and microwaves can be used
effectively to create a wireless LAN in order to connect telephones, computers, and various LANs to
each other. Using wireless LANs has a major advantage in office rearrangement where phones,
computers, and partitions are easily moved with no change in wiring in the wall outlets. This creates
enormous flexibility and cost savings for any business entity.

Words & Expressions

active [‘eektiv] adj. HIFP)

alleviate [o'li:vieit] vt. I ZEM

antenna [een'tena] n. Rk

carrier ['keeria] n. UK

cautery ['ko:teri] n. W (R Jgass Betai)
channel ['tfzenl] n. e fFiE

coax [kauks] n. [i) 2ty H 2

collision [ka'lizen] n. filf s Al

coordinate  [kau'o:dinit] n. Arbr CFHEZD
diffraction  [di'freek[on] n. i

entity ['entiti] n. SR APAE; AR
hemorrhage [hemarid3] n. Hi Ifi

incident ['insidant] adj. NI, BAE s e R F 1
interference [.inta'fisarans] n. T4k

ionosphere  [ai'onasfis] n. B2
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magnetism  ['meegnitizam] n. fg ks W)

meteorology [.mi:tja'roled3i] n. [E%, A RE
metropolitan [metra'polit(e)n] a. KEBTIHY
optical ['optikal] adj. MREG I I D6
orientation  [9(:)rien'teifen] n. SEAL; E IR
ozone ['ouzaun] n. B SR, (R4
propagation  [propa'geifan] n. (PR, WA S ARk
sterilization ~ [sterilai'zeif an] n. R, 4FH
surveillance [sa:'veilans] n. WAL,
via ['vais, 'viia] prep. 2l HuE
cut-off frequency A7
Transverse Magnetic (TM) RERE CPED 1Y
lay the foundation of Yoo f T N EER, Ageeeee B 5E BEAl
line-of-sight Mk, HiHES
modulating signal WiHE S

Notes

[1] Before we describe and analyze these types of waves we need to consider why RF/microwaves as
a subject has become so important, that it is placed at the forefront of our modern technology. as a
subject it [A A7, B2 H] RF/microwaves.

FEVHRIX I BB, BT EEG Gl A A S i 2 R A e 22
DA T AT TR A NIRARE AR I T #2742
[2] With the invention of the transistor in the 1950s and the advent of microwave integrated circuits
in the 1960s, the concept of a microwave system on a chip became a reality. with Z5MJCIRE, R

B 20 Tl 50 AR A AT 60 SEATIB AR O (1 HH DL, S5 U R SE I i
MUK T 5,
[3] Due to the exact and all-encompassing nature of these laws in predicting electromagnetic
phenomena, along with the great body of analytical and experimental investigations performed since
then, we can consider the field of RF and microwave engineering a “mature discipline” at this time.

H 32 5 0 s A TR TIN5 Ak U REBILER L N2 e B A T I R R B 0 A M SE SR AT 9 T
P, W LU A/ niipe TREIRAE SE — [ T 2 ke
[4] Thus use of Maxwell’s equations at these higher frequencies becomes imperative. | FH 4 #7:
¥ 4400 use VAN, JFAb R ETE.

R TRN (RFER7IE S EF i R SR IVALE I LT =PI E
[5] The important conclusion to be drawn from this discussion is that Maxwell’s equations present a
unified theory of analysis for any system at any frequency, provided we use appropriate
simplifications when the wavelengths involved are much larger, comparable to, or much smaller than
the circuit dimensions.
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MEL B a3 4518 s S Ko KT BN TR R Ie H 2 H
i, HEHTIE IR, 22 v T35 77 Rt nl AR AR T (AT R GRS — I 7 A B g
[6] Short-distance communication inside as well as between buildings in a local area network(LAN)
arrangement can be accomplished using RF and microwaves.  as well as #4F and.

) PSR AR Bl T i UL P e [ S SR PAY AN RS R0 ) ) R P 8 3 15

Grammar
As Y

As FERMEE BN I ARFIEER, AT RUMIHOCRAA . RRENE . R A, b w] P
A ] i 2 A RS S

1. AANE, WRMAEAEE, ERPBEALE. RIESRAEE
[#51 1] Radio, as the fastest and most reliable means of communication, is essential to modern science.
CIRAZ D

To2k F L O PRGE PRI AE TR, AEBLARE A TR AN AT Bk .
[#51 2] Electrical power is always carried over long distances as a high-tension voltage at low-current
strength.  (J72URTE)

HL ) AR DA F S AT R A R O AR A T Iz B it
[#5 3] Maxwell’s equations simplify into a subject commonly referred to as geometrical optics,
which treats light as a ray traveling on a straight line. (Mg i)

22 ya =5 J7 RE AT A A T LD, RN E B EARRRKDE L

TF: HAe R Wyl in sl /1] (R 3 1) 1 SR as SIHIANE T, FERHIETE R UL IZ 5]

114 : assume, define, describe, consider, regard, know, refer to %5,

2. AEERTF I SRENE

[f51] 4] The antenna gain becomes larger as frequency is increased in the microwave band.  CIiJ[a])
FERR BB, R i A S (T v T 1K

[51 5] Marconi tried to commercialize radio at a much lower frequency for long-distance communications,

but as he had a business interest in all of his work and developments, this was not a purely scientific
endeavor. (JE[A)D

Lhn] e B DA SEAR A A SE I KB B30 A5, T2 i i Ak, AH R A A7 1) AR S
Az, B DUXAS Z2aliRF2EIE K
[#51 6] Small as atoms are, electrons are still smaller. ~ (il:20)
JE 7 BEARRS, HAEL RN
[#51 7] Just as not all systems are linear, not all linear systems are shift-invariant. ~ (J73{)
IEMRGIF AR S ARG, LRSI SN AL RS .
[f31 8] Electromagnetic waves travel as fast as light travels.  (LL%)
AL A AL AT — FE D
« 65 .



[#5 9] The electrical resistance of a body is constant only so long as its physical condition is

unchanged.

YR PR A A, H B (. (1)
3. AfEXRANARKRBIAGI R EBNH

[#51 10] Compression, as the name implies, deals with techniques for reducing the storage required to

save an image, or the bandwidth required to transmit it.
o JESL, - R A ie ek > PG Ak 25 i B PRAIC RLR A Sty 58 (R AR
[ 11] The current is in the same direction as the motion of the positive particles. (5|5 PRI &

WHMA), & such... as...)
FELUA AR 7 1) BRI 1 R ARFAZ Bl R 7 17
[51] 12] Pulse-code modulation is such as the samples are quantized into discrete steps.
ik e 2 A o) A AR (R ABE A 3 8 SR B B (L ) TR 1 T VR
[51] 13] As indicated earlier in Chapter 2, Fundamental concepts in electrical and electronics engineering,

standard circuit theory can neither be used at RF nor particularly at microwave frequencies.
IS 2 5 RS T TR SRS 7 Frig i, FEACHRER BRI, JEH
BTG

4. B RREIEGH
[f51] 14] QFSK effectively double the data rate as against binary that can be transmitted in a given

bandwidth.
5 TR S AR L, 1E AR B AE — i () T P A R B T B BT — .

[f31 15] The key factor in all this is that microwave signal wavelengths in radars are comparable to

the physical size of the transmitting antenna as well as target.
FCrp 0 S B PR 3 T A TP BT BB A5 5 AR R S R e B H A R AR EEAUL

[f51 16] The major applications of RF/microwave signals are categorized as follows: communication,

radar, navigation, remote sensing, domestic and industrial applications, and medical applications.
SRR R N A AR RIS, S BRI FEH TAV N ] RBE T A

[#51 17] As far as the principle of the conservation of energy is concerned, it is one of the general

principles that underlie all natural process.
RS TE S IEE BN 5, E A D) F AR R I 2l (1) 38k S —
T FoAth s W[ 2 FE TR 458038 as a matter of fact, as a result (of), as a whole, as a rule, as

for/to, as regards, so as to &5

Exercises

1. Choose the best answer for each of the following questions.

(1) The beginning of microwave engineering is characterized by

a. a piece of paper written by Oliver Heaviside
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b. The discovery that electromagnetic wave propagation was possible in waveguide
c. The experimental demonstration of the propagation of electromagnetic waves
d. Maxwell’s equations
2) showed experimentally the possibility of electromagnetic wave propagation in
waveguide?
a. Heinrich Hertz
b. George Southworth and W.L.Barron
c. Oliver Heaviside
d. Lord Rayleigh
(3) Basic circuit theory can be used at
a. FR/microwave frequency
b. the optical field
c. lower frequency
d. any frequency
(4) Which is not considered as the advantage to using RF/microwaves?
a. larger bandwidth available
b. use of high-speed semiconductors along with their less-mature technology
c. higher antenna gain possible in a smaller space
d. better resolutions for radars due to smaller wavelengths
(5) RF/microwaves are used as signal for audio signals in broadcasting.
a. modulated
b. carrier
¢. modulating
d. demodulated
(6) Microwave clothes dryers are designed to take advantages of one of the following
properties of microwaves? .
a. larger bandwidth available at high frequency
b. microwaves travel by line of sight
c. microwave signal wavelength are comparable to the physical size of clothes

d. resonance of conductive material when exposed to microwave field

2. Substitute the underlined words with the appropriate choices given below.

(1) Neither Herz nor Heaviside investigated the possibility of electromagnetic wave propagation
inside a hollow metal tube.
a. transmission b. reception c. flow d. transition
(2) An important property of signals at RF, and particularly at higher microwave frequency, is
their great capacity to carry information.
a. volume b. eligibility c. capability d. probability
(3) Almost all biological units are composed predominantly of water.
a. significantly b. especially c. fundamentally d. primarily
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(4) From 1897 to 1936 the waveguide was essentially forgotten until it was rediscovered by
two men.
a. basically b. practically c. absolutely d. nearly
(5) In this application, gigantic dish antennas are used to monitor, collect and record incoming
microwave signals from outer space.
a. observe b. supervise c. measure d. process
(6) In many RF/microwave applications, the advantages of a system operating at these
frequencies outweigh the disadvantages and propel engineers to a high-frequency design.
a. exceed b. extend ¢. expand d. express

3. Translate the following sentences into Chinese.

(1) Microwaves are normally considered to embrace the frequency range 109-1012 Hz or a
characteristic wavelength range of 30 cm to 0.3 mm.

(2) The study of electromagnetic radiation is an exact science because it can be represented
exactly by mathematical expressions.

(3) Microwaves are necessary for communication with satellites because they can pass through
the ionosphere which reflects lower frequency radio waves.

(4) The rate of microwave power absorption in most materials is proportional to its water
content. This property can be used to provide microwave heating. Because the microwave signal
penetrates most non-conductors, microwave power provides a most efficient means of applying heat
uniformly throughout a body.

(5) Microwaves are potentially hazardous because of their heating effect. The effect may not be
felt until damage has already been done because the heating may be internal whereas our body is
designed to warn us about externally applied heat.

(6) For seismic signals traveling through a portion of the earth and picked up by appropriate
transducers, one can extract from their particular shape and appearance information concerning the
underlying strata.

4. Complete the sentences using “as structure”.

(1) We consider silver
ATV B34
(2) Another advantage of use of microwaves in radars is the availability of higher antenna gain

for a given physical antenna size.

FETR IE AR R 55— A, R T80 78 RG], BEAT I 1) T e I 3R 5K
R
(3) In this application, RF/microwaves are used

FESEN %%ﬁ&ﬁ%aﬁﬁﬁﬁ?ﬁ%ﬁ&ﬁ%o

(4) , their rate is gradually halved.
XLk e O R 1 T LRI, AT AR R D R
(5) Short-distance communication inside in a LAN arrangement can be accomplished
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using RF and microwaves.

SRR PSR P R TR R R A A T DA S ORI sl S TR

(6) With the development of computers it is of the mind.

BEA TEEERLR T, LT SR B T e LR T T & 5

(7) The surface of the earth has not always looked today, in fact the earth is changing
everyday.

MO BRI T B DU FAN RS — AR, SEBr L EREE H ATEAR A .

(8) Without sound, our world would be .

AT, WA W R e S S — FEAr BRI B4R

9 , microwave radars are used for this purpose.

H T 0 TR IAANBE IR IR N AA BB R ik it B (R

(10D Another property of microwaves is that they travel by line of sight, very much like

TR o — R E R e AL, IRBOCL AR, IEWAEILITE: TR ) —Ff.

Reading Material
Basic RF Building Blocks

RF systems are constructed primarily using four basic building blocks — amplifiers, filters,
mixers, and oscillators. Amplifiers and filters are common analog blocks and are well handled by
SPICE. However, mixers and oscillators are not heavily used in analog circuits and SPICE has

limited ability to analyze them. What makes these blocks unique is presented next.
1. Mixers

Mixers translate signals from one frequency range to another. They have two inputs and one
output. One input is for the information signal and the other is for the clock signal, the LO. Ideally,
the signal at the output is the same as that at the information signal input, except shifted in frequency
by an amount equal to the frequency of the LO. A multiplier can act as a mixer. In fact, a multiplier is
a reasonable model for a mixer except that the LO is passed through a limiter, which is usually an
integral part of the mixer, to make the output less sensitive to noise on the LO.

The input and output signals of a mixer used for up-conversion (as in a transmitter) are shown
in Figure 1. The LO is shown after passing through the limiter so that the output in the time-domain
is simply the product of the inputs, or the convolution of the two inputs in the frequency domain. The
information signal, here a modulation signal, is replicated at the output above and below each
harmonic of the LO. These bands of signal above and below each harmonic are referred to as
sidebands. There are two sidebands associated with each harmonic of the LO. The ones immediately
above the harmonics are referred to as the upper sidebands and the ones below are referred to as the
lower sidebands. The sideband at DC is referred to as the baseband.

When the LO has a rich harmonic content, an input signal at any sideband will be replicated to
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each of the sidebands at the output. Usually, only one sideband is of interest and the others must be
eliminated. If the desired sideband is the baseband, then the undesired sidebands are eliminated with
a lowpass filter. Otherwise the undesired sidebands are removed with a bandpass filter. This works
well for sidebands of harmonics different from that of the desired sideband. However, special
techniques are then required to eliminate the remaining undesired sideband.

Consider a down-conversion mixer (as in a receiver) and assume the mixer is followed by a
filter. This filter is used to remove all but the desired channel. The output of the mixer/filter pair is
sensitive to signals in each sideband of the LO. Associated with each sideband is a transfer function
from that sideband to the output. The shape of the transfer function is determined largely by the filter.
Thus, the bandwidth of the passband is that of the filter. If the filter is a bandpass, then the passband
of the transfer function will be offset from the LO or its harmonic by the center frequency of the
filter. These passbands are referred to as the images of the filter and are shown in Figure 2.
Generally only one image is desired, the rest are undesired. The most troubling is usually the
one that shares the same harmonic as the desired image. Image-reject mixers are designed to reduce

the gain associated with this undesired image.
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Figure 1 Signals at the inputs and outputs of an Figure 2 Images at the input of the first mixing stage
up-conversion mixer. The modulation of a typical receiver. The images
signal is mixed up to the upper and lower sidebands of are frequency bands where the output is sensitive to
the LO and its harmonics. signals at the input.

Sidebands and images are related, but are not the same. Sidebands are frequency bands in the
signal actually produced at the output of a mixer, whereas images are bands at the input of a mixer

that have the potential to produce a response at the output frequency.

2. Oscillators

Oscillators generate a reference signal at a particular frequency. In some oscillators, referred to
as VCOs for voltage controlled oscillators, the frequency of the output varies proportionally to some
input signal. Compared to mixers, oscillators seem quite simple. That is an illusion.

Oscillators are generally used in RF circuits to generate the LO signal for mixers. The noise
performance of the mixer is strongly affected by noise on the LO signal. The LO is always passed
through a limiter, which is generally built into the mixer, to make the mixer less sensitive to small

variations in the amplitude of the LO. However, the mixer is still sensitive to variations in the phase
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of the LO. Thus, it is important to minimize the phase noise produced by the oscillator.
Nonlinear oscillators naturally produce high levels of phase noise. To see why, consider the

trajectory of an oscillator’s stable periodic orbit in state space. Furthermore, consider disturbing the
oscillator by applying an impulse u(¢) = 6(¢) .The oscillator responds by following a perturbed

trajectory v(z) + Av(¢) as shown in Figure 3, where v(f) represents the unperturbed 7-periodic
solution and Aw(z) is the perturbation in the response.

t 2

0 Av(0)
l6
tl />{ A¢6 ti T

Figure 3  The trajectory of an oscillator shown in state space with and without a perturbation Av .

By observing the time stamps (Z, - - £, ) one can see that the deviation in amplitude

dissipates while the deviation in phase does not.

Decompose the perturbed response into amplitude and phase variations
t
v. () =v(t)+Av(t)=1+a()v| t+ 40 (1)
27,
where v, (f) represents the noisy output voltage of the oscillator, a(f) represents the variation in

amplitude, ¢@(¢)is the variation in phase, and f, = % is the oscillation frequency.

Since the oscillator is stable and the duration of the disturbance is finite, the deviation
in amplitude eventually decays away and the oscillator returns to its stable orbit. In effect, there is a
restoring force that tends to act against amplitude noise. This restoring force is a natural consequence
of the nonlinear nature of the oscillator and at least partially suppresses amplitude variations, as
shown in Figure 4. With linear oscillators, there is no restoring force and so the amplitude is arbitrary
(i.e., they do not have stable orbits). As such, linear oscillators exhibit equal amounts of amplitude
and phase noise because the amplitude noise is not suppressed.

PP

Figure 4 A linear oscillator along with its response to noise (left) and a nonlinear oscillator with its response to
noise (right). The arrows are phasors that represents the unperturbed oscillator output, the carriers, and the circles
represent the response to perturbations in the form of noise. With a linear oscillator the noise simply adds to the
carrier. In a nonlinear oscillator, the nonlinearities act to control the amplitude of the oscillator and so to suppress

variations in amplitude, thereby radially compressing the noise ball and converting it into predominantly a variation in phase.
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Since the oscillator is autonomous, any time-shifted version of the solution is also a solution.
Once the phase has shifted due to a perturbation, the oscillator continues on as if never disturbed
except for the shift in the phase of the oscillation. There is no restoring force on the phase and so
phase deviations accumulate. This is true for both linear and nonlinear oscillators. Notice that there is
only one degree of freedom — the phase of the oscillator as a whole. There is no restoring force
when the phase of all signals associated with the oscillator shift together; however there would be a
restoring force if the phase of signals shifted relative to each other. This is important in oscillators
with multiple outputs, such as quadrature oscillators or ring oscillators. The dominant phase
variations appear identically in all outputs, whereas relative phase variations between the outputs are
naturally suppressed by the oscillator, or added by subsequent circuitry and so tend to be much

smaller.

New Words
amplitude Pl
autonomous H KR
deviation GLZ)
harmonic W, IR
image Bifg
limiter PR
mixer TRAES
modulation Wl
oscillator e %
passband ik
phasor FHE
spectrum ik, S
trajectory Bk
bandpass filter Qislib A&
LO (Local oscillator) A IR T
VCO (voltage controlled oscillator) R 4

Questions

1. Describe both sidebands and images phenomena appeared in the mixer.
2. List some of the use of oscillators.

3. Why do nonlinear oscillators naturally produce higher levels of phase noise?
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