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Preface

In recent years, computers.and high-speed digital signal processors are updated more and more rapidly.
At the same time, new theory and methods of signal processing as well as sophisticated signal
processing algorithms are emerged endlessly. The development of the above two aspects are based
and promoted with each other, with the result that the field of digital signal processing has being
explosively progressed as a new high-tech subject. It has become a basic requirement for modern
information and commuhication engineers to master the basic theory and the analysis and design
techniques of signal processing, and to implement the analysis and design of signals and systems
using digital methods flexibly. In our country, the course of digital signal processing has become a
required course for undergraduate students in information and communication engineering and
electrical engineering, and an optional or necessary course for students in other disciplines.

In more than twenty-year teaching and research practice on signal processing, my lecture notes
on digital signal processing for undergraduate level course were repeatedly promoted by revisions and
fueled by many excellent textbooks published at home and abroad, which lead this book to be
published in a present form. In this book a relatively complete set of basic principles of discrete-time
signals and systems and fundamental techniques for analyzing and designing digital signals and
systems are presented. Thus, this book is suitable for undergraduate level course on digital signal
processing. It is also suitable for practicing engineers to use this book as self-study material.
Particularly, 1 hope that this book is suitable for a bilingual teaching course on digital signal
processing in universities of China.

It is assumed that the student selecting this course has successfully passed the courses of
fundamentals of circuit analysis and complex variables, and has had a good foundation of
continuous-time signals and systems.

The main contents of this book are contained in 10 chapters and 6 appendixes.

Chapter 1 presents at first an introduction to the basic concept about signals, systems and signal
processing. Then the classification of signals is discussed. Finally, an overview of digital signal
processing is briefly described.

Chapter 2 is devoted to the discrete-time signals and systems. It starts with the time-domain
representation of a discrete-time signal as a sequence of numbers. Then the operations on sequences
and some basic discrete-time signals are introduced. The discussion of discrete-time systems begins
with the mathematical definition of discrete-time systems, and then the systems are classified into
static and dynamic systems, linear and nonlinear systems, time-invariant and time-varying systems,
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causal and noncausal systems, stable and unstable systems, as well as passive and lossless systems.
Based on the representation of discrete-time LTI systems as the linear convolution sum, some
fundamental interconnections and the stability and causality of LTI systems are discussed. Finally, an
important class of systems whose input-output relation is characterized by linear constant-coefficient
difference equations is presented and the time-domain solution of these equations is introduced.

Chapter 3 develops an alternate representation of a sequence in terms of a complex variable z or a
set of complex exponentials in the form of {e™*"}, which leads to two particularly useful
transform-domain representations of discrete-time signals, namely, the z-transform and the
discrete-time Fourier transform (DTFT). Starting with the definition of the z-transform and its region
of convergence; the z-transform of some basic sequences are presented. The inverse z-transform
techniques are provided in detail, including the contour integral method, the partial-fraction expansion
method, the power series expansion and the power series expansion by long division. Then the
properties of the z-transform are discussed in detail. The discrete-time Fourier transform is introduced
through its definition and convergence criteria, and its properties are next presented. The concept of
the frequency response of discrete-time LTI systems is then introduced. The fundamental concept of
the eigenfunction and eigenvalue of LTI systems along with the sinusoidal steady-state response of a
causal, stable and real LTI system is treated. Next, the transfer function of LTI systems is defined,
followed by a discussion of the geometric evaluation of the frequency response in terms of pole-zero
plots of the transfer function. Finally, the sampling of a bandlimited continuous-time signal and the
reconstruction of such a signal from its samples are introduced. This chapter is concluded with a
discussion of the relations of the z-transform to the Laplace transform.

Chapter 4 is devoted to the discrete Fourier transform (DFT), which: is such a Fourier transform
with both finite-length and discrete in the time domain and the frequency domain. In this chapter, the
definition of discrete Fourier series (DFS), the inverse discrete Fourier series (IDFS) and the
properties of DFS are introduced. Then the DFT and the inverse discrete Fourier transform (IDFT) are
presented, followed by a discussion of properties of the DFT. Next, a linear convolution evaluated by
the circular convolution is discussed in detail, followed by a discussion of the overlap-add method
implementing linear time-invariant systems. The sampling and reconstruction in the, z-transform is
also discussed. The Fourier analysis of continuous-time signals using the DFT is treated in detail.
Practical considerations including the aliasing reduction, the spectral leakage, the frequency resolution
and the palisade effect are explained. This chapter is concluded with a treatment of the application of
the DFT in analyzing continuous-time sinusoidal signals. .

Chapter 5 focuses on the fast Fourier transform (FFT) algorithms. Included in this chapter are
descriptions of the decimation-in-time FFT algorithm with radix-2 and the decimation-in-frequency
FFT algorithm with radix-2.

Chapter 6 introduces some basic structures for the realization of IIR and FIR digital filters. The
basic structures for IIR digital filters include the direct form I, direct form II, cascade form and
parallel form, while the basic. structures for FIR filters include the direct form, cascade form, fast
convolution form, linear phase form and frequency sampling form.

Chapter 7 is entirely devoted. to the design techniques of IIR digital filters. First, preliminary
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considerations including some fundamental knowledge and specifications for designing: digital filters
are presented, and four types of discrete-time systems characterized by phase properties are discussed
in detail, including the minimum- and maximum-phase systems, and the maximum phase-lead and
minimum phase-lead systems. The definition and important phase property of allpass systems are
carefully considered. Second, the transformations of analog-to-digital filter are introduced, including
the impulse invariance transformation, step invariance transformation and the bilinear transformation.
Then the design of analog prototype filters is introduced, which includes the analog Butterworth
lowpass filters and the analog Chebyshev-I lowpass filters. Two techniques of the design of lowpass
IIR digital filters are presented, concerning with the impulse invariance and the bilinear
transformation. Finally, the design of the bandpass, bandstop and highpass IIR digital filters is
considered with two different methods, namely, the analog frequency-band transformations and the
digital frequency-band transformations.

Chapter 8 deals with the design of FIR digital filters. It begins with a discussion of the properties
of linear phase FIR filters, followed by a discussion of four types of linear-phase FIR filters. After a
discussion of basic window functions, the design techniques using ‘windows for linear-phase FIR
filters are introduced, including the design of lowpass, highpass, bandpass and bandstop linear-phase
FIR filters. | '

Chapter 9. treats the finite-wordlength effects in digital systems. It starts a discussion with binary
number representations and their quantization errors that are mainly concentrated on the fixed-point
binary representation and the errors resulting from rounding and truncation. Then, the quantization
errors arisen from rounding and A/D conversion are introduced, and the statistical analysis of
quantization effects and. the transmission of the quantization noise through LTI systems are presented.
Next, the coefficient quantization effects and round-off effects in the realization of IIR digital filters
are discussed in detail, also the dynamic range scaling in fixed-point implementations of IIR filters are
discussed. Finally, the limit-cycle oscillations and the round-off errors in fixed-point FFT
implementation are introduced.

Chapter 10 gives a discussion of the multirate digital signal processing at an introductory level;
which is designed to prepare students for upper-level courses in communication systems, control
systems and the digital signal processing that may relate to digital filter banks, multidimensional
multirate systems and wavelet transforms. With such an aim, the discussion begins with basic
operations of downsampling and upsampling for digital signals, which are performed by using two
basic sampling rate conversion devices, namely, downsampler and upsampler. Then, the decimator
and interpolator formed by a cascade of the sampling rate conversion devices and digital filters are
presented. Finally, the sampling rate conversion by a rational factor and some efficient structures for
sampling rate conversion are introduced.

This book contains seven appendixes. Appendixes from A to E provide six very useful tables that
can be used as a summary for several transforms and their properties and for the normalized
Butterworth lowpass filters. Appendix F provides partial answers for many end-of-chapter problems.

The book is accompanied by a detailed solution manual for all end-of-chapter problems in the
book. A copy of the manual is only available to instructors adopting this book for use in classrooms
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and may be obtained by writing to the publisher.

This book is designed for junior or senior students taking the bilingual teaching course on digital
signal processing in universities of China. Before taking this course, they have generally received
basic or much deeper training on the use of MATLAB software from prerequisite courses. In many
universities of China, the course of the digital signal processing is parallelly accompanied by a
practical course concerning experiments on signal processing and system analysis and design, in
which students will accept fundamental tfaining on the topics of digital signal processing based-on
MATLAB. 1t is firmly believed that a good understanding of the concepts considered in this book is
essential for intelligent use of the signal processing toolbox in MATLAB.

Please note that I would appreciate readers bringing to my attention any errors that may appear in
the printed version. These errors or any suggestions and comments can be communicated to me by
E-mail addressed to ckb@ccee.cqu.edu.cn.

As this book is published formally, I would like to express my sincere thanks to Professor Zejia
Jiang and Professor Shouchang Zhou in the College of Electrical Engineering of Chongging
University for enthusiastically and persistently instructing me in my teaching and academic career in a
long period of more than twenty years. In addition, I would like to express my sincere thanks to
Professor Yanxun Wu in the College of Electrical Engineering of Chonggqing University for his great
encouragement to my colleagues and myself to offer the digital signal processing course in 1986.
Professor Zejia Jiang, associate Professor Xiaoli Yin in the Electronic Engineering College of Beijing
Telecommunications University and Dr. Pisu Jiang who is now at University of Bristol in London
provided reviews of the manuscript. I deeply thank all of them for their valuable comments,
suggestions, correction and proofreading, which have improved the book tremendously. I wish to
express my gratitude to the Office of Educational Administration of Chongging University for
financial support in writing this book, and to Colleges. of Electrical Engineering and Communication
Engineering of Chongging University for providing harmonious teaching environment. In addition, I
would like to express my thanks to all of my teachers, colleagues, students and friends for helping me
in their own individual ways. Particularly, I am indebted to planning editor Yujia Wang and
responsible editors Haiping Tan and Danhui Duan of Publishing House of Electronics Industry in
China. Their enthusiastic support and help, and earnest word lead this book to be published
successfully.

Finally, I would like to thank my families for their endless encouragement, patience and support.

Kunbao Cai
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Introduction

1.1 What Is a Signal?

Signals, in one form or another, constitute a basic ingredient of our daily lives. For example, a
common form of human communication takes place through the use of speech signals, which may be

at a point in space. When the function depends on two or more independent variables, the signal is
said to be multidimensional signal. For example, a black-and-white picture is a representation of light
intensity as a function of two spatial coordinates; a video signal in television consists of a sequence of
images, called frames, and is a function of three independent variables that are two spatial coordinates

Generally, a signal is a function of independent variables such as time, distance, position,
temperature, pressure and etc. It is a common convention that the independent variable of the

1.2 What Is a System?

A system, in its most general form, is defined as a combination and interconnection of several
components to perform a designed task. For examples, the human physiology system, ecological
system, communication system, electric power system and global positioning system are all the
real-world systems, in a wide sense. However, a system, in a narrow sense, is mathematically defined
as a transformation or operator that maps an input signal into an output signal. Specifically, a
discrete-time system can be denoted as

y(n) =T[x(n)] (1.1)

where x(n) is the input signal, y(n) is the output signal and ‘T’ is an operator which represents a

rule or computation applied to the input signal to yield the output signal. Such a system is often
depicted using a block diagram shown in Figure 1.1.

x(n) T[*] y(n)

Figure 1.1 Block diagram representation for the system
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A basic structure of commonly used communication systems is depicted in Figure 1.2.
T here are three basic elements in this system, namely, transmitter, channel and receiver.
Functionally, the transmitter changes the message signal into a form suitable for transmission over the
channel, the channel is the physical medium that connects the transmitter and receiver, and the
receiver processes the channel output to produce an estimate of the message signal for a user.

Massage Transmitted Received Estimate of
i i signal message signal
signal gl Channel 5 Receiver

Transmitter

Figure 1.2  Basic structure of a communication system

1.3 What Is Signal Processing?

Signal processing is concerned with the representation, transformation, and manipulation of signals
and the information they contain. For example, we may wish to separate two or more signals that have
been mixed together, or we may want to enhance some signal components or estimate some
parameters of a signal model. In communication systems, it is commonly necessary to do
pre-processing such as modulation, signal conditioning, and compression prior to transmission over a
channel and then to post process at the receiver. The technology for signal processing was almost
exclusively continuous-time analog technology until 1960s. The rapid development of digital
computers and micro processors together with some important theoretical progress such as the fast
Fourier transform (FFT) algorithm caused a major shift to digital technologies, giving rise to the field
of digital signal processing.

1.4 . Classification of Signals

In this textbook, we will restrict our attention to one-dimensional signals which are defined as
single-valued functions of independent variable time. “Single-valued” means that for every specified
instant of time there is a unique value of the function except for the discontinuities of the function.
The value of a signal at a specified time is called its amplitude. The variation of the amplitude as a
function of the independent time variable is called its waveform. The classification of signals is a
basic problem in the field of signal processing, because different types of signals concern with
different representations and processing methods.

1.4.1 Deterministic and Random Signals

According to the certainty of some features of general signals, the signals can be classified into two
sets, that is, deterministic signals and random signals.

1. Deterministic Signals

A deterministic signal is such a signal about which there is no uncertainty with respect to its value at
any specified time. Thus, a deterministic signal can be completely described by a known function of
time.

A typical deterministic signal is a well-known sinusoidal signal, that is,

X (£) = Asin(Qot +8) (1.2)

where A is its amplitude, Q is its angular frequency with units radians per second (rad/s), and @ is its
initial phase with units radians (rad).

2. Random Signals

A random signal is such a signal about which there is uncertainty before it occurs. In other words, a
random signal is generated in a random fashion and cannot be predicted ahead of time. Thus, a
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random signal cannot be described by a deterministic function. According to the theory of random
processes, such a signal may be viewed as one realization of an ensemble of signals, with each signal
in the ensemble having a different waveform. Moreover, each signal within the ensemble has a certain
probability of occurrence. The ensemble of signals is called a random process.

A typical random signal is the random initial-phase sinusoidal signal, that is,

xe () = Asin(Qot + @) (1.3)

where the amplitude A and the angular frequency Qo are constants, and the initial phase¢ is a
random variable with a probability density function p(¢)=1/2r. Although the amplitude and

angular frequency of the signal are constants, the initial phase cannot be predicted before it is
generated.

Another random signal is thermal noise generated in the amplifier of a radio or television
receiver. Its amplitude fluctuates between positive and negative values in a complete random fashion.

1.4.2 Continuous-Time and Discrete-Time Signals

According to the continuity of the independent time variable for signals, the signals can be classified
into two classes as follows.

1. Continuous-Time Signals

A signal x(#) is said to be a continuous-time signal, if it is defined in the continuous-time domain.

However, it is not necessary for the amplitude of the signal to be continuous at any time instants. In
other words, a continuous-time signal may be undefined at a finite number of discrete time instants.
Furthermore, the continuous-time signals can be classified into two subclasses. One is the analog
signals whose time variable and amplitude are all continuous. Such a signal is shown in Figure 1.3(a).
Another is the quantized boxcar or stairstep signals whose time variable is continuous while its
amplitude takes discrete values with finite precision. Such a signal is shown in Figure 1.3(b).

2. Discrete-Time Signals

A discrete-time signal is defined only at discrete time instants. Thus, the independent variable of the
signal takes discrete values only, which are usually uniformly spaced on the time axis. However, the
amplitude of a discrete-time signal may take infinite-precision values or finite-precision values. A
discrete-time signal with discrete-valued amplitude represented by a finite number of digits is the
so-called digital signal.

x(?) r x(2)

A v gt AL

(a) (®)
Figure 1.3 Continuous-time signals: (a) an analog signal; (b) a quantized boxcar signal

A discrete-time signal is often derived from a continuous-time signal by sampling it at a uniform
rate, that is,

xX(n) =x.(nT) = Xc (Dli=py, n=0,£1,42,... (1.4)

where T denotes the sampling period with units seconds (s), ndenotes an integer that may assume
positive and negative values, however, it corresponds to time. Such a signal is shown in Figure 1.4(a),



