INTERNATIONAL
EDITIONS

AERERERE &

(% Simon Haykin ¥

ADAPTIVE K




™NTI 43%19

HC S
(3)
: ‘Adaptive Filter Theory
Third Edition
H & o7 I8 5% 25 I PR
T =)

5
[£] Simon Hay‘]u—"rf%'

i

T F I ¥ & KR A2
Publishing House of Electronics Industry
it 3 - BEIJING



RER N

ABLEREHICRT HEMBRHFE, EHEY, LR, 28
Ve EF#E . 28RS 208, SERYFFENIEF
RXENERFEZIHAVER, AUH#— P RAREM %

AR KEREREPE RENEMIBFESED BT/ TEE
RARZ%,

Adaptive Filter Theory, Third Edition/Simon Haykin

(©1996 by Prentice-Hall, Inc.

Original edition published by Prentice Hall, Inc. ,a Simon & Schuster Company .
Prentice Hall A R4V T Tl AR £ P E BN (A EHE BT
BX SR A S EK ) MR H R BREE,

ZBHEME Prentice Hall BB th17% , TIFEEFRHE,

REW T, A B UEATREHRPREBEZR L RLEBAR
AT, B AR 5T o

Ji + 4. Adaptive Filter Theory, Third Edition
H# 4 HENBERFR(R= Jﬁ)
% & #: [3%] Simon Haykin
% R . BB R R FF K
HIERE. KB BY
R #. ALK ERT
¥ 3] . =WHESHRARAF
WHREFT: BF LA At URL:http://www. phei.com.cn
EEAEIER T A 173 548 HB4 100036
. S EeHE
7. 850x 1168 1732 EN3K.31.625
K. 1998F 10 AFE 1 1994 3 A% 2 WER
o, ISBN 7:-5053-4884-1
: TN-1182
4. 49.00 T
AR A ARBIES BEF.01-98-1777

AMELFLEERAHES, ALT BRI AR FIREAER A KA F
A, ke & ERAR,
ZEERS FHARLARRLAR, ©iF 68279077



HoORR % BB

LA, AT AT AR R LR L2 ), KM AR
BERG A S, A RISERPF £ 40 2R I8 0 1 44 B Ak, B i 545
IERE S TRV Y

L S AL BRI R R BA BT R B A B
o S AT LA B A G, g U R RRAE 245 JE SRS T R 7, et
Kof L At RS RR KF L L s K7 65 sC 38 K7, /st IX 0 4l
KEL MBI LR FBE, o R, LS IR A NA R
AR CTEI S DN N NG S 5 SRy LR 3 AN IR R RS N 2N
P& S5 K7 KT K7F, ROV TR 7, AR b IX I
WY SRAEE 1ol K7 A (LR 2 0 5 AR 07 5 — £ L RG BBEAN e B77 k #F
A7 R BHOEBERT 0 &, BB THE4E MR S8 Uk, TR SR 55 116 2 SC RSB M
HORTIE S X4 GEAG (A BRI E B A Y GEEIRD) .

A Bl 5 R BERGEAT, U RAL, A Ol R R A
B BEULIBM BB % 1, WS AT RS AR AR E S,

AL M BT RIS 1R B 1l A A SR B R AT R &2
WA, BRI MR 2 NN B S ECE S L R
SLAT RN R SOTPERIBUG Y E. A BP9 8, AR, R A,
S L5 0T A, RE A S U e S A AR A AT LRI U, B
AR ALy, TR IA A A RS - Dt ShIRN o B R A
iR, RN B S A A R U R
BUR K.

WAL S WA, AR R E £, AR
W EHT A (.

&, -F T b ok e
1998 %8 A



This book is dedicated to
¢ The many researchers whose significant contributions to adaptive filtering have made it
possible to write the book.

* The many reviewers, readers, and students who have helped me to improve the book
through insightful and critical comments.



Preface

The subject of adaptive filters constitutes an important part of statistical signal processing.
Whenever there is a requirement to process signals that result from operation in an envi-
ronment of unknown statistics, the use of an adaptive filter offers an attractive solution to
the problem as it usually provides a significant improvement in performance over the use
of a fixed filter designed by conventional methods. Furthermare, the use of adaptive fil-
ters provides new signal-processing capabilities that would not be possible otherwise. We
thus find that adaptive filters are successfully applied in such diverse fields as communi-
cations, control, radar, sonar, seismology, and biomedical engineering.

Aims of the book

The primary aim of this book is to develop the mathematical theory of various realizations
of iinear adaptive filters with finite-duration impulse response (FIR) and do the develop-
ment in a unified manner wherever possible. There is no unique solution to the linear adap-
tive filtering problem. Rather, we have a “kit of tools” represented by a variety of recur-
sive algorithms, each of which offers desirable features of its own. This book provides
such a kit.

Another aim of the book is to provide an introductory treatment of supervised neural
networks, where the emphasis is on learning. Neural networks represent an emerging tech-
nology with a great deal of potential for solving difficult nonlinear adaptive filtering
problems.

Organization of the book

The book begins with an introductory chapter, where the operation of adaptive filters and
their practical applications are discussed in general terms. The chapter ends with histori-

xiii



xiv Preface
cal notes, which are included to provide a source of motivation for the interested reader to
plough through the rich history of the subject. The concepts and algorithms introduced in
this chapter are explained in detail in subsequent parts of the book.

The remaining 20 chapters of the book are organized in four parts, as described here:

* Background material, consisting of Chapters 1 through 4. This part reviews fun-
damentals of discrete-time signal processing, characterization of discrete-time sto-
chastic processes in both time and frequency domains, and eigenanalysis. The
background material so provided helps the reader to develop a deep understanding
of what adaptive filters are all about.

Linear optimum filters, consisting of Chapters 5 through 7. Specifically, the basic
theory of Wiener filters, linear prediction, and Kalman filters is. developed in
detail. Wiener filters and Kalman filters, in their own individual ways, provide the
framework for the formulation of linear adaptive filters.

Linear adaptive filters, consisting of Chapters 8 through 17. This third part, by far
the largest in the book, presents a detailed treatment of the two important families
of linear adaptive FIR filters:

1. Least mean-square (LMS) algorithms, the time-domain and frequence-domain
versions of which are covered in Chapters 9 and 10, respectively. The method
of steepest descent, related to the Wiener filter and from which the standard
LMS algorithm is derived, is discussed in Chapter 8.

2. Recursive-least-squares (RLS) algorithms, the formulation of which is pre-
sented in a “unified” manner under the umbrella of Kalman filtering. Specifi-
cally, the standard, square-root, and order-recursive forms of the RLS algo-
rithm are discussed in Chapters 13, 14, and 15, respectively. Other related
issues, namely, the method of linear least squares for block least-squares filter-
ing and unitary rotations and reflections, are covered in Chapters 11 and 12,
respectively. This part of the book finishes with Chapter 16 on finite-precision
effects and Chapter 17 on the tracking of linear time-varying systems.

Nonlinear adaptive filters, covered in Chapters 18 through 20. In particular, Chap-

ter 18 discusses the blind deconvolution problems and how it can be solved by

nonlinear modifications to conventional adaptive filtering algorithms; the use of
cyclostationarity for solving the blind equalization problem is also covered here.

The remaining two chapters are devoted to multilayer feedforward neural net-

works, with Chapter 19 discussing the multilayer perceptron (MLP) trained with

the back-propagation algorithm, and Chapter 20 discussing radial-basis function

(RBF) networks.

Ancillary material

» A total of ten appendices are included on a variety of topics, to provide support-
ing material for the book.

« A Glossary is included, consisting of a list of definitions, notations and conven-
tions, a list of abbreviations, and a list of principal symbols used in the book.
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» All publications referred to in the text are compiled in the Bibliography. Each ref-
erence is identified in the text by the name(s) of the author(s) and the year of pub-
lication. The Bibliography also includes many other references that have been
added for completeness.

Computer Experiments

The book includes many computer experiments that have been developed to illustrate the
underlying theory and applications of the LMS and RLS algorithms. These experiments
help the reader to compare the performances of different members of these two families of
linear adaptive filtering algorithms.

The reader is invited to verify the results of the computer experiments and use them
as a basis for further exploration as he or she sees fit.

Problems

Each chapter of the book, except for the introductory chapter, ends with problems that are
designed to do two things:

+ Help the reader to develop a deeper understanding of the material covered in the
chapter

* Challenge the reader to extend some aspects of the theory discussed in the
chapter

Manual

The book has an accompanying manual composed of two parts:

« The software for all the computer experiments described in this book has been
written, using MATLAB. Part I presents the MATLAB code used for this purpose.

« Part II presents detailed solutions to all the problems at the end of Chapters 1
through 20 of the book.

A copy of the Manual can be obtained by instructors who have adopted the book for class-
room use by writing directly to the publisher.

The book is written at a level suitable for use in graduate courses on adaptive signal
processing. In this context, it is noteworthy that the organization of the material covered
in the book offers a great deal of flexibility in the selection of a suitable list of topics for
such a graduate course. It is hoped that the book will also be useful to engineers in indus-
try working on problems relating to the theory and applications of adaptive filters.

Simon Haykin
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