&=
e
—
2
i
e
e
—
e
i

Fundamentals and Applications

el
=L
_—
==
7
==
e
—
=
—)

Li Tan
Jean Jiang




Digital Signal Processing



This page intentionally left blank



Digital Signal Processing

Fundamentals and Applications

Second edition

Li Tan
Purdue University North Central

Jean Jiang
Purdue University North Central

AMSTERDAM ¢« BOSTON « HEIDELBERG ¢« LONDON
NEW YORK ¢ OXFORD ¢ PARIS * SAN DIEGO

e =S SAN FRANCISCO ¢ SINGAPORE * SYDNEY « TOKYO

ELSEVIER Academic Press is an Imprint of Elsevier

N



Academic Press is an imprint of Elsevier
225 Wyman Street, Waltham, MA 02451, USA
The Boulevard, Langford Lane, Kidlington, Oxford, OX5 1GB, UK

First edition 2007
Second edition 2013

Copyright © 2013 Elsevier Inc. All rights reserved

No part of this publication may be reproduced or transmitted in any form or by any means, electronic or
mechanical, including photocopying, recording, or any information storage and retrieval system, without
permission in writing from the publisher. Details on how to seek permission, further information about the
Publisher’s permissions policies and our arrangement with organizations such as the Copyright Clearance Center
and the Copyright Licensing Agency, can be found at our website: www.elsevier.com/permissions

This book and the individual contributions contained in it are protected under copyright by the Publisher (other
than as may be noted herein).

Notices
Knowledge and best practice in this field are constantly changing. As new research and experience broaden our

understanding, changes in research methods, professional practices, or medical treatment may become necessary.

Practitioners and researchers must always rely on their own experience and knowledge in evaluating and using any
information, methods, compounds, or experiments described herein. In using such information or methods they
should be mindful of their own safety and the safety of others, including parties for whom they have a professional
responsibility.

To the fullest extent of the law, neither the Publisher nor the authors, contributors, or editors, assume any liability
for any injury and/or damage to persons or property as a matter of products liability, negligence or otherwise, or
from any use or operation of any methods, products, instructions, or ideas contained in the material herein.

Library of Congress Cataloging-in-Publication Data
A catalog record for this book is available from the Library of Congress

British Library Cataloguing in Publication Data
A catalogue record for this book is available from the British Library

ISBN: 978-0-12-415893-1

For information on all Academic Press publications
visit our website at elsevier.com

Printed and bound in the United States of America
1310987654321

Wiebrking rogether to prow
librazes in dewcloping counto

"'.'l'“l.l\.'ln.' Cnigen "'.'l'“..'.l\.'hllll..l- I “".'.'-ll.-:-.lll-'..llil_

FISEVIER  BRaAm o T e




Contents

1.4.
1.5
CHAPTER 2

2.1
2.2,

2.3.
24.
2.5.
2.6.
CHAPTER 3
3.1

3.2.

3.3.

.................................................................................................................................. Xiii
Introduction to Digital Signal Processing .........cccceeveevvreviissseeeeennn. 1
Basic Concepts of Digital Signal Processing.........cccceeeeevieriiernieenieniieniiesieeieeeee. 1
Basic Digital Signal Processing Examples in Block Diagrams .......c...cccccceeeeueenee. 3
1.2.1. Digital FIering ........cccooviiiiiiiniiiiiieeteceeeereeeee e 3
1.2.2. Signal Frequency (Spectrum) Analysis.......ccccoeoeerereerieneeneeneeiesieeienieeneenne 3
Overview of Typical Digital Signal Processing in Real-World
APPIICALIONS ..ttt ettt ettt st e st eab e e bt e st e e bt e sateeabeebaesabeenseeseas 5
1.3.1. Digital Crossover Audio SYSteM........cecueriuierieiriienienieerie et 5
1.3.2. Interference Cancellation in Electrocardiography ............cccccoeeniiiinennnnn. 5
1.3.3. Speech Coding and COMPIESSION......eeeverrveermrerrieeniierieenieenteereeieesreeseeenaees 7
1.3.4. Compact-Disc Recording SyStem ........cccceceevuiereririienieiienieeieieeeceee e 7
1.3.5. Vibration Signature Analysis for Defective Gear Teeth.........c..ccccceveienee 9
1.3.6. Digital Photo Image Enhancement .............ccceecevvienienninnienieeicenie e 9
Digital Signal Processing AppliCations..........cccceeueeeeriieieruineeneneenieneereseerenene 12
SUIMIMATY ettt ettt eab e et e bt e sbee st e e bt e bt e ebe e bt e sbeeesbeesbeenaees 13
Signal Sampling and Quantization .............ceeeeeeeeeeeeeeeeeeeeeeeeeeeenns 15
Sampling of ContinUoUs SigNAl........cccccieriiriiiiiieriienie et 15
Signal RECONSITUCTION ......eevuiiriiiiiieeiieeiee ettt et 21
2.2.1. Practical Considerations for Signal Sampling: Anti-Aliasing Filtering..... 25
2.2.2. Practical Considerations for Signal Reconstruction: Anti-Image
Filter and EQUALIZET .......cccueeviiiiiiiiieie ettt 30
Analog-to-Digital Conversion, Digital-to-Analog Conversion,
ANd QUANTIZALION ...c..vviiiiieeeiieeeiieeeiee et e et e st e e etr e e esereeetaeeessbeeeesaeeseseaessesensnens 35
SUIMIMATY ...ttt ettt ettt e st e e saesane s eanereene 47
MATLAB PrOgrams.......ccocueetieriieienieenieeieesieesite ettt sttt siee s e sieesaee e 48
PLODICIIS ...ttt bt 49
Digital Signals and Systems...........cccoevririiiiiiiiiis s s e 57
Digital SINALS ..couveiiiiiiiiieet et 57
3.1.1. Common Digital SEqUENCES ......cc.ereeruirieriiriieniieiee ettt 58
3.1.2. Generation of Digital Signals.......c.cccocervieriniiniiiiiiniiiencieeceesceeiee 61
Linear Time-Invariant, Causal SYSEIMS ....cceevvierveeriieriiieriienieeieeneesreereesresveenne 63
32,1, LIN@ATIEY .eeuvieiiieniieriieeitteriteete et e st e et et e st e teesete e bt esaeesabeesseesabesabaesasessseenne 63
3.2.2. Time INVArianCe .........cccccoeviviiiiiiiiiiiiiiiicee e 65
3.2.3. CaAUSALILY ..o e 66
Difference Equations and Impulse ReSPONSEs ........ccccouerviievieriiiiniinicnieeiceeene 67
3.3.1. Format of the Difference EQUation .........c..ceceevevievincininenncncnicncnieiee 67
3.3.2. System Representation Using Its Impulse Response..........ccoecvevcvvervennenne 68



vi Contents

3.4.
3.5.
3.6.
3.7.

CHAPTER 4
4.1,

4.2.
4.3.
4.4.
4.5.

4.6.
4.7.

CHAPTER 5
5.1.
5.2.
5.3.

5.4.
5.5.
5.6.

CHAPTER 6

6.1.
6.2.

6.3.
6.4.
6.5.
6.6.

6.7.

Bounded-In and Bounded-Out Stability..........cccooeeeriiiiniiniiiniieniieiieeenieeieeeeene 71
Digital CONVOIULION ...eouiiiiiiiiiiiieeieenite ettt ettt ettt ettt s bt e e ens 72
SUMIMATY ..ottt st et sa e et eaeenesaeennens 79
PrODICIN ...t e 80
Discrete Fourier Transform and Signal Spectrum ........................ 87
Discrete Fourier Transform ..........coccooiveniiiininiiiiiicccceenceeeeeee e 87
4.1.1. Fourier Series Coefficients of Periodic Digital Signals...........cccccecereenee. 88
4.1.2. Discrete Fourier Transform Formulas...........ccoccoviiieiinieniinieiceeeee, 91
Amplitude Spectrum and Power Spectrum..........cccccvecveeieininenenenicnieieieeeneaeen 97
Spectral Estimation Using Window Functions ........c..c.cevveveeveneenenennencnncnne. 107
Application to Signal Spectral EStimation............ccecueevieriieriieenieniienneenieeeeeee. 116
Fast Fourier TransfOrm ........oocovueiiiiniiiiieeeteeceteeeee e 123
4.5.1. Decimation-in-Frequency Method ...........cccccociiiiiniiiniiininniniiiceeee 123
4.5.2. Decimation-in-Time Method............cccoceeiiiiiiininiiineeee e 128
SUIMMATY .ttt ettt ettt st b et b ettt et e sbe e b saee 132
ProbICM ... e 132
The Z-Transform .........cccceeeriniinmer e ————— 137
DEfINITION ..ottt e 137
Properties of the zZ-Transform........cccovveerieniiieiienieeeeteee e 140
Inverse z-Transforme...........cccooiviiiiiiiiiiiiiii e 144
5.3.1. Partial Fraction Expansion Using MATLAB.......c.ccceccoeniiniiniinnienieeen. 150
Solution of Difference Equations Using the z-Transform.........c..ccccceceeeeninnne. 152
SUIMIMIATY .ttt ettt et sb et e st e bt e bt e sabeesbeesatesabeesbtesatesabeesaneeneens 156
PrODICIMS ...ttt 156
Digital Signal Processing Systems, Basic Filtering Types,

and Digital Filter Realizations ...........cccoevimiiiiiiiiiii s 161
The Difference Equation and Digital Filtering.........ccccoeceeveneriininnenenieeeen 161
Difference Equation and Transfer Function..............coccoeceeviniincniincniniienceene 166
6.2.1. Impulse Response, Step Response, and System Response............cc.ccueeee 169
The z-Plane Pole-Zero Plot and Stability .........ccccceeeiienieriiieiienieeieeeeieeieene, 172
Digital Filter Frequency ReSpOnSe.........ccevvieiiierieriiieiienieeieeseeeeeieeieeeiee s 178
Basic Types Of FIltering .......cccocivvieririeniniiiiiieieeceeecee e 186
Realization of Digital Filters.........cccccevviiminininiineniicicieeeeeecseeee e 192
6.6.1. Direct-Form I RealiZation ..........cceceeiruivineniiniinieieinicinceseieseeeees 193
6.6.2. Direct-Form II Realization .........c..cocucverienienieninienineeneneeieneeienieeiene 193
6.6.3. Cascade (Series) RealiZation ...........coovvveeeieiveiieeeeiiiieeeeeeinreeeeeeeereeeeeeeennees 195
6.6.4. Parallel Realization...........ccccoueeieniiniinenieniinicieecc e 196
Application: Signal Enhancement and Filtering.............cccoccoceiiniiiiniiiinncnnn. 199
6.7.1. Pre-Emphasis of SPeech .........ccccoiiiiiiiiieiiieie e 200
6.7.2. Bandpass Filtering of Speech.........cccoevieiiiiiniiniiniieeeeeeeeeee 203

6.7.3. Enhancement of ECG Signal Using Notch Filtering..........cccccccevuveuennee. 205



6.8.
6.9.

CHAPTER 7
7.1.
7.2.
7.3.
7.4.

1.5.
17.6.
1.1.

7.8.
7.9.

7.10
7.11
7.12

CHAPTER 8

8.1.
8.2.

8.3.

8.4.

8.5.
8.6.
8.7.

Contents

SUIMIMATY .ttt ettt ettt e et e et esttesabeesbeessbeebeesaseenseenseesabesnseenseesnseenseene
50 70)0] 153 11 RSP UUSRUPP

Finite Impulse Response Filter Design.......c.ccccovvrrrrmeeemmncsiinnnnns
Finite Impulse Response Filter Format...........ccoeceeviiiiienieniieeeniecieeeeeeeee,
Fourier Transform DEeSIZN .......cvveeiiiriieriiiiienieeieeie ettt
WINAOW MEthOd .......coouiiiiiiiiiiiiiieeeeetec ettt
Applications: Noise Reduction and Two-Band Digital Crossover.....................
7.4.1. NOiSE REAUCHON ..c..eeruiiiiiiiiiiiiiiieeeeieetee ettt
7.4.2. Speech Noise RedUCHON. ......c.coiriiririeriiii e
7.4.3. Noise Reduction in Vibration SignalS.........c..cecceveroieninienenenncniinienene
7.4.4. Two-Band Digital CroSSOVET ......cccceeriirriieriieriieniienieeieesteeteeiee e seeenne
Frequency Sampling Design Method...........ccooceeiiiiiiininiinieieneececeeieee
Optimal Design Method ..........c.oooiiiiiniiiiiiiiceeee e
Realization Structures of Finite Impulse Response Filters...........cccceoenieience.
7.7.1. Transversal FOIM ......ccccocoviiiiiiiiiieniieieeeteeeee e
7.7.2. Linear Phase FOrm........ccoccvieiiiniiiiiniiiiciie et
Coefficient Accuracy Effects on Finite Impulse Response Filters.....................
Summary of FIR Design Procedures and Selection of FIR Filter Design
Methods in PractiCe .........cocuiiieiiriieiiiiee e e

o SUIMIMATY cveeiteeee ettt ettt sttt ebeesbeesabeesbeenaee s
« MATLAB PrOZrams ...c..coceeouirieniineiienieeienieeitenieete ettt st sae e
v PIODIEIMIS .o

Infinite Impulse Response Filter Design..........ccovvrrrmmemmeeeceirernnnns
Infinite Impulse Response Filter Format...........ccocueiieieiiniininienineienceeee
Bilinear Transformation Design Method ...........cccceoieiiininiininiineniiienceienee
8.2.1. Analog Filters Using Lowpass Prototype Transformation ......................
8.2.2. Bilinear Transformation and Frequency Warping ..........cccccecevireennnnne.
8.2.3. Bilinear Transformation Design Procedure ............cccoocoiininiiniennnnnne.
Digital Butterworth and Chebyshev Filter Designs.........ccccooeeveneneenienienienenne
8.3.1. Lowpass Prototype Function and Its Order .........c..ccocevceeveneniencnneencnne.
8.3.2. Lowpass and Highpass Filter Design Examples........ccccceeveevierieenieennnnn.
8.3.3. Bandpass and Bandstop Filter Design Examples .........ccecceeveerieenieennnen.
Higher-Order Infinite Impulse Response Filter Design Using the
Cascade MethOd........co.ooiiriiiiii e
Application: Digital Audio EQUaliZer .........c.ccovevieiiniieniniiniiiienenceieseeeniee
Impulse-Invariant Design Method..........ccocciiiiiiiiiiiiienienieceeeece e
Pole-Zero Placement Method for Simple Infinite Impulse Response
FIIETS ..o
8.7.1. Second-Order Bandpass Filter Design ..........ccccocerieveiieneniniicnieiene.
8.7.2. Second-Order Bandstop (Notch) Filter Design........ccccocveeveeneiriennecnnnen.
8.7.3. First-Order Lowpass Filter Design.........cccceeeeviniriineiienenieieceieeee
8.7.4. First-Order Highpass Filter Design .......ccccoecueeviiinieeneeniieieienieeeenen

vii



viii Contents

8.8. Realization Structures of Infinite Impulse Response Filters .............ccceeveveneene. 358
8.8.1. Realization of Infinite Impulse Response Filters in Direct-Form I
and Direct-Form IL.........cccoooiiiiiiiiiniiiieeeeee e 358
8.8.2. Realization of Higher-Order Infinite Impulse Response Filters
via the Cascade FOrm .........ocoouivieiiiiiiiiiiiiniienccecicceeeeeene 361
8.9. Application: 60-Hz Hum Eliminator and Heart Rate Detection
Using Electrocardio@raphy .........coocevieerieniiiiniienienieeniteeteeiee e 362
8.10. Coefficient Accuracy Effects on Infinite Impulse Response
FAIEETS .ttt ettt sttt e 369
8.11. Application: Generation and Detection of DTMF Tones Using the Goertzel
ALGOTTRIMN. .ttt st 373
8.11.1. Single-Tone GENETALOT .........ccceervueeriierrieeriierieeieeneesiteesieesitesteesreeaeens 374
8.11.2. Dual-Tone Multifrequency Tone Generator............ccccceceecverueeceeneencnne. 375
8.11.3. Goertzel AIZOTItRIM ...ccoueeriiiiiieiiiicece e 377
8.11.4. Dual-Tone Multifrequency Tone Detection Using the Modified
Goertzel AIZOTithm ......cooeviiiiiiiiiiieeeeee e 383
8.12. Summary of Infinite Impulse Response (IIR) Design Procedures
and Selection of the IIR Filter Design Methods in Practice .........ccccccvevveennen. 388
813, SUMMATY ....ocuiiiiiiiiicieieiete ettt ettt ettt ettt b b e st esbeseeteeseebessessessesens 391
8.14. PrODIEIMI....ccuinieiiieiiietiietetet ettt bbbt b e bese b e s beneene 392
CHAPTER 9 Hardware and Software for Digital Signal Processors ................ 405
9.1. Digital Signal Processor ATChItECUIE .........c.ecveveverrirririerieieieieriereeresiessessessesaens 406
9.2. Digital Signal Processor Hardware Units .........c.coeevueirieinieinieinieeneeeeseneene 408
9.2.1. Multiplier and AcCUMUIALOT ........ccceeeerirereriinienieeeeeeeeec e 408
0.2.2. SRITEEIS .ttt 409
9.2.3. Address GENEIALOTS. ......cc.cveuieuieuieiiriieiieiieesiest ettt s ne 409
9.3. Digital Signal Processors and Manufacturers ............coccevverieriecveieenenesiesiessennens 411
9.4. Fixed-Point and Floating-Point FOrmats ...........cccccevtrirerierieieieieeeesesiesieiesnns 411
9.4.1. Fixed-Point FOIrmMat.........cccocciiiiiiiiiiiiiiiieeieeceeeeeeeee e 412
9.4.2. Floating-Point FOrmat.........cc.ccccceevimirininiineninicieieeeeeencsesveve e 419
9.4.3. 1EEE Floating-Point FOrmats ............ccccecueririeniniinineenenieieneeieseeiene 423
9.4.5. Fixed-Point Digital Signal Processors ........ccccceevvervueevieenieenieenieeniesrieenenes 426
9.4.6. Floating-Point ProCeSSOTS .....coiiiiiiiriiiiieriierieeritert ettt 427
9.5. Finite Impulse Response and Infinite Impulse Response Filter
Implementations in Fixed-Point SyStems..........ccccovervevierienienininienicnenieieneeenenn 429
9.6. Digital Signal Processing Programming EXamples .........cccoceevvevirieenierenerennennns 434
9.6.1. Overview of TMS320C67X DSK .....c.ccoeimieimeiniineeeirecnececeneene 434
9.6.2. Concept of Real-Time Processing.........cceeeueveveenieriensieenienieeieenieeeeenanes 438
9.6.3. Linear Buffering ..........ccoceeviiiiiiiiiiniieieteeceeeee e 440
9.6.4. Sample C Programs..........ccccoueeierinierenieieeeeseeeeee e 445
9.7, SUIMIMIALY ..cevvinieviieiiieteete ettt ettt bbb se b se b e se s esesbeseebeseesesesenessaneene 448
9.8, PIODIEINS ..oovinieeiieiiietcetetete ettt b e b e bese b ne b nnene 449



Contents ix

CHAPTER 10 Adaptive Filters and Applications ...........ccoouememmmmmeimmeeeeeeeeeneene. 453
10.1. Introduction to Least Mean Square Adaptive Finite Impulse Response
FALERTS ettt ettt st sttt 453
10.2. Basic Wiener Filter Theory and Least Mean Square Algorithm.................... 457
10.3. Applications: Noise Cancellation, System Modeling, and Line
Enhancement.........ccccuiiiiiiiiiiiiiiiiiciicc e 462
10.3.1. Noise Cancellation...........ccccoeevuerieieniieiiineeieneere et 462
10.3.2. System Modeling .........c.ccccirieiiiiiiiiniieiieiee e 468
10.3.3. Line Enhancement Using Linear Prediction.........c..cccceveecienenienncnne. 473
10.4. Other Application EXAMPIES .........ccooierieririiieieiiieeeeeeereeiecreetereesereeseeaneveenns 476
10.4.1. Canceling Periodic Interferences Using Linear
PrediCtion .....o.eoeeiirieiiieccec et 476
10.4.2. Electrocardiography Interference Cancellation...............ccccceueeueenneee. 476
10.4.3. Echo Cancellation in Long-Distance Telephone Circuits.................. 479
10.5. Laboratory Examples Using the TMS320C6713 DSK......ccceevirieirieereenennnn. 480
10.6. SUMMALY c..ouiiieiiiieieieieeeeete ettt st a et et se s s eseaees 485
107, ProbIems......cueeieieuiiiinieieiiiinieieicittstete ettt ettt 486
CHAPTER 11 Waveform Quantization and Compression...........ccceeeeeeeeeeeeenens 497
11.1. Linear Midtread QUantiZation .............cccceovvevuiiieerieeeereeeeeeeeeeeeeereeseeeeesneerens 497
11.2. p-1aw COMPANAING ...vvveeiieiieieieieeeiee ettt 501
11.2.1. Analog u-Law Companding.........ccecceereeerieenienieniiienienieenieesieenieenne 501
11.2.2. Digital p-Law Companding..........cccceceeveerierinieieneenieneeieeeeeeeeee 504
11.3. Examples of Differential Pulse Code Modulation (DPCM), Delta
Modulation, and Adaptive DPCM G.721......cccovciirieiininienieeseeeeeeee e 509
11.3.1. Examples of Differential Pulse Code Modulation and Delta
MOdUIALION ...ttt 509
11.3.2. Adaptive Differential Pulse Code Modulation G.721.........c.cccocune.e 512
11.4. Discrete Cosine Transform, Modified Discrete Cosine Transform,
and Transform Coding in MPEG Audio .........cccoocieiiiiiiiiiiniiiieiceeeeeee 519
11.4.1. Discrete Cosine Transform.........c.ccccecevirerineniinccienenieienenceeeeene 519
11.4.2. Modified Discrete Cosine Transform..........cccoccoeeviveiivninininennene. 522
11.4.3. Transform Coding in MPEG Audio .......c.cceevieviiriiiinieiieeiieeieeieene 525
11.5. Laboratory Examples of Signal Quantization Using the TMS320C6713
DISK ettt sttt 528
B SUMMAIY ..ttt ea et ens 533
11.7. MATLAB PrOIammS......cccceirteieieirierisieesteeeseeseseseeseessesessesessesessesessessssesessns 533
11,8, PrODICINIS. ...ttt 548
CHAPTER 12 Multirate Digital Signal Processing, Oversampling
of Analog-to-Digital Conversion, and Undersampling
of Bandpass Signals..........ccovereeeeieeieeeeeeeee e 555
12.1. Multirate Digital Signal Processing BasiCS........c.ccceeveirineiisierieieieieniennens 555

12.1.1. Sampling Rate Reduction by an Integer Factor.............ccccceeeeennene 556



X Contents

12.1.2. Sampling Rate Increase by an Integer Factor.........ccccoeveevivrvieennnnne 562
12.1.3. Changing the Sampling Rate by a Noninteger Factor L/M ............... 567
12.1.4. Application: CD Audio Player .........cccoccovviiieiininiinieiiniieeneeee 571
12.1.5. Multistage Decimation ...........cccceceevuererienerienieneeieneeeesie et 574
12.2. Polyphase Filter Structure and Implementation...........ccoceevevervrieerieerreennenenns 578
12.3. Oversampling of Analog-to-Digital CONVEISION..........ccvevveveierierinrerierierenens 585
12.3.1. Oversampling and Analog-to-Digital Conversion Resolution........... 586
12.3.2. Sigma-Delta Modulation Analog-to-Digital Conversion................... 592
12.4. Application Example: CD Player........ccccoceeeieieieieinieieieeeieeeeseieesse s 601
12.5. Undersampling of Bandpass Signals...........ccccevevereriererinieenieeeieeeieesieeeveneens 603
12.6. Sampling Rate Conversion Using the TMS320C6713 DSK ......cccecvvvenrnnenee. 608
12,7, SUMIMATY ..ottt ettt seebeete st e b e b essesseseaseesessessessessansens 613
12.8. PrODICINS.....ccuiiiiiiiiiiiieieceteteie ettt ettt sb et sbesaeseaseesesbessessensessens 613
CHAPTER 13 Subband- and Wavelet-Based Coding...........cccevrrrrrrmemmmnnirrrennns 621
13.1. Subband Coding BaSiCS ......cecueeiereririeieieieeieieieieeee ettt 621
13.2. Subband Decomposition and Two-Channel Perfect Reconstruction
Quadrature Mirror Filter Bank ...........ccccoovciiiiiiiiiniiieiieeie e, 626
13.3. Subband Coding of SigNals ........ccceceveririrreniriiiriereee e 635
13.4. Wavelet Basics and Families of Wavelets.........cccocevveerieieinienieenieieeeieeeenen 638
13.5. Multiresolution EQUAtIONS .........ccceeveueieierieeieieieieieeeeiee et 650
13.6. Discrete Wavelet Transform .........cccoeeeeeenieeieieieenieeeeeeee e 655
13.7. Wavelet Transform Coding of Signals .........ccccevieviririerieriecieieieeeeseeeieieniens 664
13.8. MATLAB PrOrams........ccceeeeueirieirienieteeeieeeieesteesieestesestesesteneseenessesessenenns 668
13,9, SUMIMATY .ottt ettt ettt b et et b s b se b eseebenenne 672
13,10, PrODICIMS c.voueeeinieiiiieiiieteietete ettt ettt ettt et be e b se b eseeseneene 673
CHAPTER 14 Image Processing BasiCS.........ccccvvvrrrrrsrssssssmmmmmsrrssssssssseseneens 683
14.1. Image Processing Notation and Data FOrmats............cccoceeeveveneerencnencnnencnn. 684
14.1.1. 8-Bit Gray Level IMages ........cccoeeeverieieiieieseeeeeeeeeeieeee e 684
14.1.2. 24-bit Color IMAZES .....ccveeiiiieniiriieienieeie ettt 686
14.1.3. 8-Bit Color IMAages ......cceevuerieriiniieienieeieneeteieseeeee et 687
14.1.4. INtensity IMAZES....c.ccveeriirriierieeiierieeieeite sttt sre et see e esene e 688
14.1.5. Red, Green, and Blue Components and Grayscale Conversion........ 688
14.1.6. MATLAB Functions for Format Conversion...........cccceeceevveeneeeneen. 690
14.2. Image Histogram and EQUalization .............cccoeueerinnieeeeninieneeenneiecesnene 692
14.2.1. Grayscale Histogram and Equalization ..........c..coceeeeveevieneenenennncne. 692
14.2.2. 24-Bit Color Image EqQualization ...........ccceeevveevieeniennieeneenieeieenieenne 695
14.2.3. 8-Bit Indexed Color Image Equalization ............ccecceeveevieniieeneennnene 700
14.2.4. MATLAB Functions for Equalization...........cccceccevviieneenienneeneennnen. 702
14.3. Image Level Adjustment and CONLIaSt.........cceeveerrererienirieirieenieereeeseesenenne 704
14.3.1. Linear Level Adjustment..........ccooveeierieenieinieenienieeneeeeeeeeseeeeene 704
14.3.2. Adjusting the Level for Display ........ccocceveriieneniniiniiinieeneee 707

14.3.3. MATLAB Functions for Image Level Adjustment............cccccevuuenne 707



Contents Xi

14.4. Image Filtering ENhanCement............c..coeivverieieierieieieiereereeeeeesseseesneieeneenens 707

14.4.1. Lowpass Noise FIltering.........ccceocueeveenieiniiinienieeiienieeieeee e 709

14.4.2. Median Filtering ........cccooveeriieiiiiniiiiieie ettt 712

14.4.3. Edge DeteCtion......c..ceouirieririiiieniieienieeteeiteie sttt 715

14.4.4. MATLAB Functions for Image Filtering.......c..ccocceceveneevenennencnne. 718

14.5. Image Pseudo-Color Generation and Detection.............ccceevivvevieiereereninennns 722

14.6. TMAZE SPECITA ..vveviieieiiiiiiieiesieetete ettt este st ess et et eseesesseesesbessesseseessesassensens 725

14.7. Image Compression by Discrete Cosine Transform ..........cccoeceoeveerieenienennne 728

14.7.1. Two-Dimensional Discrete Cosine Transform............cccoeeevueeeenenne. 729

14.7.2. Two-Dimensional JPEG Grayscale Image Compression Example ... 731

14.7.3. JPEG Color Image COmMPIresSiOn.........cecverueeruerereerieerienienrenieeeeneenees 735

14.7.4. Image Compression Using Wavelet Transform Coding .................... 738

14.8. Creating a Video Sequence by Mixing Two Images ........cccevveereereerencenennn. 745

14.9. Video Signal BasiCS....coeoivieirieiiieirieisieisieeieee ettt 746

14.9.1. ANAlog VIO ....coveieuieiieieiieiiieietcceeetet ettt e 747

14.9.2. Digital VIAO.....ccouivuieiiiiieiiriiiieriteesi ettt 753

14.10. Motion Estimation in VIde0 .........cccovueueirririeierininieieeinnieiecenesereeseneeenene 755

14,11, SUMIMATY ..ottt ettt ettt b et ereeteebeebe b esbesseseessesseseesans 757

1412, PrODICINS ....ceeimiviiiiinieietciireeeetcettntete ettt ettt 758

Appendix A: Introduction to the MATLAB Environment ...........ccccceeeeieienieiienieieneeceseeeeeneeenees 767

Appendix B: Review of Analog Signal Processing BasiCs .........ccooceevieriineninieniiieneececeeeeeen 775

Appendix C: Normalized Butterworth and Chebyshev Functions..........cccccocevvvevinieniniencnncncnnn. 805

Appendix D: Sinusoidal Steady-State Response of Digital Filters.........ccccevieviieniencienieeneeneenne. 813
Appendix E: Finite Impulse Response Filter Design Equations by the Frequency Sampling

DeSign METROG. .....coeiiiiiiieee ettt et ettt ettt b e sttt sbee st 817

Appendix F: Wavelet Analysis and Synthesis EQUAtiOnS ..........cocceveriieniiiiininienieeeecececee e 821

Appendix G: Some Useful Mathematical Formulas...........ccccoocevvieniniiniinininiiiiieeceeeeeen 825

Answers to Selected Problems ........cccccuciiiiiiiiiiiiiiiieiiee e 831

RELEIEICES ... st 857



This page intentionally left blank



Preface

Technology such as microprocessors, microcontrollers, and digital signal processors have become so
advanced that they have had a dramatic impact on the disciplines of electronics engineering, computer
engineering, and biomedical engineering. Engineers and technologists need to become familiar with
digital signals and systems and basic digital signal processing (DSP) techniques. The objective of this
book is to introduce students to the fundamental principles of these subjects and to provide a working
knowledge such that they can apply DSP in their engineering careers.

The book is suitable for a two-semester course sequence at the senior level in undergraduate
electronics, computer, and biomedical engineering technology programs. Chapters 1 to 8 provide the
topics for a one-semester course, and a second course can complete the rest of the chapters. This
textbook can also be used in an introductory DSP course in an undergraduate electrical engineering
program at traditional colleges. Additionally, the book should be useful as a reference for under-
graduate engineering students, science students, and practicing engineers.

The material has been tested for two consecutive courses in a signal processing sequence at Purdue
University North Central in Indiana. With the background established from this book, students will be
well prepared to move forward to take other upper-level courses that deal with digital signals and
systems for communications and control.

The textbook consists of 14 chapters, organized as follows:

e Chapter 1 introduces concepts of DSP and presents a general DSP block diagram. Application
examples are included.

e Chapter 2 covers the sampling theorem described in the time domain and frequency domain and
also covers signal reconstruction. Some practical considerations for designing analog anti-
aliasing lowpass filters and anti-image lowpass filters are included. The chapter ends with
a section dealing with analog-to-digital conversion (ADC) and digital-to-analog conversion
(DAC), as well as signal quantization and encoding.

* Chapter 3 introduces digital signals, linear time-invariant system concepts, difference equations,
and digital convolutions.

¢ Chapter 4 introduces the discrete Fourier transform (DFT) and digital signal spectral calculations
using the DFT. Methods for applying the DFT to estimate the spectra of various signals,
including speech, seismic signals, electrocardiography data, and vibration signals, are
demonstrated. The chapter ends with a section dedicated to illustrating fast Fourier transform
(FFT) algorithms.

e Chapter 5 is devoted to the z-transform and difference equations.

* Chapter 6 covers digital filtering using difference equations, transfer functions, system stability,
digital filter frequency responses, and implementation methods such as direct-form I and direct-
form II.

e Chapter 7 deals with various methods of finite impulse response (FIR) filter design, including the
Fourier transform method for calculating FIR filter coefficients, window method, frequency
sampling design, and optimal design. Chapter 7 also includes applications that use FIR filters for
noise reduction and digital crossover system design.

xiii
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Chapter 8 covers various methods of infinite impulse response (IIR) filter design, including the
bilinear transformation (BLT) design, impulse-invariant design, and pole-zero placement design.
Applications using IIR filters include audio equalizer design, biomedical signal enhancement,
dual-tone multifrequency (DTMF) tone generation, and detection with the Goertzel algorithm.
Chapter 9 introduces DSP architectures, software and hardware, and fixed-point and floating-point
implementations of digital filters.

Chapter 10 covers adaptive filters with applications such as noise cancellation, system modeling,
line enhancement, cancellation of periodic interferences, echo cancellation, and 60-Hz
interference cancellation in biomedical signals.

Chapter 11 is devoted to speech quantization and compression, including pulse code modulation
(PCM) coding, mu-law compression, adaptive differential pulse code modulation (ADPCM)
coding, windowed modified discrete cosine transform (W-MDCT) coding, and MPEG audio
format, specifically MP3 (MPEG-1, layer 3).

Chapter 12 covers topics pertaining to multirate DSP and applications, as well as principles of
oversampling ADC, such as sigma-delta modulation. Undersampling for bandpass signals is also
examined.

Chapter 13 introduces a subband coding system and its implementation. Perfect reconstruction
conditions for a two-band system are derived. Subband coding with an application of data
compression is demonstrated. Furthermore, the chapter covers the discrete wavelet transform
(DWT) with applications to signal coding and denoising.

Finally, Chapter 14 covers image enhancement using histogram equalization and filtering methods,
including edge detection. The chapter also explores pseudo-color image generation and detection,
two-dimensional spectra, JPEG compression using DCT, image coding using the DWT, and the
mixing of two images to create a video sequence. Finally, motion compensation of the video
sequence is explored, which is a key element of video compression used in MPEG.

MATLAB programs are listed whenever they are possible. Therefore, a MATLAB tutorial should be
given to students who are new to the MATLAB environment.

Appendix A serves as a MATLAB tutorial.

Appendix B reviews key fundamentals of analog signal processing. Topics include Fourier series,
Fourier transform, Laplace transform, and analog system basics.

Appendixes C, D, and E review Butterworth and Chebyshev filters, sinusoidal steady-state
responses in digital filters, and derivation of the FIR filter design equation via the frequency
sampling method, respectively.

Appendix F details the derivations of wavelet analysis and synthesis equations.

Appendix G offers general useful mathematical formulas.

In this new edition, MATLAB projects dealing with practical applications are included in Chapters 2,
4,6,7,8, 10, 12, and 13.

Instructor support, including solutions, can be found at http://textbooks.elsevier.com. MATLAB

programs and exercises for students, plus Real-time C programs can be found at booksite.elsevier.com/
9780124158931.

Thanks to all the faculty and staff at Purdue University North Central in Westville, Indiana, for their

encouragement. In particular, the authors wish to thank Professors Thomas F. Brady, Larryl Matthews,
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Christopher J. Smith, Alain Togbe, Edward Vavrek, Nuri Zeytinoglu, and Shengyong Zhang for their
support and suggestions. We are also indebted to all former students in our DSP classes at Purdue
University North Central for their feedback over the years, which helped refine this edition.

Special thanks go to Joseph P. Hayton (Publisher), Chelsea Johnston (Editorial Project Manager),
and Renata Corbani (Project Manager) at Elsevier for their encouragement and guidance in developing
the second edition.

The book has benefited from many constructive comments and suggestions from the following
reviewers and anonymous reviewers. The authors take this opportunity to thank them for their
significant contributions. We would like to thank the following reviewers for the second edition:
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OBJECTIVES:

This chapter introduces concepts of digital signal processing (DSP) and reviews an overall picture of its
applications. Illustrative application examples include digital noise filtering, signal frequency analysis,
speech and audio compression, biomedical signal processing such as interference cancellation in elec-
trocardiography, compact-disc recording, and image enhancement.

1.1 BASIC CONCEPTS OF DIGITAL SIGNAL PROCESSING

Digital signal processing (DSP) technology and its advancements have dramatically impacted our
modern society everywhere. Without DSP, we would not have digital/Internet audio and video; digital
recording; CD, DVD, and MP3 players; iPhone and iPad; digital cameras; digital and cellular tele-
phones; digital satellite and TV; or wired and wireless networks. Medical instruments would be less
efficient or unable to provide useful information for precise diagnoses if there were no digital elec-
trocardiography (ECG) analyzers, digital X-rays, and medical image systems. We would also live in
many less efficient ways, since we would not be equipped with voice recognition systems, speech
synthesis systems, and image and video editing systems. Without DSP, scientists, engineers, and
technologists would have no powerful tools to analyze and visualize the data necessary for their
designs, and so on.

Digital Signal Processing. http://dx.doi.org/10.1016/B978-0-12-415893-1.00001-9 1
Copyright © 2013 Elsevier Inc. All rights reserved.
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FIGURE 1.1

A digital signal processing scheme.

The basic concept of DSP is illustrated by the simplified block diagram in Figure 1.1, which
consists of an analog filter, an analog-to-digital conversion (ADC) unit, a digital signal (DS) processor,
a digital-to-analog conversion (DAC) unit, and a reconstruction (anti-image) filter.

As shown in the diagram, the analog input signal, which is continuous in time and amplitude, is
generally encountered in the world around us. Examples of such analog signals include current,
voltage, temperature, pressure, and light intensity. Usually a transducer (sensor) is used to convert the
nonelectrical signal to the analog electrical signal (voltage). This analog signal is fed to an analog
filter, which is applied to limit the frequency range of analog signals prior to the sampling process. The
purpose of filtering is to significantly attenuate aliasing distortion, which will be explained in the next
chapter. The band-limited signal at the output of the analog filter is then sampled and converted via the
ADC unit into the digital signal, which is discrete both in time and in amplitude. The DS processor
then accepts the digital signal and processes the digital data according to DSP rules such as lowpass,
highpass, and bandpass digital filtering, or other algorithms for different applications. Notice that the
DS processor unit is a special type of digital computer and can be a general-purpose digital computer,
a microprocessor, or an advanced microcontroller; furthermore, DSP rules can be implemented using
software in general.

With the DS processor and corresponding software, a processed digital output signal is gener-
ated. This signal behaves in a manner according to the specific algorithm used. The next block in
Figure 1.1, the DAC unit, converts the processed digital signal to an analog output signal. As shown,
the signal is continuous in time and discrete in amplitude (usually a sample-and-hold signal, to be
discussed in Chapter 2). The final block in Figure 1.1 is designated as a function to smooth the DAC
output voltage levels back to the analog signal via a reconstruction (anti-image) filter for real-world
applications.

In general, the analog signal process does not require software, an algorithm, ADC, and DAC. The
processing relies wholly on the electrical and electronic devices such as resistors, capacitors, tran-
sistors, operational amplifiers, and integrated circuits (ICs).

DSP systems, on the other hand, use software, digital processing, and algorithms; thus they have
a great deal of flexibility, less noise interference, and no signal distortion in various applications.
However, as shown in Figure 1.1, DSP systems still require minimum analog processing such as the
anti-aliasing and reconstruction filters, which are musts for converting real-world information into
digital form and digital signals back into real-world information.

Note that there are many real-world DSP applications that do not require DAC, such as data
acquisition and digital information display, speech recognition, data encoding, and so on. Similarly,
DSP applications that need no ADC include CD players, text-to-speech synthesis, and digital tone
generators, among others. We will review some of them in the following sections.
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1.2 BASIC DIGITAL SIGNAL PROCESSING EXAMPLES IN BLOCK DIAGRAMS

We first look at digital noise filtering and signal frequency analysis, using block diagrams.

1.2.1 Digital Filtering

Let us consider the situation shown in Figure 1.2, depicting a digitized noisy signal obtained from
digitizing analog voltages (sensor output) containing a useful low-frequency signal and noise that
occupies all of the frequency range. After ADC, the digitized noisy signal x(n), where n is the sample
number, can be enhanced using digital filtering.

Since our useful signal contains the low-frequency component, the high-frequency components
above that of our useful signal are considered noise, which can be removed by using a digital lowpass
filter. We set up the DSP block in Figure 1.2 to operate as a simple digital lowpass filter. After pro-
cessing the digitized noisy signal x(n), the digital lowpass filter produces a clean digital signal y(n).
We can apply the cleaned signal y(n) to another DSP algorithm for a different application or convert it
to the analog signal via DAC and the reconstruction filter.

The digitized noisy signal and clean digital signal, respectively, are plotted in Figure 1.3, where the
top plot shows the digitized noisy signal, while the bottom plot demonstrates the clean digital signal
obtained by applying the digital lowpass filter. Typical applications of noise filtering include acqui-
sition of clean digital audio and biomedical signals and enhancement of speech recording, among
others (Embree, 1995; Rabinar and Schafer, 1978; Webster, 1998).

x(n n
(n) ~ DSP y(n)
Digitized noisy input Digital filtering Clean digital signal

FIGURE 1.2

The simple digital filtering block.

1.2.2 Signal Frequency (Spectrum) Analysis

As shown in Figure 1.4, certain DSP applications often require that time domain information and
the frequency content of the signal be analyzed. Figure 1.5 shows a digitized audio signal and its
calculated signal spectrum (frequency content), that is, the signal amplitude versus its corre-
sponding frequency for the time being, obtained from a DSP algorithm, called the fast Fourier
transform (FFT), which will be studied in Chapter 4. The plot in Figure 1.5(a) is a time domain
display of the recorded audio signal with a frequency of 1,000 Hz sampled at 16,000 samples per
second, while the frequency content display of plot (b) displays the calculated signal spectrum
versus frequency, in which the peak amplitude is clearly located at 1,000 Hz. Plot (c) shows a time
domain display of an audio signal consisting of one signal of 1,000 Hz and another of 3,000 Hz
sampled at 16,000 samples per second. The frequency content display shown in plot (d) gives two
locations (1,000 Hz and 3,000 Hz) where the peak amplitudes reside, hence the frequency content
display presents clear frequency information of the recorded audio signal.



4 CHAPTER 1 Introduction to Digital Signal Processing

j‘ | /t ?OisyRSignr)\al Mo 1
g A A
I
\JA“ \/A\ // \ Avﬂv \v/ \UA AVAV \/AVA

Time (sec.)
FIGURE 1.3
(Top) Digitized noisy signal. (Bottom) Clean digital signal using the digital lowpass filter.
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FIGURE 1.4

Signal spectral analysis.

As another practical example, we often perform spectral estimation of a digitally recorded speech
or audio (music) waveform using the FFT algorithm in order to investigate spectral frequency details of
speech information. Figure 1.6 shows a speech signal produced by a human in the time domain and
frequency content displays. The top plot shows the digital speech waveform versus its digitized sample
number, while the bottom plot shows the frequency content information of speech for a range from O to
4,000 Hz. We can observe that there are about ten spectral peaks, called speech formants, in the range
between 0 and 1,500 Hz. Those identified speech formants can be used for applications such as speech
modeling, speech coding, speech feature extraction for speech synthesis and recognition, and so on
(Deller et al., 1993).
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Audio signals and their spectrums.

1.3 OVERVIEW OF TYPICAL DIGITAL SIGNAL PROCESSING IN REAL-WORLD
APPLICATIONS

1.3.1 Digital Crossover Audio System

An audio system is required to operate in an entire audible range of frequencies, which may be beyond
the capability of any single speaker driver. Several drivers, such as the speaker cones and horns, each
covering a different frequency range, are used to cover the full audio frequency range.

Figure 1.7 shows a typical two-band digital crossover system consisting of two speaker drivers:
a woofer and a tweeter. The woofer responds to low frequencies, while the tweeter responds to high
frequencies. The incoming digital audio signal is split into two bands by using a digital lowpass filter
and a digital highpass filter in parallel. Then the separated audio signals are amplified. Finally, they are
sent to their corresponding speaker drivers. Although the traditional crossover systems are designed
using the analog circuits, the digital crossover system offers a cost-effective solution with program-
mability, flexibility, and high quality. This topic is taken up in Chapter 7.

1.3.2 Interference Cancellation in Electrocardiography

In ECG recording, there often is unwanted 60-Hz interference in the recorded data (Webster, 1998).
The analysis shows that the interference comes from the power line and includes magnetic induction,
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Two-band digital crossover.

displacement currents in leads or in the body of the patient, effects from equipment interconnections,
and other imperfections. Although using proper grounding or twisted pairs minimizes such 60-Hz
effects, another effective choice can be use of a digital notch filter, which eliminates the 60-Hz
interference while keeping all the other useful information. Figure 1.8 illustrates a 60-Hz interference
eliminator using a digital notch filter. With such enhanced ECG recording, doctors in clinics could give
accurate diagnoses for patients.



1.3 Overview of Typical Digital Signal Processing in Real-World Applications 7

Digital notch filter for
) eliminating 60-Hz —p / /
ECG signal interference

with 60-Hz

interference ECG recorder with
the removed 60 Hz
60-Hz interference
interference

ECG

\N \N preamplifier

FIGURE 1.8

Elimination of 60-Hz interference in electrocardiography (ECG).

This technique can also be applied to remove 60-Hz interference in audio systems. This topic is
explored in depth in Chapter 8.

1.3.3 Speech Coding and Compression

One of the speech coding methods, called waveform coding, is depicted in Figure 1.9A, describing the
encoding process, while Figure 1.9B shows the decoding processing. As shown in Figure 1.9A, the
analog signal is first sent through an analog lowpass filter to remove high frequency noise components
and is then passed through the ADC unit, where the digital values at sampling instants are captured by
the DS processor. Next, the captured data are compressed using data compression rules to reduce the
storage requirements. Finally, the compressed digital information is sent to storage media.
The compressed digital information can also be transmitted efficiently, since compression reduces the
original data rate. Digital voice recorders, digital audio recorders, and MP3 players are products that
use compression techniques (Deller et al., 1993; Li and Drew, 2004; Pan 1985).

To retrieve the information, the reverse process is applied. As shown in Figure 1.9B, the DS
processor decompresses the data from the storage media and sends the recovered digital data to DAC.
The analog output is acquired by filtering the DAC output via the reconstruction filter.

1.3.4 Compact-Disc Recording System

A compact-disc (CD) recording system is described in Figure 1.10A. The analog audio signal is sensed
from each microphone and then fed to the anti-aliasing lowpass filter. Each filtered audio signal is
sampled at the industry standard rate of 44.1 kilo-samples per second, quantized, and coded to 16 bits for
each digital sample in each channel. The two channels are further multiplexed and encoded, and extra
bits are added to provide information such as playing time and track number for the listener. The encoded
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