INDEX

ATY conversion, See Analog-lo-digital (AT
CONVErsion
Absolute summability, 30-52. 5
defined, 50
Tor suddenly-applied exponential, S0-51
Accumulator, 1920, 23,33, 35
and the backward difference system, 33
diflerence equation répresentalion of, 36
impulse response of, 33
in cascade with backward difference, 35
inverse system. 33
system, 19-20
A% time-invarignt syslem, 21
Additivity property, 19
Alias cancellation condition, 203
Aliasing, 159
antialiasing [ilver, 206207
and bilinear transformation, 506
distortion, 130 .
downsampling with, 181 -154
prefiltering to avoid, 206-200
inn sampling a sinusoidat signal, 162
All-pass systems, 305310
first- and second-order, 307-309
All-pole latiwe siructure, 412-414
Alt-pole model lattice netwark, 923-924
All-pole modeling, #91-895
awmlocorrelalion malching property, 898
determination of the gain parameter (7, 899908}
of finile-energy deterministic signals, 890897
least-squares approximation, 842
least-sguares inverse model, 892594
iinear prediction, 892
linear prediction formulation of, 895
linear predictive analysis, 892
minimum mean-squared error, H98
random signal modeling, 897

All-pole spectrum analysis, 207-213
pole locations, 911 913
sinusoidal signals, 913-915
speech signals, 905-911
Alternation theorem. 355-5635
defined, 558
and polvnomials, 558
Analop signais, 9
digital fillering of, 205-224
A!D canversion, 209-214
YA conversion, 220-224
ideal continuous-to-discrete (C/D) converler,
205
ideal discrete-to-continuous (DVC) converter,
205 ’
Analog-to-digital {A/D)} conversion, 2, 200-214
measurements of quanfizaton noise, 217-218
offset binary coding scheme. 212
oversampling atd noise shaping in, 224-236
physical configuration Lor, 209
qUantization errors:
analyasis of, 214215, 214-2240
for a sinusoidal signal, 215-217
guantizer, 21213
Analog-to-digital { AT converters, 205
Amnalvtic signals, 956, 969
and bandpass sampling, 966-9649
as 3 complex lime function, 943
defined, 943
and narrowband communication, 963
Analyzer-synthesizer filter banks, 266
Antaliasing filter, 2(6-207, T93-T45
frequency response of, 793
Aperiodic discrete-time sinusoids, 15
Asymptotically unbissed estimators, 837
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Autccorrelation:
circular, 853
determinisiic autacorrelation sequence, 67
invariance, 607
methocl, H0-H03
and parametric signal modeling, Y00-913
Autocorrelation matehing property, 898
all-pole modeling, 898
Autocorrelation normal eguations, 896
Levinson—Durhin algorithm, derivarion of,
o1v-920
Levinson—Durhin recursion, H6-017
sofutions of, 915-919
Aurocorrelation sequence of k[a], 67-68
Autoregressive { AR) linear random process, 887
Autorepressive moving-average (ARMA) linear
random process, 887

Backward difference, 13, 22,33
Backward difference system, 22, 33, 93, 96
and the accumulator, 35
impulse response of, 34
Backwurd prediclion error, 922-923, 925926, 041
Bandlimired interpolation, 264

Bandlimited sipnal, reconstruction from its samples,

163166
Bandpass flter, and FIR equiripple approximation,
576=577
Bartletl (Iriangular) wincdows, 536539, 823824,
HAZ-HO3
Bartictt's procedure, 844
Rasic sequences/Sequendce pperalions:
complex exponential sequences, 14-15
cxponential sequences, |3-14
sinusoidal sequences, 14
unit sample seqguence, 12
unit step sequence, 12-13
Basis sequences, 673
Rilateral z-rransform, L), 135
Bilinear rransformation, 504-508
and aliasing, 306
of a Butterworth filter, 303 -513
requency warping, S06-5{07
Bit-reversed order, 732
Blackman-Tukey cstimates, 562
Blackman windows, 336-3349, 324
Blackman-Tukey method, 850, 862
Block convolution, 668
Block Auating point, 762

Index

Block processing, 792
Bounded-input, bounded-outpul (BIBCOY, 22
Butterfly computation, 730
Butterworth filter, 581
bilincar ransformation of, $09-513
impulse imvarianee, S00-504

{Canonic direct form implementation, 38
Canonic form implementation, 380 381
Cascade-form structures, 390-393
illustration of, 392
Cascade 1TR sirecture, analysis of, 438453
Cascaded systems, 3433
Caunchy integral theorem, 943
Cauchy principal value, 94%
Cawchy-Riemann conditions, 943
Causal generalized incar-phase sysiems, 328-338
FIR linear-phase systoms:
cramples of, 330331
locations of zeros for, 335-338
redation to minimum-phase systems, 338340
type | FIR linear-phase systoms, 330
example, 331332
type II T'ER linear-phase systems, 330
example, 332-313
type 1T FTIR hinear-phase systems, 330
example, 333-354
type 1Y FIR linear-phass systems, 3300
example, 335
Causal sequences, 32
even and odd parts of, 945
expongptial sequencs, 347
finite-length sequence, 946
real- and imaginary-part sufficiency of the Fourier
iransform for, 944549
Causal systems, 32
Causalily, 22
Cepsirum:
complex, defingd, WE2-Usd
defined, U81-982
Teal, %844
Cuopstrum analysis, 980
Characteristic system for convolufion, S84
Characienstic, use of term, 419, 458
Chebyshey crilenon, 557
Chebyshew 1 degign, 551
Chebyshew 11 design, 581
Chirp signals, 751
Chirp ransform algorithm (CTA), 749754
paramcters, 754
Chirp transform, defined, 751
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Chirp z-transform {CZT) alporithm, 754
Chirps, defined, 312
Cholesky decomposition, Y16
Circular autocorrelation, 853
Circular convolution, discrele Fourier (ransform
{IDFT}, 634659
Circular shift of g sequence, discrele Fourier
transform {DFT), G48-650
Clipped samples, 214
Clipping, 416
“Closed-Tform™ formulas, 29
Clutter, 835
Coefficient quantization, effects of, 421436
in an elliptical filter. 423427
in FIR systems, 429-431
in 1R systems, 422-423
maindaining lincar phase, 434436
inan opltimum FIR Glter, 431-434
poles of quantized second-order sections, 427429
Commonly used windows, 535-336
Complex cepatrum, 955956, 979
alternative expressions for, 985980
computation of, 992-10KK)
exponential weighting, 1000
minimum-phase realizations for minimum-phase
seguenoes, 98
phase unwrapping, Y93-9%7
recirsive compulalion for minimem- and
maximum-phase sequences, $99—1 0K
using polynomial roots, T0E-1002
using the [FT, 1013-1016
using the logarithmic derivative, 797093
by z-transform amalysis, 1009- 1012
deconvolution using, 10021006
munimum-phase/allpass homomorphic
deconvolution, TE03-T(K4
minimum-phase/maximum-phase homomorphic
decomvolution, T0M—105
defined, 952-9584
for exponential sequences, 986-989
minimum phase and causality of, 956
for minimum-phase and maximum-phase
sequences, PEO-000
relationship between the real cepstrum and,
Q0092
for a simple multipath model, 1006-1024
peneralizations, 1024
homomaorphic deconvelution, 1016-1017
minimum-phase decomposition, 1017-1023
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speech processing applications, 10241032
applications, 1032
formants, 1024
fricative sounds, 124
homomaorphic deconvolution of speech,
example of, 102515
plogive sounds, 1024
speech model, 1024-1027
speech model, estimaling the parameters of,
1030-1032
vocal tract, 1023
voiced sounds, 1024
Complex exponential sequenees, 14=15, 53-54
Complex logarithm, 982
properties of, 984985
Complex sequences, Hilbert transform relations for,
956-969
Complex time functions, analytic signals as, 959
Compressor, 180
Compressor, defined, 21
Conjupate-antisymmetric sequence, 5455
Cenjugate guadrature flters (COF), 203
Conjugate-symmetric sequence, 54-33
Cenjugalion property, z-lransform, 129
Consistent estimators, H37
Consistent resampling, 250
Constang, Fourier transform of, 32-53
Contintous-tirne filters, desipn of discrete-time R
filters from, 496508
bilincar transformation, 3045018
filter design by impulse invariance, 497-504
Continueous-time progessing of discrete-time signals,
1751748
noninteger delay, 176-177
moving-average system with noninteger with,
177-179
Continuous-time sighals, 9
ahiasing in sampling a sinusoidal signal, 162
handlimited signal, reconstruction from its
samples, 163-166
digital filtering of analog signals, 2015224
discrete-time lowpass filicr, ideal continuous-tme
Towpass fillering using, 169-171
discrete-time processing of, 167-176
LTI, iai-1a0
discrete-time signals, continuous-time processing
of 175179
frequency-demain representanon of sampling,
154, 156-163
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Continuous-time signals (continued )
ideal continuous-time bandlimited differentiator,
diserete-lime implementation of, 171-172
impulse invariance, 173-175
applied o continuous-time systems wilh rational
system functions, 174-175
discrete-time lowpass iltler obtained by, 174
multirate signal processing, 194205
reconstruction of a bandlimited signal from
samples, 163-166
sampling and reconstruction of a smusoidal
signal, 161- 162
sampling of, 133-273
sampling rate, changing using discrete-time
processing, 179-153
Convolulien:
characteristic system for, 984
circilar, A54—650
commutative property of, 34
linear, 660672
with aliasing, circular convalution as, 661
of two finite-length sequences, 660672
aperaticn, 3k
Comvelution properly, z-transform, 130131
convolution of finite-length sequences, 131
Convolution sum, 24-20
analviical evaluation of, 27-2%
computation of, 23-27
defined, 24
Coenvolution theorem:
Fourier transfonm, G0-61
z-lransform, 130-131
Cooley-Tukey algorithms, 735, 746-747, 749
Coupled form, tor second-order systeins, 429
Coupled form oscillator, 471
Critically damped system, 351
Cross-correlation, H9-T0, 851, 883, 925
CTA, See Chirp transform algorithm (CTA)

/A conversion, See Digital-to-anatog (D/A)
CONversion
DT, See Discrete cosine iransform (DCT)
DT DCTLR2, See aleor Discrete cosine transform
(DT
defined, 675
relationship between, 76678
Dread bands, defined, 401

index

Drecimation:
defined. 184
multistage, 195-197
Diecimation filters. polyphase implementation of,
199200
Decimation-in-frequency FFT algorithms, 737-743
alternative forms, 741. 743
in-place computations, 741
Decimation-in-tima FET alporithmes, 723-737
alternative forms, 734-737
defined, 723
generalization and programming the FFT, 731
in-place computations, 731734
DPrecimator, defined, 184
Decomposition:
Cholesky, 716
hinear time-invariant {LTI) systems, 311-313
mipimum-phase, 1017-1023
of one-sided Fourier transform, 958
polyphase, 197 ¢
Deconvolution:
using the complex cepstrum, 1002-1006
minimum-phaseallpass homomaorphic
deconvolution, 1003 1004
minimum-phase/maximum-phase homomorphic
deconvolution, 10041005
Delay repister, 375
Deterministic autocorrelation sequence, 67-68
DXFS, See Discrete Fourier series {DES)
DFT, See Discrete Fourier transform {DET)
Ditference equation representation, of accumulawor,
36
Difference cquations:
block diagram representation of, 376-377
determining the impulsce response from, 64
Differentiation property, z-transform, 127 .12¢
inverse of non-rational z-transfonm, 128
second-order pole, 128-124
igital fileees, 494
igital signal processing, 10-17
Digital sagnal processors, 1fn
Dhigrtal Alienng of analog signals, 205124
A conversion, 209-214
VA conversion, 220-224
iheal continuouws-to-discrete { C/D) converter, 205
ideal discrete-to-continuous (DYC) converter, 205
Dipital signals, 9
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Digital-to-analog {EYA ) conversion, 2, 220-224
block diagram, 2214
ideal 12/C converter, 221
oversampling and noise shaping in, 224-236
cero-order hold, 222-223
Digital-to-analog {IVA) converters, 2005
Dirac delta function, 12, 154
Direct-form FIR systems, analvsis of, 453458
Direct form 1 implemenlation, 331
Direct form 11 implementation, 381
Direct-form LR structures, analysis of, 4$36-445
Dirgct-fom siructures, 388390
illustratinns of, 3
Dyiscrete cosine transtorm (D), 673653
apphications of, GE2-HH3
DOT-4DOT-2:
dafined, 675
relationship between, 676678
definitions of, A73-674
ENErEY compaction property of the [M7T-2,
679682
relationship between the DFT and the DOCT-2,
OTR-6TY
Discreie Fourier series {DFS). 624-628
dualily in, 627
Fourier representation of finite-duration
saquences, HI2-H46
Fourier transform:
of one period, relationship betwecn Fourier
series coellicients and, 637638
of a periodic discrete-time impulse train, 635
of pericdic signals, 633638
samphing, 635641
of a perindic rectangular pulse train, F27-628
properties of, 628633, 647660
circular convelution, 654-65%
circular shift of a sequence, H48—030)
duality, 629630, 650652
linearity, 629, 647-6438
periodic convaluiion, 630633
shift of a sequence, 629
summary, f34, Ga0-661
symmutry, 630
symmetry properiies, 653-654
of a rectangular pulse, fH44-646
represemation of pertodic sequeneces, G24-628
Diserete Fourier transform (DFT), 3, 623-T13
computation of, 716791
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cocfficients, 745
direct computation of, 718-723
direct evaluation of the definition of, T18-719
exploiting both symmetry and periodicity,
722723
Croertzel algorithm, 717, 719-722, 749
indexing, T43-743
practical considerations, 743742
computation of average periodograms usipg, 845
computation of the complex cepstrum using,
11 3-1H A
computing linear convolution using, 660-672
decimation-in-frequency FFT algorithms, 737-743
alternative Torms, 741-743
in-place computations, T41
decimiation-in-time FFT algorithms, 723-737
alternative forms, 734-737
defined, 723
generalization and programming the FFT, 731
in-place computations, 731-734
defined, 623, 641
D] analvsis of sinusoidal signals, 797-810
effect of spectral sampling, #01-814
efiect of wvindowing, 797 -850
window propearties, 800501
DFT apalysis of sinusmdal saginals using a Kaiser
window, S-S
discrete cosine transform ( DCT), 673 683
discrete Fourier series, 624-628
properties of, 625-633
finite-length sequences, sufficiency theorems for,
Q50
finite register length, effects of, 754-762
Fourier analysis of nonstationary signals:
cxamples of, 829236
radar signals, 834836
speech signals, 830-834
Fourier 2nalvsis of sipnals using, 792-796
Fouorier analysis of stationary random signals,
B36-R4u
computation of average perivdograms using the
DFT, 845
pericdograrm, §37-843
perindogram analkysis, #37, 845549
periodogram averaging, 843-845
general FFT algorithms, 745 748
chirp transform algorvithm (CTA), 740-754
Winograd Fouricr transform algorithm
(WFTA) 749
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Discrete Fourier ransform (DFT) (continued)
implementing linear Gme-invarianl $yslems using,
Ha7-6T2
linear convelution, 660672
with aliasing, circular convolation as, 661-667
of twe finite-length sequences, 661
propertics of, 647660
circular convolution, 835659
cireular shifl of a sequence, 648650
duality, 630-652
lincarily, 647-648
summary, 659-664
sVmmetry properties, 633-654
of a reclangular pulse, 644646
signal frequencics matching DFT frequencies
exactly, 205806
spectrum analysis of random signals using
autocorrelstion sequence eslimates, 349802
correlation and power spectrum estimates,
B53-B55
power spectrm of quantization noise, 855860
power spectrum of speech, BA0-862
lime-dependent Fourier transform, 811-829
defined, 511
effect of the window, 817-818
filter bank interpretation of, #26- 8§29
filter bank interpretation of X[n, 23, 816-K17
invertibifity of X{n, 1), 815-816
af a linear chirp signal, $11-814
overlap-add method of reconstruction, 822825
sampling in time and frequency, 819-822
sipnal processing based on, 823-826
speclrogram, 814-515
Discrete Hilberl transform refationships, 949
Driscreie [Tilber! trapsforms, 29749
Dvscrete sine transform (D), 674
Discrere-time Butterworth [iler, design of, S08-376
Diservte-time convolulion, impleménting, 26-27
Dnscrete-time differentiators, 507, 550
and Kaiser window filler design method, 550553
Discrete-1ime filters:
design of, 4034494
delermining specilicalions for, 495-4%
1K filter design, from continuous-time filters.
4965018
hilinear transformation, S(4-508
filler design by impulse invariance, 497-504
Discrete-time Fourer tvansform (DTFT), 49fn, 623,
92

Index

Diiserete-time linear time-invariant {L1L) filter, 4
I¥serete-time model of speech producdion, 1025,
1025-1026
Dhserele-ime processing, of conlinuous-time
signals, 167-176
Driscrete-time random signals, Gd-710
Discrete-time signal processing, 2, 17-23
backward difference system, 22
causalily, 22
defined, 17
discrete-tnne randorm signals, 6470
forrward difference system, 22
Fourer transforms, reprasentalion of sequencas
by, 48-54
ideal delay system, 17
instahilily, testing for, 23
iinear systems, 19-20
accumulator sysiem, 19-2{
nonlinear system, 24
memoryless systems, 18-19
moving average, 18
stability, 2223
testing for, 23
technigues, future promise of, §
fime-invariant systems, 2021
accumulator as, 21
Discrete-time sipnals, 10
basic sequences/sequence operations:
complex expooential sequences, 14-13
exponential seguences, |3-14
sinusoidal sequences, 14
unil sample seguence, 12
unit step seguence, 12-13
continuos-lime processing of, 175174
defined, U
discrete-time sysiems, | 7-23
graphic depiclion of, 11
graphic representation of, 11
sampling frequency, [
sampling period, 10
as sequences of numbers, 10-17
signal-processing ﬁ}-:f.lr:ms., classificarion of, 1
Discrete-lime simssoids, periodiciaperiedic, 15
Discrele-lime syslems, 17-23
coellicient quanhzation effects, 421436
in an elliptical fifler, 423427
in FIR systems, $28-431
in 1R systems, 422423
maintaining linear phase, 434430
in an oplimum FIR Gller, 431434
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poles of quantized sccond-order sections,
417429
discrete-time random signals:
autecorrelationfautocovariance sequence, G5 66
deterministic autecorrelation sequence, 67-68
power censily spectrum, 68
random process. 63
white noise, 6970
fimite-precision nomerical offects, 415421
nurmber represenialions, 41319
quantization in implementing systemns, 419-421
FIR systems:
basic network structures for, 401405
cascade form structures, 402
direct-form structures, 400402
floating-point realizations of, 458-459
Fourier transtorm theorems, 3004
convolution theorem, 60-61
differentiation i freguency, 59
frequency shitting, 59
linearity of Fourier transtorm, 59
modulation or windowing theorem, 61-62
Parseval's theorem, 6]
time reversal, 39
time shifting, 59
requengy-domain representation of, 40-48
cigenfunctions for lincar time-invariant systems,
4045
frequency response of the wdeal delay system, 41
frequency response of the movinp-average
syslent, 4546 )
ideal freguency-selective filters, 4344
sinusoidal response of linear time-invariant
systems, 4243
suddenly-applied complex exponenlial inpuls,
4648
ideal delay system, 17
TR aystems;
bBasic structures [or, JR8-397
cascade form structures, 390 293
direct form structures, 385-390
feedback m, 395-397
parallel form structures, 393-395
lattice filters, 405-415
all-pole lattice structure, 412-414
FIR, 406412
generalization of lattice systems, 415
lattice implementation of an ITR svstem_ 414
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linear constant-coefficient difference cquations.
541
block diasgram representation of, 375-382
signal Aow graph representation of, 342384
hinear-phase FIR systems, structures for, 403-405
linear systems, 19
accumulator system, 1920
nonlinear system, 20
linear time-invariant systems, 23-33
comvolution sum, 23-29
eigenfunctions for, 444
properhies of, 333
memoryless systems, 1819
moving average, 14
represéntation of sequences by Fourier
transforms, 48-54
absolute summability for suddenly-applied
exponential, 51
Fouricr transform of a constant, 53-53
Fourier transform of complex exponential
sequences, 53
inverse Fourier ransform, 44
square-siummahility for the ideal lowpass flter,
51-52
round-off noise in digital flters, effects of, 436450
stahility, 22-23
testing for, 23
structures tor, 374-492
syrnetric properlies of Fourier transform, 55-57
conjugate-antisymmetric sequence, 55-56
conjugate-symmelric sequence, 3356
even [unction, 35
even sequence, 54
illustration of, 56-57
odd function, 55
odd sequence, 54
time-mvariant systems, 20-21
accumulator as, 21
compressor system, 21
transposed forms, 39740

Daoppler frequency, 834-835
Boppler radar:

defined, 793
signals, 835-836

Pownsampling, 180-182

with aliasing, 181184

defined, 180

frequency-domain lustration of, 181-182
with prefiltering to avoad aliasing, 183
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Duality:
discrete Fourjer series, 627, 620630, 650652
discrete Fourier transform {DFT), 6506352

Echo detection, and cepsirum, 952
Eigenfunctions, 4045
for linear time-invariant {LTT) systems, 4046, 61
Eigenvalucs, 441, See alvo Frequeney response of
Ellipeic filler design, 508-526, 581
Energy compaction properiy of the DOT-2, 679652
Energy density spectrum, (0
Equiripple approximations, 560
Even function, 55-56
Even sequence, 54-55
Even symmetry, 673
Expander (sampling rate), 1584
Exponential multiplication property, z-transform,
126-127
Exponential sequences, 13-14, 947
External points, 558
Extraripple case, 561
Extremals, 554

Fast Fourier transtorm {FFT) algorithms, 3-4, 6-7,
660, 671, 714
decimation-in-frequency FFT zlgorithms, 737-743
decimatign-in-time FFT algorithms, 723-737
finite repister length, effects of, 754762
general FET algorithms, 745 743
FFT, See Fast Fourier transform (FFT) algorithms
FETW {"Fastest Fourier Transform in the West™)
algorithm, 748
Filter bank interpretation, of time-dependent
Fourier (ransform, 826529
Filter banks:
analyzer-synthesizer, 266
mullirale, 201-205
alias cancellation condition, 203
quadrature mirror filers, 208
Filier design:
bilinear transtformation, 30450
Butterworlh filler, S08-526
bilinear transformarion of, 309 513
Chebyshey filter, 38526
elliptic Alters, 508-526
FIR filcers, 578
design by windowing, 533-343
FIE. cquiripple approximation examples,
FH-5TT
optimal type [ lowpass filters, 359-364

Index

optimal type 11 lowpass tilters, 565500
optimum approximations of, 554-559
optimum lowpass FIR filter characteristics,
S68-5T0
Parks—McClellan slgonithm, 566-568
ITR filters, 578
design comparisons, 513-519
design cxample for comparnison with FIR
designs, 519-526
design examples, S05-526
by impulse invamance, $97-504
lowpass 1TR filiers, frequency transformations of,
526-532
specifications, 494496
stages of, 494
techniques, 493-622
upsampling filter, 579552
Filters, 493
Financial enpincering, defined, 3
Finite-cnergy deterministic signals, all-pole
modeling of, B96-897
Finile impilse response (FIR) systems, 493
Finite-length sequences, M6
convoluiion of, 131
sufficiency theorems for, 949054
Finite-length truncated cxponential sequence, 109
Fimite-precision numerical effects, 413-421
numbecr represcntations, 415-419
quantization in implementing systems, 419-421
Finite register length, effects of, 754-762
FIR cquiripple approximation, examples of, 370-577
bandpass filicr, 576-577
compensarion for zero-order hold, 571-573
lowpass filter, 370-571
FIK filters:
design by windowing, 533 -343
incorporation of pencralized linear phaze,
538541
Kaiser window filter design method, 541-553
prapertics of commonly wsed windows, 535-538
aplimum appresimations of, 554-559
FIR lattice filters, 406-412
FIR lincar-phase systems:
cxamples of, 330-331
locations of zeros for, 335-338
rclation to minimam- phase systems, 338-240
type ! FIR linear-phase systems, 329
cxample, 331-332
type Il FIR linear-phase systems, 330
cxample, 332-333
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type [11 FIR lingar-phase systems, 330
example, 333-334
type IV FIR lincar-phase systems, 330
exaimple, 335
FIR systems:
basic network structures for, 401405
caseade [orm struciures, 4003
direct-form structures, 401-402
coeflicicnt guantization, cffects of, 429-431
First backward difference, 93
Fixed-point realizations of 1R digital filters,
zero-input limit cycles in, 459463
Floating-point arithmetic, 458
Floating-point operations (FLOPS)Y, 747-748
Floating-point realizations of discrete-time systems,
458459
Floating-point representations, 419
Flow graph:
reversal, 397
transposition of, 3974001
Formants, 330, 1024
Forward difference, 33
Forward difference systems, 22
noncausal, 3433
Forward prediction error, 922
Fourier analysis of nonstationary signals:
examples of, R29-836
radar signals, §34-836
speech signals, 830-834
Fourier analysis of sipnals using TFT, 792-796
basic steps, 793
DFT analysis of sinusoidsl signals, T97-810
ellect of spectral sampling. 801810
effect of windowing, 797500
window properties, 800-5801
relationship betwesn DIFT values, 796
Fourier analysis of sinusoidal signals:
cffeet of windowing on, 798800
Fouricr analysis of stationary random signals,
HIG—H4d
computation of average periodograms using the
DFT, 845
petiodogram, H37-H43
pericdogram analysis, example of, 458549
pericdogram averaging, 843845
Fourier transform:
of complex exponential sequences, 53-54
of a constant, 52-53
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convolution theorem, All-al
dilferentiation in Feguency theorem, 59
linearity of, 59
mapnitude of, 49
modulation or windowing theorem, 61-62
of one period, relationship between Fourier series
cocfficients and, 637538
pairs, 62
Parseval's theorem for, )
of a peniodic discrete-time impulse traim, 635
of periodic signals, 633-638
phase of, 449
sampling, 638641
symmetry properties of, 54-58
theatems, 38—
time reversal theorem, 59
time shifting and frequency shifting theorem, 59
of a tvpical window seguence, 795
Fourier transforms:
defined, 449
duscrete-time (DTET), 49
imverse, 48 49
representation of sequences by, 45-54
Frequengy, 14
Frequency-division multiplexing (FDM), 266
Frequency-domain representation:
of discrete-time signals/systems, 4048
of sampling, 154-157
Frequency estimation:
pversampling and linear inlerpolation for,
ROU-K10
Frequency response, 4043
of antialiasing filter, 793
defined, 4(k-41
determining the impulse response from, 63
of the ideal delay system, 41
of linear time-invariant {LTT} systems, 275-243
clfects of group delay and attenuation, 278283
frequency response phase and group delay,
LTR-ITR
of the moving-average syslem, 45—46
for rational system functions, 290-301
examples with muliiple poles and zeros, 296-301
first-order systems, 292296
second-order FIR system, 295
second-order TTR system, 290259
third-order TIR system, 299301
Frequency-response compensation of
non-minimum-phase systems, 313-318
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Frequency-sampling filters, 480, 487

Frequency-sampling systems, 396

Freguency-selective filters, 493, See alve Filter desipgn
obtaining from a lowpass discrete-time filter, 527

Frequency shfting, 59

Frequency warping, and bilinear transformation of,

M6-307
Fricative sounds, K30, 1024

Gain, 275
Generalized linear phase, linear systems with,
3260328
examples of, 327-328
(ibbs phenomenon, 52, 534
Goertze] algorithm, 717, 719-T722

Hamming windows, 240fn, 536539, #23-H24,
B6T-BES
Hann windows, 536530, 823824
Highpass filler, transformation of a lowpass filter to,
330532
Hitbert transform relations, 942- 979
for complex sequences, 956-965
defined, 443
finite-length sequences, 946
sufficiency theorems for, 945-954
between magnitude and phase, 955
Porsson’s formulas, 943
tedl- and imaginary-part sufficiency of the Fourier
transform [or causal seguences, d4-040
relationships between magnitude and phase,
955956
Hilbert transform relationships, 942, Y4
discrete, 948-949
Hilbert iransformer, 958
bandpass sampling, 966969
bandpass signals, representation of, %3966
design of, 960-963
impulse responye of. 360
Kaiser window design of, Yai-9a3
Homogencily property, 19
Homogeneous difference egualion, 3%
Homogeneous solution, 38
Homomorphic deconvolation, S80, 1026
of speech, example of, 1025-1030
Homomorphic systems, 950

Ideal #0-depree phase shifler, G02, 958955
[d=al continuous-to-discrete-time (C/D) converter,
154, 205

[ntex

Ideal VT converter, 221
Idea! delay impulse response, 32
Idead delay sysiem, 17
frequency response of, 41.43
Ideal discre te-to-continuous {D/C) converter, 205
Tdeal lowpass filter, square-spmmability for, 51-52
IR digieal filters, zero-input limit cveles in
fixed-point realizations of, 4539163
IR systems:
basic structures for, 383-397
cascade form struclures, 3903493
coetficient quantization, effects of, 422-423
direct forms struciures, 3J88-3H)
teedhack in, 395397
laltice implementation of, 414
parallel form structures, 393-395
scaling in fixed-point implementations of, 445448
Impulse myvariane:
basis for, 504
with a Butterworth filter, 500-503
design procecdure, S04
filter design by, 447-504
Impulse response:
off accumulator, 33
determining for a difference equation, 64
determining from the frequency response, 63
for rational system functions, 2858-290
Impulse sequenee, 13
In-place computations:
decimation-in-frequency FFT algorithims, 741
decimation-in-time FFT algorithms, 731-734
defined, 732
Indexing, discrete Fourier transform (DF1, 743-745
Infinite-duration impulse response (TIR) sysiems, 33
Infinite impulse respanse (1R} svslems, 443
Initial-rest conditions, 39
Imifial value theorem, 151
for right-sided sequences, 1037
Inspection method. inverse z-transform, 116
Instability, testing for, 23
Instamaneous frequency, 812
Integer factor:
inereasing sampling rate by, 184-187
reducing sampling rate by, 180-154
Integrator. 589
Interpolated FIR filter, defined, 196
Interpolation, 187-190
defined. 185
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Interprolation filters, T47-190
polyphase implementation of, 200201
Interpolator, 187-190
defined, 185
muliistage, 195197
Inverse Fouricr transforms, 4849 63
Inverse systems, 33, 2R0-288
accumulator, 35
defined, 33
for first-order system, 287
inverse Tor syslem wilh a zero in the ROC, 288
leverse z-transform, 115-124
inspection mathod, 116
inverse by partial fractions, 120-121
partial fraction expansion, 116117
pivwer series expansion, 122-124
second-order Z-tramsform, 118120

JPEG {Joint Photographic Expert Group), 1o

k-parameters, 406, 90
direct computation of. 925-926
Kaiser window, BD0-800, 823
design, 381
FT analysis of sinusoidal signals using. 806808
and zero-padding, DFT analysis with, 805-209
Kaiser window design, of Hilbert transtormers,
E0-962
Kaiser window filter design method, 541-333
examples of FIR filter design by, 545-553
discrete-time differentiators, 350-553
highpuss filter, 547550
lowpass filter, 343 547
relativnship of the Kaiser window to other
windows, 344 543

LabView, 3, 509
Lattice filters, 405-415, 920926
all-pole lattice structure, 412414
all-pole model lattice network, 923-924
direct compulation of k-parameters, 925-926
FIR, 406412
generalization of lattice systems, 415
lattice implementation of an ITR system, 414
prediction error lathice natwork, 921-923
Lattice k-to-c algorithm. 921
Lattice systems:
generalization of, 413
Laurent series, 102
Leakage, S0

1

Least-squares approximation, 892
all-pole modeling, 892
Least-squares inverse mode], B¥E-894
all-pole modeling, 892-894
Left-sided exponential sequence, 104105
Levinson-Durbin algorithm, derivation of, 917-921,
W26
Levinson-Durbin recursion, 916-917, 923
Limit eyeles:
avoiding, 463
defined, 667
owing to overflow, 462463
owing to round-oll and truncation, 460-462
Limit cycles, defined, 461
Linear chirp signal, of a (ime-dependen! Fourier
wansform, 811-814
Lipear constant-coelficient difference eguations,
35-41
difference equation representation of, 36
of the moving-average system, 37
homuogeneous difference equation, I8
systemas characterized by, 283290
impulse response for rational system functions,
2RE-290)
inverse systems, 2H0—284
second-order system, 2842835
stability and causality, 285-286
Lingar convolubion, f672
with aliasing, circular convolulion as, G61-667
of two finite-length sequences, 661
Lirear interpolation, 187190
Linear phase:
causal generalized linear-phase systems, 328335
generalized, 326338
ideal lowpass with, 324-326
systems with, 322-326
Linear-phase filters, 343
Linear-phase FIR systems, structures for, 403-405
Linear-phase lowpass filters, and windowing,
54541
Linear prediciion formulation, of all-pole modeling,
BO5
Linear predictive analysis, 892
Linear predictive coding (LPC), 4, 822in
Linear predictor, 895
Linear quaniizers, 211
Linear systems, 1920, 326
accumulator system, 19-M)
nonlinear system, 20
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Linear time-invariant (LTI} systems, 4, 23-35
all-pass systerms, 306-310
firsi- and second-ordee, 307319
cascade combination of, 31
convolution operation, 30
convolution sum, 24-26
analyiical evaluation of, 2729
eigenfunctions for, #—46
FIR linear-phase systems, retation to, 338 340
frequency response for rational system functions,
90301
frequency response of, 275283
linear constant-coefficient difference equations,
3540
sysiems charagterized by, 285290
linear systems with generalired linear phase,
322-340
causal generalized lincar-phase systems, 328-338
generalized hinear phase, 326-328
systems with linear phase, 322-326
minimuwmn-phase svsterns, 311-322
devomposition, 311-313
relalion of FIR hnecar-phase systems (o, 335340
nog-rinimurn-phase syslems, frequency résponse
compansation of, 313-318
parallel combination of 31
properties of, 30-35
relalionship between magnitude and phase,
01305
sinusoidal response of, 42
suddenly applied complex cxponential inputs,
4648
system function, 115, 132
tramsform analysis of 274-373
s-transform and, 131-134
Lingarity;
discrete Fourier series (10F5), 647648
discrete Fourier transform {DEFT), 047648
of Fourier transform, 5%
z-transform, 124125
l.i.near'lr.}r property, z-transform, 124-125
Long division, power series expansion by, 119
Lowpass filter:
and FIR cquiripple approximation, 570-571
lolerance scheme, 495
transformation Lo a highpass filter, 330532

Lowpass [LR filters, frequency transtormations.
526-532

index

Mapnitude:
of Fourier transform, 49
ol frequency response, 275, 281
relationship between phase and, 301-303
Magnilude response, 275
Magnitude spectrum, #15
Magnitude-squared function, 291, 305, 311, 501,
510-511, 513, 1020
Mantissa, 419, 454
Mason's gain formula of signal low graph theory,
3497fn
Muteched Glter, 79
Mathematica, 3
MATT.AR. 3, 253, 509, 579
Maximally decimated filter banks, 202fn
Maximum energy-delay systems, 320
Muaximum-phasc systems, 320
Memoryless systems, 1519
Microelectranic mechanical syslems (MEMS), &
Microelectronics engineers, and digital signal
processing, &
Minimax crterion, 557
Minimum enerpy-delay systems, 320
Minimum group-delay property. 319
Minimum mean-squared error, 898
Mimmum-phasefallpass homomorphic
deconvolution, HHE-1004
Minirmum-phase ocho system, complex cepstrum of,
QEY--90
Wimimum phase-lag system, 318
Minimum-phase L1 filter, 3409
Minirnum-phase/maximupm-phase homomaorphic
deconvolution, 1004-10035
Mimimum-phase sysiems, 311-322
decomposition, 311-313
defmtead, 311
frequency-responss compensation of
no-mintmum-phase systems, 313-318
propertics of, 318-322
minimum energy-delay property, 319-322
minimum group-delay property, 319
minimum phase-lag property, 318-319
Mordel order, Wis-907
selection, 906-207
Medified periodogram, H38
Modulation theorem, 61-62
Moore's Law, 2
Moving average, 18, 31-32
Muoving-average (MA) linesr random process, 887
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Mowinp-average svstem, 40
difference equation representation of, 37
frequency response of, 4546
with noninteger delay, 177 1749
MP3 audio coding, 825
MPEC-IT audio coding standard, B2R
MPEG (Moving Picture Expert Group), Lin
Multidimensional signal processing, 4
Multirate filter banks, 201 -205
alias cancellation condilion, 2083
quadrature mirror filters, 200
Multirate signal processing, 194-205
compressoriexpander, interchange of Altering
with, 194193
defined, 194
interpolation filters, polyphase implementation
of, 200-201
multirage [ller banks, 201-203
multistage decimation and interpolation, 195197
polyphase decompositions, 197-199
polyphase implementation of decimarnon filters,
199-200
Wullistage noise shaping (MASH), 233, 272

N-point DFT, 725th
Narrowband communication, and analytic signals,
a3
Narrowband time-dependent Fourier analysis, 832
Metworking, 450
Metworks, use of term, 375
-degree phase shifter, ideal, 958-959
N-depree phase splitlers, 589
Moise shaping:
in AT conversion, 224-234
in analog-to-digital { A/D) conversion, 224-236
in I¥A conversion, 234-236
multislage noise shaping (MASH), 233, 272
Noise-shaping quantizer, 220-221
MNon-minimum-phase systems, frequency-respanse
compensation of 313-318
Mon-overlapping regions of convergence (ROC)
113
Monanticipative system, 22
Moncausal window, Blh
MNoncomputable network, 396.397
Nominleger faclor, changing sampling rate by,
14011493
Nonlinear systems. 20
nth-prder Chebyshey polynomial, 5560
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MNumber-thearetic transforms (NTTy), THY
MNyguist frequency, 160

Myiguist Tale, 160

Myquisi-Shannon sampling theorem, T, 236

Odd function, 3556
(dd sequence, 34-35
Offset binary coding scheme, 212
Omne-sided Fourier translorm, decomposition of, 958
One-sided z-transform, 100, 135
Omne's complement, 415
Optimum lowpass FIR filter, characteristics of,
S6H- 570
Overflow, 416
Orverflow oscllations:
defined. 462
in second-order svstem., 462163
Owerlap-add method, 670, 777, 825, 26, 828
Crverlap-save method, 571,777
Overloaded quantizers, 214
Cversampling:
in A/D conversion, 224234
in analog-lo-digital (AD) conversion, 224-236
in 0/A conversion, 234-236
and linear interpolation for frequency estimation,
BOL—S10
oversampled AT conversion with direct
guantization, 225-2249
Oversampling ratio, 225

Parallel-form structures, 393-303
illustration of, 394-395
Parametric signal modeling, 800-041
all-pole modeling of signals, B91-895
autecorrelation matching property, 895
determination of the gain parameter £, 899-900
of inile-energy deterministic signals, 896497
least-squares approximation, 892
least-squares inverse moded, 592-804
linear prediction, 892
linear prediction formulation of 893
linear predictive analysis, 892
minimum mean-syuared error, BU8
random signal modeling, 897
all-pole spectrom analysis, 907-915
pole locations, 911-413
sinusoidal signals, 913-915
specch signals, 908-911
applications, 591
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Parametric signal modeling, (continued )
autocorrelation normal egualions:
Levingon-Durbin algorithm, derivation of,
917920
Levinson-Durbin recursion, $16-917
solutions of, #15-919
defined, KA
deterministic and random signal models, 896 -5400
estimation of correlation functions, 9009045
autoeorrelation method, eI
comparison of methods, $04-905
covariance method, 93-H04
eguations [or prediclor coefficienls, 005
prediction errce, 904
stability of the model system, 505
laitice fillers, 920926
all-pole model lattice network, 923924
direct computation of & -parameters, 925-926
prediction error lathce nelwork., 921923
micwdel oeder, WIS-L07
selection, YO6-907
FARCOR cosfficient, 916fn, 925
Parks-MeClellan algorithm, 494, 566-568, 568, 571,
579963
Parseval's theorem, 58, 60, 96, 441, 446, 679, 707, 908
Partial energy of an impulse response, 319
Partial fraction expansion, inverss z-transform,
116-117,120-121
Peripdic conjugate-antisymmetnc components, 654
Periodic conjugate-svmmerric components, 654
Periodic convolution, 61
diserele Fourier series, 630-633
Periodic discrete-time sinusoids, 13
Perindic even components, 634
Periodic mpulse train, 1026
Periodic odd components, 654
Periodic sampling, 153-156, 236
Penodic sequence. 14-15, 950, 954
Periodogram, B37-843, fod
computation of average pernodograms using the
DIET, 845
defined, 838
miocdified, B3E
periodogram analvsis, example of, K37, 345840
periodogram averaping, 843-845
preoperties of, 839843
smoothed, 851
Perindogram analysis, 837

Index

Phase:
defined, 14
refationship hetween phase magnitude and,
301-305
Phasc distortions, 275
Phase-lag function, 318
Phase response, 275
Plosive sounds, 530, (24
Poisson’s formulas, 943
Pole locations, all-pole spectrum analysis, 911-5913
Poles of quantized second-order sections, 427429
Polynomials, and allernation theorem, 558
Polyphase compeonents of hla], 197
Polyphase implementation of decimation fitters,
195200
Power density spectrum, 68
Power series expansion, 122-124
finite-length sequence, 122
inverse transform by, 123
by long division, 123
Power spectral density, 225-228, 231-232, 236
Power spectrum of guantization noise cstimates,
g35-8al
Power specltrum of speech eslimales, 8605862
Predictable random sinusoidal signals, 936in
Prediction coefficients, 895
Prediciion error residual, 895
Prime factor algonthms, 747, 749

COuadrature mirror filvers, 203
Cluantzation crrors, 416
analog-to-digital {A/D) conversion:
analvsis of, 214-220
for a sinusoidal signal, 215-217
analysis of, 214 215
defined, 214
for a sinusaidal signal, 213-217
Cuantization errors, analysis, 214-220
Cluantization noise, measurements of, 217-218
Cluantizers, 210-213
linear, 211fn
overloaded, 214
Quasiperiodic voiced segments, 832

Radar signals, time-dependent Fourier analvsis of,
834- 836

Radix-m FFT algorthm, 783

Random noise, 1026
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Random process, b3
auloregressive (AR} lincar random process, 887
autorepressive moving-average { ARMA) linear
random process, $87
mowving-average (MA ] linear random process, BRT
Random signal modeling, 897
Random signals, 6570
Random sinusoidal signals, 936
Range, 834
Real cepserum, Y84fn
Rectangular pulse, discrele Fourer series af,
4
Rectangular windows, 535--537, 530
Recursive compuiation, 38
Reflection coefficicnts, 9160
Region of convergence {ROC), 1011002, 285-286
determining, 285-286
non-overlapping, 113
properties of for z-transform, 110-113
slability, causality and, #15
Hesampling, 179-180
consisient, 250
defined, 179
Residual, 895, 905
Right-sided exponential sequence, 103-104
Rolation of a seguenoe, G50
Ratations, T82
Round-off noise in digital filters:
analysis of the direct-form IR struclures, 436445
cascade 1R siructure, analysis of, 448453
direet-form FIR systems, analysis of, 453458
effects of, 4364549
first-order system, 441442
interaction between scaling and round-off noise,
448
scaling m lixed-point mplementations of TTR
systems, d45=445
secomd-order system, 442

Sample mean, 837
Sample vanance, 37
Sampled-data Delta-Sigma modulatar, 224-22]
Sampling:
frequency-domam representation of, 156161
in time and frequency, 819822
Sampling frequency/MNyquist frequency, 154
Sampling period, 154
Sampling rate:
changing by a noninteger factor, 130193
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changing wsing discrete-time signals, 179193
mcreasing by an integer factor, 184187
reduction by an integer factor, 180-184
Sampling rate compressor, 150
Sampling rate cxpander, 184
Saturation overflow, 416
scahny, imeraction between round-off noise and.
445
Scaling property, 19
Second-order z-transform, 118-120
Seismic data analysis, 4
and muludimensional signal processing
technigues, 4
Seguence value, T23M
Sequences:
amocarrelalion, H7-6
basic, 1215
causal, 32
complex cxponentmal, 14-15, 53-54
conjugate-antisymmetric, 54-55
conjugsle-symmetne, 54-53
deterministic sutocarrelation, 67
even, 54-55
exponential, 13-14, 247
finite-lenpth, 946, 049054
convolution of, 131
unprlse, 13
fefi-sided exponential, 104-105
odd, 54-55
petiadic, 14-15
right-sided exponential, 1O0-104
shifted cxponcntial, 126
sinusoidal, 14
fime-reversed exponential, 12%
unit sample, 12-13
unit step, 12-13
Sharpening, 609
Shift-invariant system, See Time-invariant systems
Shifted expongnlial sequence, 126
Short-time Fourier transform, See Time-dependent
Fourier transfonm
Sifting property of the impulse function, 154
Sign and magnitude, 415
Sign bit, 415
Signal flow graph representation of linear
constant-coeTcient difference equalions,
3R2-388
signal interpretation, 3
Signal medeling, 45
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Signal predictability, 3
Signal processing, 2
based on time-dependent Fourier transform,
H225-826
historical perspective, 5-4
mullidimensivnal, 4
problemsisolutions, 4
Stgnal-processing systems, classification of, 10
Signal-lo-noise tatio (SNR), 3
Signal-to-quantization-noise ratio, 219-220
Signals:
defined, 9
mathematical representation of, 9
Simulink, 3
Sink nodes, 383
Sinusoidal signals:
all-pole spectrum analysis, 913-915
defined. 218
quantization error for, 215-217
signal-lo-guanbization-nose ralio, 219220
for uniform quantizers, 220
Smoothed pericdogram, 831
Source nodes, 383
Specifications, filter desipn, 494496
Spectral analysis, 4
Spectral sampling. cffect of, 801-810
illustracion, RO3-805
Spectrograms, 814315
plotting, 332
widehand, 832
Spectrum analysis of random signals using
antocorrelation sequence estimates, $49-5A2
correlation and power speclrum estimales,
33853

power speclrum of quaniization nose eshimates,

855-Balh
power specttum of speech eslimates, B60-862
Speech model, 1024- 1027
speech model, estimating the parameters of,
1030-1032
vocal tract, 1025
voiced sounds, 1024
Speech signals:
all-pale spectrum analysis, 908-911
time-dependent Fourier analysiy of, 830834
Split-radiz FFT (SREF1}. 781
Square summability, 51, 65
for the ideal owpass filter, 51-52
Stability, 22 -23

Ineda

testing tor, 23
Stationary, use of term, G6fn
Steadyv-state response, 40
Suddenly-applied exponential:
absolute summability for, 51-52
inputs, 4648
Summability:
absolune, 30-32, 65
sguare-, 31, 635
for the ideal lowpass filler, $1-32
Superpasition, principle of, 19, 20, 23, 980},
10021003
Surface acoustic wave (SAW), 753
Swilched-capacilor wechnologicos, 2
Symmelry properfies:
discrete Fourier serjes, 630, 6533-654
discrete Fourier transform (DFT), 653654
Fourier transform, 54-57
llustration of, 56-57
System funetion, 274-275
determination of, from a flow graph, 386-387
lincar time-invariant (LT} systems, 115, 132

Tapped delay line strucmre, 404
‘Telecommunications, and discrete-time signal
privessing, B
Time and frequency, sampling in, 819822
Tine-dependent Fourier analysis of radar signals,
A34H3R
clutter, 835
Doppler radar signals, 835836
Time-dependent Fourier synthesis, 822, 325
Time-dependent Fourier transform, 792, 811-829
clefined, 8171
effect of the window, 817518
filter bank interpretation, R26-429
of Xin, ], H16-417
invertibility of X|a, 4], 815-816
of a linear chirp signal, 811-514
overlap-add method of reconstruction, 822-825
samphing in lime and frequency, 819822
signal processing based on, 825826
specirogram, 14815
Time-dependent Fourier transform of speech,
speclral display of, 832834
Time-division multiplexing { TDM), 266
Time invariance, 24
Time-invariant sysiems, 20-21
accumulator as, 21
accurmulators as, 71
COMpPressor system, 21
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Time-reversal property, z-iransform, 129
time-reve rsed gxponential segquence, 129

Time-shilting property, s-transform, 125-126
shifted exponential sequence, 126

Tolerance schemes, 4944

Transform analysis of lincar time-invariant (L11)

syslems, 274373

Transposed Fopm, 397401
for a basic second-order section, 39E-399
for a first-order system with no zeros, 397-394
flow graph reversal, 397
Lransposilion, 397401

Transposition, 397401

Transversal filter structure, 4011

Trapezeidal approximation, 606

Twicing, G0

“Twiddle factors.” 731

Two-port ow graph, 405

Twa-sided exponential sequence, 107-108, 135

Two-sided z-transtorm, 100

Two's complement, 415

Type-1 periodic symmatry, 675

Type-2 periodic symmetry, 675

Type 1 FIR linear-phase systems, 329
wxample, 331-332

Type 11 FIR linear-phase systems. 330
example, 332-333

Type U1 FIR linear-phase systems, 330
example, 333-334

Type IV TIR linear-phase systems, 330
example, 333 '

Unhiased cstimators, 837
Umilateral z-transforen, 100, 135-137
af an impulse, 135
nonzero initial conditions, effect of, 136137
Unit circle, 100-101
Unit impulse function, 154
Unil sample sequence, 12-13
Uit step sequence, 12-13
Unitary transforms, 676
Unguantized filter, 423
Unvoiced segments, 832
Unwrapped phase, 349
Upsampling filter design, 3759582
Vocal tract, B30, 1231026
Voiced segments, 832
Yoived scunds, 830, 1024
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Welch eshmate, B62
Wiite nolse, &, 443
Whilening filter, 897
Whitening procedure, 366
Wideband speclrogram, 832
Window:
method, 530
nomicansal, Ko
Windowing, 792
Bartlett (triangular) windows, 536-539
Rlackman windows, 336--3349
commaonly used windows, 535536
design of FIR filters by, 533-545
and FIR filterg, 533-545
mcorporalion of generalised lincar phase,
535-341
Kaiser window lter design method, 541-553
properties of commaonly used windows, 535-538
Hattiting windows, 336-539
Hanp windows, 536-53%
rectangular windows, 535-537, 539
theorem, 01-62
Winograd Fourter transfotm algonithm (WEFTA), 749

Yule—Walker equations, 596, B, 916

z-transiorm, 99-157, See alvo Inverse r-transtorm
bilateral, 100, 135
common pairs, [
defined, #4100
finite-length truncated exponential sequence, 109
infinire sum, 103
inverss, 115-124
inspeciion maethod, 116
inverse by partial fractions, 120-121
partial fraction expansicn, [I6--117
POWET seTics expansion, 122-124
second-order :-transform, 118-120
left-sided eaponential sequence, 104105
LT svstems and, 131-134
one-sided, 100, 135
properties, 124131
conjugation property, 129
convolution property, 130-131
ditferentiation property, 127-124
exponential multiplication properiy, 126127
lincarity property, 124-125
surmmary of, 131
time-reversal property, 129
time-shifting property, 125-126
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z-transform {continued)
region of convergence (ROC), 101-102
properties of, 110-115
right-sided exponential sequence, 1073104
sum of two exponential scquences, 105-107
two-sided, 100
two-sided exponential sequence, 107-108
uniform convergence of, 102
unilaceral, 1), 135-137
of an impulse, 135
nonzero mnilial conditions, effect of, 136-137
umnit circle, 100-101

Index

z-transform aperator £1-], 100
Zero-input limit cycles:
avoiding limit cycles, 463
in [ixed-point realizations of IR digital filters,
459-463
limit cycles owing to overflow, 462463

limit ¢ycles owing to round-olf and truncation,
460-462

Zero-order hold, 222-223
campensation for, 371-573
Lero-padding, 667



