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INDEX

Analog filter design (AFD) tables, 388
Analog filters, 388-391, 402-425

’ operator, 25
& operator, 26

(:) construct, 24

* operator, 2728
¥ operator, 26-27
" operator, 24

+ operator, 26
<= operator, 26
== operator, 26

A

A /D quantization noise, 540-552. See also
Quantization
Absolute specifications, FIR filter design,
306-307
Adaptive delta modulation (ADM), 622-624
Adaptive filtering, 596-608
channel equalization, 605-608
coefficient adjustment, 598-501

least-mean square (LMS) algorithm, 598-601

line enhancement, 605
MATLAB implementation, 600
narrowband interference, suppression of,
602-605
sinusoidal interference, suppression of,
604-605
system identification (modeling), 601-602
wideband signals, 602-605
Adaptive PCM and DPCM (ADPCM),
616-620
Adders, 214
Addition, signal operation, 25-26
afd_butt function, 410411
afd_chbl function, 416417
afd_chb2 function, 419-420
afd_elip function, 423-424
Allpass filters, 398-400
Allpass function, 452
All-pole lattice filters, 244246
All-zero lattice filters, 240-244
Amplitude response, 312, 326-328, 361

Butterworth lowpass, 403-412

Chebyshev lowpass, 412421

design equations, 408-409, 415-416

elliptic lowpass, 421-425

frequency response, 389-391

IIR filter design, 388-391, 402-425

MATLAB implementation, 405-408,
410-412, 414-421, 422-424

phase responses, 424-425

prototype characteristics, 402—425

Analog signals, 3-4, 80-97

aliasing formula, 81
band-limited, 82-83, 87-90
digital signal processing (DSP) compared to,
34
digital-to-analog (D/A) converters, 90-92,
94-97
discrete-time Fourier analysis of, 80-97
impulse train conversion, 87-90, 92-94
interpolation, 87-97
MATLAB implementation, 84-87, 92-97
reconstruction of, 87-97
sampling, 81-87
signal processing (ASP), 3-4, 80-97
sinusoidal, 8384
Analog-to-digital transformations, 425—445
bilinear transformation, 436—444
Butterworth lowpass filters, 429-431,
438-439
Chebyshev lowpass filters, 431-434, 439-442
design procedure, 427-436, 438—-444
elliptic lowpass filters, 434—435, 442-444
impulse invariance transformation, 426-436
matched-z transformation, 444-445
angle function, 63
Anticausal sequence, 106
Antisymmetric impulse response, 231, 311,
313-314
Approximation error, 248, 361-364
Approximation theory, 367
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Arbitrary absolutely summable sequences,
75-76

Attenuation parameter, 389-390

Auto-correlation, 36, 45

Autoregressive moving average (ARMA) filter,
53, 213

B

Band-edge frequencies, 308
Band-limited signals, 82-83, 87-90
reconstruction of, 87-90
sampling, 82-83
Bartlett window, 329
Bilateral z-transform, 103—-107
bilinear function, 437-438
Bilinear transformation, 426, 436444
Binary bit, 253
Binary digital data communication,
632-633
Binary number representation, 253-260,
265266
Binary point, 262-263
bin2dec function, 254
Biquad section structure, 215, 217-218
Blackman window, 331-332, 338-340
Block convolution, 184-186
Bounded-input bounded-output (BIBO)
stability, 40
butter function, 459-4650
Butterworth lowpass filters, 403-412, 429-431,
438-439, 445-447, 459-460
bilinear transformation, 438-439
design equations, 408—409
frequency-band transformation,
459-460
impulse invariance transformation, 429-431
MATLAB implementation, 405-408,
410412, 445-447, 459-460
buttord function, 446, 459-460

C

Cascade form, 215, 217-221, 229-231, 585-589
biquad section structure, 215, 217-218
FIR filters, 229-231, 585-589

INDEX

IIR filters, 215, 217-221
MATLAB implementation, 218221, 231,
588-589
round-off effect analysis, 585-588
casfiltr function, 219-220, 588
cas2dir function, 220, 231
Causal sequence, 106
Causality, 40, 125-128
linear systems, 40
zdomain stability and, 125-128
Ceiling function, 197-198
Channel equalization, 605-608
cheblhpf function, 457-458
cheblord function, 446, 460
cheb2ord function, 446, 462
Chebyshev approximation problem, 361, 364
Chebyshev lowpass filters, 412-421, 431-434,
439-442, 445, 447-449, 452, 455-458, 460,
462-463
bilinear transformation, 439-442
design equations, 415416
frequency-band transformation, 452,
455-458, 460, 462-463
impulse invariance transformation,
431-434
MATLAB implementation, 414-421, 445,
447-449, 460, 462-463
I, passband equiripple response, 412-416
11, stopband equiripple response, 416—421
circevod function, 170-171
circonvt function, 178
Circular conjugate symmetry, DFT, 168-173
Circular convolution, DFT, 175-180
Circular folding, DFT, 166-168
Circular shifting, DFT, 173-175
cirshftt function, 174-175, 178
Code division multiple access (CDMA),
634
Codec (coder/decoder) chips, 628
Coefficient adjustment, adaptive filtering and,
596, 598-501
Comb filters, 397-398
Command window, MATLAB, 6
Commands, MATLAB control and flow of],
11-13
Communications, 609-636
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INDEX

adaptive delta modulation (ADM), 622-624
adaptive PCM and DPCM (ADPCM),
616-620
binary digital data, 632-633
delta modulation (DM), 620-624
differential pulse-code modulation (DPCM),
613-616
dual-tone multifrequency (DTMF) signals,
628-632
linear predictive coding (LPC) speech,
624-628
pulse-code modulation (PCM), 609-613
spread-spectrum digital data, 634-636
Complex frequency, 104
Complex-valued exponential sequence, 24,
74-75
Conjugation, 68, 71-72, 107, 168
discrete Fourier transform (DFT), 168
discrete-time Fourier transform (DTFT), 68,
71-72
ztransform (complex), 107
Constant group delay, 511
Constant phase delay, 510
Continuous function, 312
Continuously variable slope delta modulation
(CVSD), 623-624
conv function, 43-45, 108, 197-198
Convolution, 39-47, 68-69, 108-110, 175-187,
197-200
block, 184-186
circular, 175-180
deconvolution, 109-110
discrete Fourier transform (DFT), 175-187,
197-200
discrete-time Fourier transform (DTFT), 68,
69
error analysis using, 182-184
fast, 197-199
fast Fourier transform (FFT), 197-200
folded-and-shifted method, 42
graphical, 42-43
high-speed, 199-200
linear, 180-187
linear sum, 39-40
linear time-invariant (LTT) systems, 39-47
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MATLAB implementation of, 43-45, 47,
186187
overlap-add method, 187
overlap-save method, 185-187
periodic, 69
sequence correlations, 45-47
ztransform, 108-110
Correlation of sequences, 36, 45-47
cos function, 24-25
cplxcomp function, 224
cplxpair function, 219, 224
Cross-correlation, 36, 45-46
Cubic spline interpolation, 92, 95-97
Cutoff frequency, 324

D

Dead band, 555
Decibels (dB), relative specifications in,
307-309
Decimal number representation, 264
decimate function, 486487
Decimation, 479-488, 510-518
downsampler, 479-484
factor D, 479-488, 510-518
FIR integer, 510-518
frequency domain representation, 480-484
ideal, 484-488
MATLAB implementation, 480, 485-488,
512-514
sampling rate decrease, 479-488
Decimation-in-frequency (DIF-FFT) algorithm,
189, 195
Decimation-in-time (DIT-FFT) algorithm, 189,
194-195
Deconvolution, ztransform, 109-110
dec2bin function, 254-256
Delay element (shifter or memory), 214
Delta modulation (DM), 620-624
Denominator polynomial, 105
Density spectrum, DTF'T, 69
dfs function, 144-146
dft function, 156-158
Difference equations, 47-53, 75-80, 128-134
complete response, 129-131
digital filters, 52-53
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frequency response evaluation from, 75-80
homogeneous solution, 47-48, 130
linear time-invariant (LTT) systems, 47-53,
76-80
MATLAB implementation of, 48-51, 131-134
natural frequencies, 48
steady-state response, 75-76, 130
transient response, 130
zero-state input and responses, 51-52,
130-131
ztransform solution of, 128-134
Differential pulse-code modulation (DPCM),
613-616
Differentiation in z-domain, 108
Digital filters, 5253, 305. See also
Finite-duration impulse response (FIR)
filter; Infinite-duration impulse
response (IIR) filter
Digital prototypes, 450-463
Digital resonators, 392-395
Digital signal processing, 1-21
analog signal processing (ASP) compared to,
34
applications of, 17-20
echo generation, 18-19
echo removal, 19
MATLAB and, 1-2, 5-17
method of, 2-3
musical sound processing, 18
reverberation, 19-20
signal analysis, 4
signal filtering, 4-5
Digital sinusoidal oscillators, 400-402
Digital-to-analog (D/A) converters, 90-92,
94-97
analog signal reconstruction, 90-92,
94-97
cubic spline interpolation, 92, 95-97
discrete-time Fourier analysis and, 90-92,
94-97
first-order-hold (FOH) interpolation, 91-92,
94-95
MATLAB implementation, 94-97
zero-order-hold (ZOH) interpolation, 90-91,
94-95

INDEX

Direct form, 215-217, 229-230, 522-526,
581-585
FIR filters, 229-230, 581-585
FIR sampling rate conversion, 522-526
IIR filters, 215217
MATLAB implementation, 217, 230, 583585
round-off effect analysis, 581-585
Dirichlet function, 153
dir2cas function, 218-219, 224, 229, 231, 588
dir2fs function, 236
dir2ladr function, 247248
dir2latc function, 242, 245
dir2par function, 222-224
Discontinuous function, 312
Discrete Fourier series (DFS), 141-150, 169
DTFT relation to, 148
inverse (IDFS), 149-150
MATLAB implementation, 143-146
matrix, 144
periodic conjugate symmetry, 169
periodic sequences, 142-143, 145-146
ztransform relationship, 146-148
Discrete Fourier transform (DFT), 141-212
circular folding, 166—168
circular shift, 173-175
conjugation, 168
convolution, 175-187, 197-200
discrete Fourier series (DFS), 141-148
fast Fourier transform (FFT), 187-200
linear convolution using, 180-187
linearity property, 166
MATLAB implementation, 143-146, 153,
156-160, 186-187, 195-197
multiplication, 180
N-point sequence, 154-165
Parseval’s relation, 180
symmetry, 168-173
z#domain sampling and reconstruction,
149-153
zero-padding, 159, 161-165
Discrete systems, see Discrete-time systems
Discrete-time filters, 213-304
adder, 214
delay element (shifter or memory), 214
error characteristics, 268-274
filter coefficients, 275-290
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INDEX

finite-precision numerical effects for, 251-252

FIR systems, 229-240, 286—290

frequency response, quantization effects on,
282-290

IIR systems, 215-229, 275-286

lattice structures, 240-251

MATLAB implementation, 217, 218-221,
222-229, 230, 231-233, 236-240, 242244,
245-246, 247-251

multiplier (gain), 214

number representation, 252-268

pole-zero locations, quantization effects on,
275-282

quantization and, 268-290

Discrete-time Fourier (DTF) analysis, 59-102

analog signals, 80-97

discrete-time Fourier transform (DTFT),
59-80

frequency domain and, 74-80

interpolation, 87-97

linear time-invariant systems, 74—80

MATLAB implementation for, 61-66, 84-87,

92-97
reconstruction of analog signals, 87-97
sampling analog signals, 81-87
unit impulse response, 59
Discrete-time Fourier transform (DTFT),
59-80, 148
arbitrary sequence response, 75—76
complex exponential response, 74-75
conjugation, 68, 71-72
convolution, 68-69
determination of, 59—60
DF'S relation to, 148
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periodicity property, 61
sinusoidal sequence response, 75
symmetry property, 61, 68, 72-73
time shifting, 68, 70

Discrete-time signals, 22-36

complex-valued exponential sequence, 24
correlations of sequences, 36

even and odd synthesis, 34-35
exponential sequences, 24, 36
finite-duration sequence, 23
geometric series, 36
infinite-duration sequence, 23
MATLAB representations, 23-32
number sequence, 22

operations on sequences, 2532
periodic sequence, 25

random sequences, 25

real-valued exponential sequence, 24
sinusoidal sequence, 24-25, 32-33
unit sample sequence, 23

unit sample synthesis, 34

unit step sequence, 23-24

Discrete-time systems, 36-53

convolution, 39-47

difference equations, 47-53

digital filters, 52-53

excitation, 36

linear, 37-40

linear time-invariant (LTT), 3853

MATLAB implementation for, 43—45, 47,
48-51

response, 36

sequence correlations, 45-47

zero-state input and responses, 51-52

energy density spectrum, 69
folding, 68, 72
frequency domain and, 74-80

Divide-and-combine approach, FFT, 191-193
Downsampler, 479-484
Dual-tone multifrequency (DTMF) signals,

frequency response evaluation, 7680 628-632
frequency shifting, 68, 70-71
inverse, 60
: L E
linear time-invariant (LTT) systems,
74-80 Echo generation, 18-19

linearity property, 67, 69-70
MATLAB implementation, 61-66
multiplication, 69

pairs, 66-67

Echo removal, 19

ellipord function, 446, 460-461

Elliptic lowpass filters, 421-425, 434-435,
442-444, 446, 449, 460-462
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bilinear transformation, 442-444
frequency-band transformation, 460-462
impulse invariance transformation, 434-—435
MATLAB implementation, 422-424, 446,
449, 460-462
phase responses, 424-425
Energy, signal operation, 28
Energy density spectrum, DTF'T, 69
Energy power spectrum, DFT, 180
Energy spectrum, DFT, 180
Error, 182-184, 268-274, 562-580. See also
Round-off effects
analysis, 182-184
linear convolution for, 182-184

INDEX

IIR filters, 275-286
pole-zero locations, effects on, 275-282
quantization of, 275-290

filter function, 48-52, 109-110, 121, 131-132,

197, 220, 224, 230

Filters, 52-53, 213-475

design, 213, 305-475

defined, 52

discrete-time implementation, 213-304

finite-duration impulse response (FIR), 52,
213, 229-240, 305-387

infinite-duration impulse response (IIR), 53,
213, 215-229, 388-475

lattice structures, 240-251

filtic function, 132-133
find function, 26
Finite-duration impulse response (FIR) filter,

multiplication quantization, 562-580
quantization, 268-274
rounding operation, 268, 273-274

truncation operation, 268-273
Even and odd synthesis, 34-35
evenodd function, 34-35
Excess-22 71 (biased) number format, 260
Excitation, 36
exp function, 24
Exponential sequences, 24, 36, 74-75
complex, 24, 74-75
DTFT representation, 74-75
frequency domain, response in, 74-75
geometric series, 36
real-valued, 24
Extraripple filters, 367
Extrema, 361, 365-367

F

Fast Fourier transform (FFT), 187-200
divide-and-combine approach, 191-193
efficient approach, 188-191
fast convolutions, 197-199
high-speed convolutions, 199-200
MATLAB implementation, 195-197
radix-2 algorithm, 193-195

fft function, 195-197

fftfilt function, 200

Filter coefficients, 275-290
FIR filters, 286—290
frequency response, effects on, 282-290

52, 213, 229-240, 286-290, 305-387,
500-522, 522-532, 580-591
absolute specifications, 306—-307
antisymmetric impulse response, 231, 311,
314-315
cascade form, 229-231, 585-589
design, 213, 305-387, 500-522
direct form structure, 229-230, 522-526,
581-585
fixed-point arithmetic analysis, 581-583,
585588
floating-point arithmetic analysis, 589-591
frequency response and, 286—-290,
312-315
frequency-sampling design, 346360
frequency-sampling form, 229, 234-240
integer decimation, 510-518
integer interpolation, 501-510
linear-phase form, 229, 231-234
linear-phase properties, 309-323
MATLAB analysis for, 583-585, 588-589
MATLAB implementation, 230, 231-233,
236-240, 315-317, 334-335, 368-377
multiple stopbands, 521-522
optimal ripple design, 360-377
polyphase structure, 522, 526-529
quantization of coefficients, 286-290
rational-factor rate conversion, 518-521
relative specifications, decibels (dB), 307-309
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INDEX

round-off effects, 580-591
sampling rate conversion, 500-522,
522-532
structures for sampling rate conversion,
522-532
symmetric impulse response, 231, 310,
313-314
time-invariant structures, 529-532
windowing, 324-346
zero locations, 317-323
Finite-duration sequence, 23, 107
Finite-precision numerical effects, 251-252
firl function, 345-346
fir2 function, 358-360
firpm function, 368-369, 502-504, 511-512
First-order-hold (FOH) interpolation, 91-92,
94-95
fix function, 269
Fixed-point arithmetic, 252-263, 268-274,
565-569, 581-583, 585588
cascade-form realization, 585-588
direct-form realization, 581-583
excess-22 71 (biased) format, 260
FIR round-off effect analysis, 581-583,
585—588
ITR round-off noise analysis, 565—-569
number representation, 252-263
one’s complement format, 253, 254-256, 262,
269271
quantization error and, 268-274
round-off analysis, 565-569, 581-583,
585-588
rounding operation, 268, 273-274
scaling to avoid overflow, 581583
sign-magnitude format, 253, 254, 262, 269
signed integers, 253-260
ten’s complement format, 258-260
truncation operation, 268-273
two’s complement format, 253, 256258, 260,
262, 271-273
fliplr function, 27, 242-243
Floating-point arithmetic, 253, 263-268, 274,
578-580, 589-591
FIR round-off effect analysis, 589-591
IIR round-off noise analysis, 578-580
mantissa values, 264-267

643

number representation, 253, 263—268
quantization error and, 274
round-off effect analysis, 578-580, 589-591
Folded-and-shifted convolution, 42
Folding, 27, 68, 72, 107, 166-168
circular, 166—168
discrete Fourier transform (DFT), 166-168
discrete-time Fourier transform (DTFT), 68,
72
signal operation, 27
ztransform, 107
for...end loop, 143, 178
fregs_m function, 410-411
Frequency, periodicity in, 33
Frequency-band tolerances, 308
Frequency-band transformations, 450-463
design procedure, 456—459
digital prototype design, 450-463
MATLAB implementation, 459-463
zplane mapping, 450-456
Frequency domain, 74-80, 175, 325—326,
489-490, 498
arbitrary sequence response, 75-76
circular shifting in, 175
complex exponential response, 74—75
DTFT representation, 74-80
frequency response evaluation, 76-80
linear time-invariant (LTT) systems, 74-80
resampled signal representation, 498
sampling rate conversion relationships,
480-484, 489-490, 498
sinusoidal sequence response, 75
steady-state response, 75-76
upsampled signal representation, 489-490
windowing operation in, 325-326
Frequency resolution, 148
Frequency response, 76-80, 282-290, 312-315,
389-391
analog filters, 389-391
DTFT evaluation, 76-80
FIR filters, 286-290, 312-315
IIR filters, 282-286
linear FIR filter design, 312-315
quantization effects on, 282-290
Frequency sampling, 150, 229, 234-240,
346-360
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approximation error, 248
design, 346-360
discrete Fourier transform (DFT) and, 150
FIR filters, 229, 234-240, 346-360
form, 229, 234-240
naive design method, 349-350
optimum equiripple design method, 350-360
Frequency-selective filters, 305
Frequency shifting, 68, 70-71, 107
DTFT, 68, 70-71
ztransform, 107
freqz function, 64, 121-123
freqz.m function, 335
Functions, MATLAB, 14
Fundamental period, 25

G

Geometric series, discrete-time signals, 36
Goertzel algorithm, 630-632

Granular limit cycles, 554560

Graphical convolution, 42—43

H

Hamming window, 330-331, 343-344
Hann window, 330, 344-345
High-speed convolutions, FFT, 199-200
Homogeneous solution, 47-48
hsolpsav function, 199-200

idfs function, 145
idft function, 156
IEEE 754 standard, number representation,
266268
ifft function, 196
imp_invr function, 428-429
Impulse invariance transformation, 426-436
Impulse response, 229, 231, 309-315
antisymmetric, 231, 314-315
frequency response and, 312-315
linear FIR filters, 229, 231, 309-311
symmetric, 231, 313-314
Impulse train conversion, 87-90, 92-94
impz function, 48-49, 110

INDEX

Indexing operations, MATLAB, 10-11
Infinite-duration impulse response (IIR) filter,
53, 53, 213, 215-229, 275-286, 388-475,
552-580
allpass filters, 398-400
analog filters, 389-391
analog-to-digital transformations, 425-445
cascade form, 215, 217-221
comb filters, 397-398
design, 213, 388-475
digital resonators, 392—-395
digital sinusoidal oscillators, 400-402
direct form, 215-217
fixed-point arithmetic analysis, 565-569
floating-point arithmetic analysis, 578-580
frequency-band transformations, 450-463
frequency response, 282-286, 389-391
higher-order filters, 576-580
limit cycles, 540, 553-562
lowpass filters, 402—463
MATLAB analysis for, 555-558, 569-576
MATLAB implementation, 217, 218-221,
222-229, 405-408, 410-412, 414-424,
445-450, 459-463
multiplication quantization error, 562—-580
notch filters, 395-397
parallel form, 215, 222-229
pole-zero locations, quantization effects on,
275282
prototype filter characteristics, 402—-425
quantization of coefficients, 275-286
relative linear scale, 389-390
round-off effects, 552-580
statistical round-off noise, 565-576, 578-580
transformations, 425-445, 450-463
transposed structure, 217
Infinite-duration sequence, 23
Initial-condition input, 131-134
interp function, 491-494
Interpolation, 87-97, 152-153, 477479,
488-494, 501-510
analog signal reconstruction, 87-97
cubic spline, 92, 95-97
digital-to-analog (D/A) converters, 90-92,
94-97
discrete-time Fourier analysis and, 87-97
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INDEX

DTFT formula, 152-153
error, 477-478
factor I, 477-479, 488-494, 501-510
FIR integer, 501-510
first-order-hold (FOH) interpolation, 91-92,
94-95
formula, 88-90
ideal, 490-494
impulse train conversion, 87-90, 92-94
MATLAB implementation, 489, 491-494,
501-507
sampling rate increase, 479, 488-494
upsampler, 488-490
zdomain reconstruction, 152-153
zero-order-hold (ZOH), 90-91, 94-95
intfilt function, 502, 516
Inversion, 60, 112-118, 149-150
discrete Fourier series (IDFS), 149-150
discrete-time Fourier transform (IDTFT), 60
MATLAB implementation, 114-118
ztransform, 112-118

K

Kaiser window, 331-334, 336-338, 340-342
kaiserord function, 346

L

ladr2dir function, 248-249
ladrfilt function, 249
latc2dir function, 245
latcfilt function, 242, 251
Lattice filter structures, 240-251
all-zero, 240-244
all-pole, 244-246
lattice-ladder, 246251
MATLAB implementation, 242-244,
245-246, 247-251
Least-mean square (LMS) algorithm, 598-601
Least-significant bit, 262
Left-sided sequence, 106
Levinson-Durbin algorithm, 626
Limit cycles, 540, 553-562
behavior, 553-554
granular, 554-560

645

IIR digital filters, 553—562
overflow, 554, 560562
round-off effects, 540, 553-552
zero-input, 553
Line enhancement, adaptive filtering and, 605
Linear convolution, 180-187
blocks, 184-186
discrete Fourier transform (DFT) for,
180-187
error analysis using, 182-184
MATLAB implementation, 186-187
Linear convolution sum, 39-40
Linear filtering process, 478-479
Linear-phase FIR filters, 229, 231-234, 309323
amplitude response, 312
antisymmetric impulse response, 231, 311,
314-315
design, 309-323
frequency response and, 312-315
impulse response and, 229, 231, 309-311
MATLAB implementation, 315-317
structure, 229, 231-234
symmetric impulse response, 231, 310,
313-314
zero locations, 317-323
Linear predictive coding (LPC) speech,
624-628
Linear systems, 37-40
bounded-input bounded-output (BIBO)
stability, 40
causality, 40
discrete-time, 37-40
impulse response, 37
superposition summation, 37
time-invariant (LTT), 38-40
time-varying impulse response, 37
Linear time-invariant (LTT) systems, 38-53,
74-80
arbitrary sequence response, 75-76
bounded-input bounded-output (BIBO)
stability, 40
causality, 40
complex exponential response, 74-75
convolution, 39-47
determination of, 38-39
difference equations, 47-53, 76-80
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digital filters, 5253
discrete-time Fourier transforms (DTFT),
74-80

frequency domain and, 74-80

frequency response evaluation, 76-80

sequence correlations, 45-47

sinusoidal sequence response, 75

zero-state input and responses, 51-52
Linearity property, 67, 69-70, 107, 166

discrete Fourier transform (DFT), 166

discrete-time Fourier transform (DTFT), 67,

69-70
ztransform, 107
1ms function, 600
Lowpass filters, 402-463
analog prototype filter characteristics,
402-425
analog-to-digital transformations, 425-445
Butterworth, 403-412, 429-431, 438-439,
445-447, 459-460
Chebyshev, 412-421, 431-434, 439442, 445,
447-449, 452, 455-458, 460, 462-463
design using MATLAB, 445-450
digital prototype design, 450-463

elliptic, 421-425, 434-435, 442-444, 446, 449,

460-462
frequency-band transformations, 450-463
MATLAB implementation, 459-463
zplane mapping, 450-456

M

Magnitude response, 75

Mantissa values, 264-267

Matched-z transformation, 444-445

MATLAB, 1-2, 5-17, 23-32, 43-45, 47, 48-51,
61-66, 8487, 92-97, 114-118, 120-125,
131-134, 143-146, 153, 156-160, 186-187,
195-197, 217, 218-233, 236—240, 242-251,
254-258, 260, 267268, 315-317, 334-335,
368-377, 405-408, 410-412, 414-424,
445-450, 459-463, 480, 485-488, 489,
491-494, 498-500, 501-507, 512-514,
519-520, 542-552, 555-558, 569-576,
583-585, 588-589, 600

INDEX

analog filters, 405-408, 410-412, 414-421,
422424

analog signal analysis, 84-87, 92-97

Butterworth lowpass filters, 405408,
410-412, 445-447

Chebyshev lowpass filters, 414—421, 445,
447-449

command window, 6

control and flow of commands, 11-13

convolution, 43-45, 47, 186-187

correlation, 47

decimation, 480, 485-488, 512-514

difference equations, 48-51, 131-134

digital signal processing (DSP) and, 1-2

discrete Fourier series (DFS), 143-146

discrete Fourier transform (DFT), 153,
156-160, 186-187, 195-197

discrete-time filters, 217, 218-233, 236-240,
242-251

discrete-time Fourier analysis, 61-66, 84-87,
92-97

discrete-time Fourier transform (DTFT),
61-66

discrete-time signals, 23-32

discrete-time systems, 43-45, 47, 48-51

elliptic lowpass filters, 422-424, 446, 449

fast Fourier transform (FFT), 195-197

FIR filters, 230, 231-233, 236-240, 230,
231-233, 236240, 315-317, 334-335,
368-377

frequency-band transformations, 459-463

functions, 14

IIR filters, 217, 218-221, 222-229, 405-408,
410-412, 414-424, 445-450, 459-463

indexing operations, 10-11

interpolation, 489, 491-494, 501-507

inverse z-transform, 114-118

lattice filters, 242244, 245-246, 247-251

least-mean-square (LMS) algorithm, 600

linear convolution, 186187

linear-phase FIR filters, 315-317

lowpass filter design, 445450

matrix operations, 8-13

number representation, 6, 254-258, 260,
267-268

operators, 8
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INDEX

optimal equiripple design, 368-377
plotting, 14-17
quantization noise analysis, 542-552,
569-576
rational factor I/D, 498-500, 519-520
reconstruction of signals, 92-97, 153
round-off effects, 542-552, 555-558, 569-576,
583-585, 588-589
sampling rate conversion, 480, 485488, 489,
491-494, 498-500, 501-507, 512-514,
519-520
sampling signals, 84-87
scripts, 13
use of, 5-17
variables in, 7-8
windowing operations, 334—-335
ztransform, 114-118, 120-125, 131-134
Matrix operations, MATLAB, 8-13
mean function, 548
Merging formula, 194
Minimizing approximation error (minimax)
problem, 361-364
Minimum-phase filter, 391
Mirror-image symmetry, 391
Mixed-radix algorithm, FFT, 193
Moving average (MA) filters, 52
Multiple access code, 634
Multiple stopbands, sampling rate conversion,
521-522
Multiplication, 26-27, 69, 108, 180
DFT property, 180
by-a-ramp, 108
DTFT property, 69
signal operation, 2627
ztransform property, 108
Multiplier (filter gain), 214
Multirate digital system processing systems,
476
Musical sound processing, 18

N

N-point sequence, DFT, 154-165
Naive design method, frequency sampling,
349-350

647

NaN function, 267
Narrowband interference, suppression of,
602-605
Natural frequencies, 48
Negative-time sequence, 105
Noise, 540-552, 565-580
A/D quantization, 540-552
round-off, 565-580
signal-to-noise ratio, 568-569, 572574,
579-580
Nonperiodic signal, 153
Nonrecursive filters, 52
Normalized form, 264
Notch filters, 395-397
Null space, 104
Number representation, 6, 252268
binary, 253-260, 265-266
decimals, 264
discrete-time filters, 252—268
excess-22 71 (biased) format, 260
fixed-point, 252-263
floating-point, 253, 263—268
IEEE 754 standard, 266268
mantissa values, 264-267
MATLAB, 6, 254-258, 260, 267—268
one’s complement format, 253, 254-256, 262
real, 261-263
sign-magnitude format, 253, 254, 262
signed integers, 253—-260
ten’s complement format, 258-260
two’s complement format, 253, 256258, 260,
262
Number sequence, 22
Numerator polynomial, 105
Nyquist component, 169
Nyquist rate, 83

(0]

oc2sm function, 263, 270

Omode function, 556

One-sided ztransform, 128—-130

One’s complement number format, 253,
254-256, 262, 269-271

OnesComplement function, 256
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Operators, MATLAB, 8
Optimal equiripple design, 360-377
amplitude response, 361
Chebyshev approximation problem,
361, 364
extrema, 361, 365-367
FIR filter design, 360-377
MATLAB implementation, 368-377
minimizing approximation error (minimax)
problem, 361-364
Parks-McClellan algorithm, 367-377
Optimum design method, frequency sampling,
350-360
Overflow limit cycles, 554, 560-562
Overlap-add convolution, 187
Overlap-save convolution, 185187
ovrlpsav function, 186-187

P

Parallel form, IIR filters, 222-229

parfiltr function, 224-225

Parks-McClellan algorithm, 367-377, 520

Parseval’s relation, DFT, 180

par2dir function, 225

Passband, 306-307

Periodic conjugate symmetry, DFS, 169

Periodic convolution, 69

Periodic sequence, 25, 142-143, 145-146

Periodic shifting, 172

Periodic-sinc function, 153

Periodicity in time and frequency, 33

Phase response, 75, 424-425

plot function, 94-95, 163

Plotting, MATLAB, 14-17

Pole-zero diagrams, 105

Pole-zero locations, quantization effects on,
275282

poly function, 116

Polyphase structure, FIR sampling rate
conversion, 522, 526-529

Positive-time sequence, 105

Power, signal operation, 28

Power spectrum, DFT, 180

prod function, 28

INDEX

Prototype filters, 402-425, 450-463
analog, 402-425
digital, 450-463

Pseudo-noise (PN), 635-636

Pulse-code modulation (PCM), 609-613

Q

Qcoeff function, 279-280
Qfix function, 557-562, 569-571, 575-576,
583-585

Qmode function, 556

Quantization, 268-290, 540-552, 562-580
A /D noise analysis, 540-552
digital filters, noise through, 549-550
error characteristics, 268-274, 540-552
filter coefficients, 275-290
FIR filters, 286290
fixed-point arithmetic, 268-274, 565-569
floating-point arithmetic, 274
frequency response, effects on, 282-290
IIR filters, 275-286, 562-580
MATLAB analysis for, 542-547, 569-576
MATLAB implementation of, 548-549,

550-552

multiplication error, 562—-580
noise, 540-552
pole-zero locations, effects on, 275282
round-off effects, 540-552, 562-580
rounding operation, 268, 273-274, 547-548
statistical model of, 541-542, 547-548
truncation operation, 268-273, 547-548

R

Radix-R algorithm, FFT, 193

Radix-2 algorithm, FFT, 193-195

rand function, 25

Random sequences, 25

Rational factor I/D, 495-500, 518-521
FIR filters, 518-521
MATLAB implementation, 498-500, 519-520
sampling rate conversion by, 495-500

Real number representation, 261-263
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Real-valued exponential sequence, 24
Reconstruction, 87-97, 152-153
analog signals, 87-97
band-limited signals, 82-83, 87-90
cubic spline interpolation, 92, 95-97
digital-to-analog (D/A) converters, 90-92,
94-97
discrete Fourier transform (DFT) for,
152-153
DTFT interpolation formula, 152-153
first-order-hold (FOH) interpolation, 91-92,
94-95
impulse train conversion, 87-90, 92-94
interpolation, 87-97, 152-153
MATLAB implementation, 92-97, 153
zdomain, 152-153
zero-order-hold (ZOH) interpolation, 90-91,
94-95
Rectangular pulse, 35
Rectangular window, 325-329
Recursive filters, 53, 213
Region of convergence (ROC), 104-107
Relative linear scale, 389-390
Relative specifications, FIR filter design,
307-309
rem function, 154-156
resample function, 499, 522
residue function, 428-429, 551
residuez function, 114-118, 124, 224225,
428-429
Resonator, 392
Response, 36
Reverberation, 19-20
Right-sided sequence, 106
Ripple parameter, 389-390, 515-516
roots function, 50, 119
Round-off effects, 540-595
A /D quantization noise, 540-552
FIR digital filters, 580-591
fixed-point arithmetic analysis, 565-569,
581-583, 585-588
floating-point arithmetic analysis, 578580,
589-591
higher-order filters, 576-580
ITR digital filters, 552-580
limit cycles, 540, 553-562

649

MATLAB analysis for, 542-547, 555-558,
569-576, 583-585, 588-589
MATLAB implementation, 548-552
multiplication quantization error, 562—-580
noise, 540-552, 565-581
statistical noise, 565-576, 578-580
Rounding operation, 268, 273-274, 547-548

S

Sample delay, 324
Sample products, signal operation, 28
Sample shifting, ztransform, 107
Sample summation, signal operation, 28
Sampling, 32-33, 81-87, 148-152, 346-360
aliasing formula, 81
analog signals, 81-87
band-limited signals, 82-83
discrete Fourier transform (DFT) for,
149-152
FIR filter design, 346-360
frequency, 150, 346-360
interval, 81, 148
MATLAB implementation, 84-87, 92-97
sinusoidal sequences, 32-33
sinusoidal signals, 83—84
zdomain, 149-152
Sampling rate conversion, 476-539
decimation by factor D, 479-488
FIR filter design for, 500-522
FIR filter structures for, 522-532
frequency domain relationships, 480-484,
489-490, 498
interpolation by factor I, 477-479, 488-494
linear filtering process, 478-479
MATLAB implementation, 480, 485-488,
489, 491-494, 498-500, 501-507, 512-514,
519-520
rational factor I/D, 495-500
Scaling, signal operation, 27
Scaling factor, 261
Scripts, MATLAB, 13
sdir2cas function, 406-408
Sensitivity formula, 276
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Sequences, 22-33, 36, 45-47, 75-76, 103-107,
142-143, 145-146, 154-156
anticausal, 106
arbitrary absolutely summable, 75-76
complex-valued exponential sequence, 24
convolution and, 45-47
correlations of, 36, 45-47
DFS representation, 142-143, 145-146
DFT representation, 154-165
discrete-time signals, 22-33, 36
DTFT representation, 75-76
exponential, 24, 36
finite-duration, 23, 107
frequency domain, responses in, 75-76
infinite-duration, 23
left-sided, 106
MATLAB representation of, 47
negative-time, 105-106
N-point, 154-165
number, 22
operations on, 25-32
periodic, 25, 142-143, 145-146
positive-time, 105
random, 25
real-valued exponential, 24
region of convergence (ROC), 105-107
right-sided, 106
sinusoidal, 24-25, 32-33, 75
two-sided, 106-107
unit sample, 23
unit step, 23-24
ztransforms, 103-107
Shifting, 27, 68, 70-71, 107, 173-175
circular, 173-175
discrete Fourier transform (DFT),
173-175
discrete-time Fourier transform (DTFT), 68,
70-71
frequency, 68, 70-71, 107
periodic, 172
sample, 107
signal operation, 27
time, 68, 70
ztransform, 107
sig#* functions, 30-31
sigadd function, 26, 30

INDEX

sigfold function, 27, 31
sigmult function, 26-27, 31
Sign-magnitude number format, 253, 254, 262,
269
Signal-to-noise ratio, 568-569, 572-574,
579-580
Signals, 1-23, 25-33, 36, 80-97, 149-153,
346-360, 507-510
addition, 25-26
analog processing (ASP), 3-4, 80-97
analysis, 4
band-limited, 82-83, 87-90
digital processing (DSP), 1-21
discrete Fourier transform (DFT) for,
149-153
discrete-time, 22-33, 36
discrete-time Fourier analysis of, 80-97
filtering, 4-5
folding, 27
multiplication, 2627
operations, 25—32
parameters, 507-510
reconstruction, 87-97, 152-153
sample products, 28
sample summation, 28
sampling, 32-33, 81-87, 149-152,
346-360
scaling, 27
shifting, 27
signal energy, 28
signal power, 28
sinusoidal, 83-84
Signed integers, 253—-260
Significand, 267
sigshift function, 27, 30
sin function, 24-25
sinc function, 92-94
Sinusoidal sequence, 24-25, 32-33, 75
discrete-time, 24-25, 32-33
DTFT representation, 75
frequency domain, response in, 75
MATLAB signal representation, 24-25
periodicity in frequency, 33
periodicity in time, 33
rectangular pulse, 35
sampling, 32-33
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Sinusoidal signals, 83-84, 604-605
interference, suppression of, 604-605
sampling, 83—-84

sm2oc function, 263, 270

sm2tc function, 263, 272

Soft zero, 267

sos2tf function, 220

Spectrum analyzers, 305

spline function, 95-97

Spread-spectrum digital data communication,

634-636

Stability, 40, 125-128

bounded-input bounded-output (BIBO)
stability, 40

linear systems, 40

zdomain causality and, 125-128

stairs function, 94-95

Statistical round-off noise, 565-576, 578-580
fixed-point arithmetic analysis, 565—569
floating-point arithmetic analysis, 578580
IIR digital filters, 565-576, 578-580
MATLAB analysis for, 569-576

StatModelR function, 548, 563

std function, 548

Steady-state response, 75-76, 130

stem function, 48-49

Stopband, 307

sum function, 28

Symmetric impulse response, 231, 310, 313-314

Symmetry, 61, 68, 72-73, 168-173, 391
circular conjugate, 168-173
discrete Fourier series (DFS), 169
discrete Fourier transform (DFT), 168-173
discrete-time Fourier transform (DTFT), 61,

68, 72-73
mirror-image, 391
periodic conjugate, 169
Synthesis, discrete-time signals, 34—-35
System identification (modeling), 601-602

T

tc2sm function, 263, 272

Ten’s complement number format, 258-260
TensComplement function, 260

tf2sos function, 219
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Time, periodicity in, 33
Time shifting, DTFT, 68, 70
Time-invariant structures, FIR sampling rate
conversion, 529-532
Transformations, 425-445, 450463
analog-to-digital, 425-445
bilinear, 426, 436-444
frequency-band, 450-463
IIR filter design, 425-445, 450-463
impulse invariance, 426-436
matched-z, 444-445
Transient response, 130
Transition band, 307
Transposed structure, IIR filters, 217
Truncation operation, 268-273, 547-548
Twiddle factor, 192
Two-sided sequence, 106-107

Two’s complement number format, 253,
256-258, 260, 262, 271-273
TwosComplement function, 257-258

U

U_buttap function, 406—408, 410
U_chblap function, 414-415
U_chb2ap function, 419
U_elipap function, 422-423
Unbounded response, 130

Unit circle, 104

Unit impulse response, 59

Unit sample sequence, 23

Unit sample synthesis, 34

Unit step sequence, 23-24
Unquantized filter coefficients, 284-285
upfirdn function, 504-507, 522
Upsampler, 488-490

\'

VarGain function, 551-552
Variables in MATLAB, 7-8

Copyright 2010 Cengage Learning. All Rights Reserved. May not be copied, scanned, or duplicated, in whole or in part. Due to electronic rights, some third party content may be suppressed from the eBook and/or eChapter(s).
Editorial review has deemed that any suppressed content does not materially affect the overall learning experience. Cengage L earning reserves the right to remove additional content at any time if subsequent rights restrictions require it.



652

w

Wideband signals, 602-605

Windowing, 324-346
accumulated amplitude response, 326-328
Bartlett window, 329
Blackman window, 331-332, 338-340
cutoff frequency, 324
FIR filter design, 324-346
frequency domain, 325-326
Gibbs phenomenon, 328
Hamming window, 330-331, 343-344
Hann window, 330, 344-345
Kaiser window, 331-334, 336-338, 340-342
MATLAB implementation, 334-335
rectangular window, 325-329
sample delay, 324

Word length, 261

X

xcorr function, 47

z

zdomain, 108, 118-128, 149-153
causality, 125—128
difference equation representation, 119-120
differentiation in, 108
discrete Fourier transforms in, 149-153
DTEFT interpolation formula for, 152-153
MATLAB implementation, 120-125, 153
reconstruction in, 152-153
sampling in, 149-152
stability, 125-128
system functions 118-128
system representations, relationships

between, 125

transfer function representation, 120
ztransform reconstruction formula, 152-153

INDEX

zplane mapping, 450-456
ztransform, 103-140, 146148, 152-153
bilateral, 103-107
complex conjugation, 107
convolution, 108-110
deconvolution, 109-110
difference equation solutions using,
128-134
differentiation in zdomain, 108
discrete Fourier series (DF'S) relationship,
146-148
folding, 107
frequency shifting, 107
inversion of, 112-118
linearity property, 107
MATLAB implementation, 114-118,
120-125, 131-134
multiplication, 108
one-sided, 128-130
pairs, 110-111
reconstruction formula, 152-153
region of convergence (ROC), 104-107
sample shifting, 107
sequences, 103-107
system representation in z-domain,
118-128
zdomain, 108, 118-128, 152-153
Zero constellation, 317-318
Zero locations, linear-phase FIR filters,
317-323
Zero-order-hold (ZOH) interpolation, 90-91,
94-95
Zero-padding, DF'T operation, 159, 161-165
Zero-state input and responses, 51-52,
130-131
zerophase function, 315-317
zeros function, 23
zmapping function, 453-458
zplane function, 119, 121-122
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