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A posteriori error, 77
A posteriori error vector, 96
A posteriori signal-to-noise ratio, 240
A priori error, 77
A priori error vector, 96
A priori signal-to-noise ratio, 240
Acoustic echo, 31
Adaptive decorrelation filter, 167, 170
Adaptive highpass filter, 139
Adaptive line enhancement, 130
Affine projection algorithm, 95
All-pole filter, 62
All-zero filter, 62
Allpass-transformed filterbank, 230
Analysis–synthesis scheme, 224, 230
Analysis filterbank, 200
Arithmetical error, 382
Artificial mouth, 10
Artificial Voice, 39
Attenuation factor, 139
Autocorrelation matrix, 56
Automatic gain control, 147–148, 255

B

Background noise-level estimation, 149
Backward predictor, 61
Bark scale, 230
Bartlett window, 227

Beamformer, 267
Behind-the-ear hearing aid, 12
Bi-frequency response, 418
Block processing algorithm, 175
Blocking matrix, 293
Broadside direction, 272

C

Calibration, 376
Car interior communication system, 10
Car noise, 24
Cascaded polyphase filterbank, 234
Center clipper, 2
Cepstral analysis, 259, 333
Cepstral coefficient, 49
Cepstral distance, 43, 48
Chebyshev’s recursion, 410
Chebyshev polynomial, 410
Chi square density, 31
Closed-loop correlation analysis, 330
Comfort noise, 248
Command correctness, 267
Completely-in-the-canal hearing aid, 12
Complex cepstrum, 48, 414
Complex impulse response, 54
Composite source signal, 39
Computational complexity, 182, 186
Constrained least mean square (LMS) algorithm,
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Constraint, 185
Contraction parameter, 83
Control, 299
Control matrix, 112
Control structure, 79
Control

basic aspect, 301
design aspect, 301
hardware aspect, 302

Convergence plane, 89
Conversational noise, 24
Correlation analysis, 330
Cost function, 43
Coupling factor, 321
Critical band, 230

D

Decorrelation filter, 62, 91, 166
Delay coefficient, 323
Dereverberation, 268
Deterministic data model, 45
Diffuse field distance, 374
Directional gain, 278
Directional pattern, 276
Directivity factor, 278
Directivity index, 278
Dolph–Chebyshev filter, 47, 408
Double talk, 48
Double talk detection, 51
Downsampling, 191
Dynamic limiter, 158

E

Echo-return loss enhancement (ERLE), 35
Echo cancellation filter, 163
Eigenfilter, 47
Endfire direction, 272
Engine noise, 24
Envelope tracker, 148
Equiripple filter, 47
Error criterion, 43
Error criterion for adaptive filters, 43
Error criterion for filter design, 46
European Telecommunication Standards Institute,

37
Expansion parameter, 84
Exponentially weighted stepsize NLMS algorithm,

383
Extended LMS algorithm, 217
Extended state vector, 124
Extended system matrix, 124

F

FAP algorithm, 99
Far-field assumption, 373

Fast affine projection algorithm, 99
Fast recursive least squares algorithm, 110
Fast transversal filter algorithm, 111
Feedback canceling filter, 11
Fetal electrocardiography, 131
Filter characteristics, 235
Filter design, 401
Filter order, 209
Filterbank, 189
Final misadjustment, 80, 86
Finite impulse response filter, 76
Fixed decorrelation filter, 170
Forgetting factor, 45, 105
Formant frequency, 16
Forward predictor, 61, 64
Fourier matrix, 181
Fractional delay filter, 282
Freezing of coefficients, 383
Frequency shift, 137–138
Frequency shifting, 222
Fricative spreading, 255, 260
Front-to-back ratio, 278
Fullband processing, 165
Fundamental frequency, 16

G

Gain vector, 106
Gamma probability density, 19
Gaussian probability density, 19
Generalized sidelobe canceler, 293
Grating lobe, 267, 271
Group delay, 402

H

Half-band filter, 46
Hamming window, 227
Hands-free telephone, 9
Hanning window, 226
Hard–soft limiter, 159
Hard limiter, 158
Harmonic product spectrum, 260
Headset, 131
Hearing aid, 12
Hermitian matrix, 58
Highpass-lowpass power ratio, 337
Hilbert filter, 141

I

Implementation, 381
Inner cost function, 44
International Telecommunication Union, 37
Intonation, 16

K

Kalman algorithm, 111
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Kalman gain, 114–115, 119

L

Lagrange interpolation, 283
Laplacian probability density, 19
Lattice filter, 70
Leakage, 217
Levinson–Durbin algorithm, 64, 91
Levinson–Durbin recursion, 67
Limiter, 147
Line spectral frequency, 355
Linear prediction, 61
Linear wave equation, 269
Linearly constrained minimum variance (LCMV)

beamformer, 287
Lombard effect, 255
Loss control, 146, 151
Loudspeaker–enclosure–microphone system, 163
Lower sideband, 141

M

Masking, 211
Matrix inversion lemma, 106
Mean square error, 43, 45
Measurement equation, 112
Measurement noise, 120
Measurement vector, 112
Memory requirement, 182, 186
Microphone array, 267
Microphone calibration, 376
Minimax criterion, 43, 47
Minimum mean square error estimation, 240
Minimum statistics, 355
Mismatch vector, 82
Modified filter coefficient vector, 101
Modulation effect, 246
Multichannel system, 218
Musical noise, 241, 364

N

NLMS algorithm, 77–78
Noise suppression, 222
Noncausal subband impulse response, 206
Noncausal Wiener filter, 60
Nonpersistent signal, 16
Nonuniqueness, 164, 214
Normal equation, 57, 106
Normal equations, 62
Normalized autocorrelation coefficient, 16
Notation, 7
Notch filter, 11
Number representation error, 382

O

Office floor plan, 33

Office impulse responce, 35
Office noise, 23
Open-loop correlation analysis, 330
Orthogonality principle, 55, 114
Outer cost function, 44
Overestimation factor, 366

P

PARCOR coefficient, 68
Perfect reconstruction, 226, 404
Persistent signal, 73
Phase center, 274
Pitch-adaptive filtering, 222, 255–256
Pitch-frequency estimation, 259
Pitch frequency, 16
Polar plot, 276
Polyphase filterbank, 197
Postecho, 230
Power spectral density, 59
Prediction error filter, 61
Predictor order, 61
Prewhitening structure, 84
Prolate sequence, 47
Prototype lowpass filter, 189, 197, 203
Public address system, 11

Q

Quadrature mirror filterbank, 192
Quantization, 383
Quantization error, 381

R

Rayleigh density, 31
Rectangular time window, 44
Recursive least squares algorithm, 105
Reflection coefficient, 68, 70
Regularization, 97
Regularization parameter, 79
Remez exchange algorithm, 47
Rescue detector, 333
Residual echo suppression, 222, 244
Reverberation time, 8, 33
RLS algorithm, 107
Rolling noise, 27

S

Saturation, 382
Scaled filter vector, 386
Scaling matrix, 386
Selective coefficient update, 171
Shadow filter, 334
Sidelobe cancellation path, 293
Signal cancellation, 373
Signal identification, 73
Signal matrix, 96
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Sliding unit, 216
Sortline algorithm, 174
Spatial aliasing, 271
Spatial frequency response, 272
Spectral floor, 243, 367
Spectral subtraction, 238
Speech-activated switching, 146
Speech-level estimator, 150
Speech recognition system, 267
Speech signal, 15
Speed of convergence, 86
Stability analysis, 80
Standards, 37
Stationarity, 49
Stepsize matrix, 79
Stepsize parameter, 78–79
Stereophonic echo cancellation, 213
Stochastic data model, 45
Subband cancellation, 185
Subband system, 204
Superdirective microphone array, 278
Synthesis filterbank, 200
Synthesis windowing, 225
System distance, 74, 86, 321
System equalization, 73–74
System equation, 112
System identification, 73
System identification problem, 35
System noise vector, 112

T

Test signal, 39

Toeplitz matrix, 58
Transition matrix, 112
Transversal echo cancellation filter, 37
Two-filter structure, 91

U

Upper sideband, 141
Upsampling, 192

V

Ventilator noise, 28
Voice activity detection, 148, 150, 157
Voiced/unvoiced classification, 259

W

White noise gain, 278
Whitening filter, 62
Wiener–Hopf equation, 56
Wiener filter, 53, 115, 237
Wiener solution, 57
Wind noise, 24
Window, 44
Window functions

exponentially decaying window, 45
rectangular time window, 44

Woodbury’s law, 106
Wrapping, 382

Z

Zero-crossing rate, 259, 354
Zero saturation, 382


