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Proper noun, 53-54
Property inheritance, 871
Propositional phrases (PPs), 59-60
Prosodic analysis module, 7
Prosodic modification of speech, 818-31
epoch detection, 828-29
evaluation of TTS systems, 834-44
automated tests, 843-44
Diagnostic Rhyme Test (DRT), 837
functional tests, 842-43
glass-box vs. black-box evaluation, 835-36
global vs. analytic assessment, 836
Haskins Syntactic Sentence Test, 839
human vs. automated, 835
intelligibility tests, 837-39
judgment vs. functional testing, 835-36
laboratory vs. field, 835
Modified Rhyme Test (MRT), 838
overall quality tests, 84041
phonetically balanced word list test, 839
preference tests, 842
Semantically Unpredictable Sentence Test, 837
symbolic vs. acoustic level, 835
pitch-scale modification epoch calculation, 825
pitch-scale time-scale epoch calculation, 827
pitch synchronous overlap and add (PSOLA),
820-23, 831, 847
problems with, 829-31
spectral behavior of, 822-23
source-filter models for prosody modification,
831-34
LP-PSOLA, 832-33
mixed excitation models, 832-34
prosody modification of the LPC residual, 832
voice effects, 834
synchronous overlap and add (SOLA), 818-19
synthesis epoch calculation, 823-24
time-scale modification epoch calculation, 826-27
waveform mapping, 827-28
Prosodic phrases, 749-51
Prosodic transcription systems, 759-61
Prosody, 739-91, 943
and character, 744
duration assignment, 761-63
CART-based durations, 763
rule-based methods, 762-63
generation, 721-22
generation schematic, 743-44
loudness, 740
pausing, 740
pitch, 740
pitch generation, 763-82
accent termination, 770
attributes the pitch contours, 764-68
baseline FO contour generation, 768-69
corpus-based FO generation, 779-82
declination, 766-67

Index

evaluations/improvements, 773-74
FO contour interpolation, 772-73
gradient prominence, 765-66
interface to synthesis module, 773
parametric FO generation, 774-75
phonetic FO (microprosody), 767-68
pitch range, 764-65, 770-71
prominence determination, 771-72
superposition models, 775-76
ToBI realization models, 777-78
tone determination, 770
prosody markup languages, 783-85
rate/relative duration, 740
role of understanding, 740-44
speaking style, 744-45
character, 744
emotion, 74445
symbolic, 745-61
accent, 751-53
pauses, 747-49
prosodic phrases, 749-51
prosodic transcription systems, 759-61
tone, 753-57
tune, 757-59
Prosody markup languages, 783-85
PROSPA, 759
Pruning, 609
Pruning error, 675
PSOLA, See Pitch synchronous overlap and add
(PSOLA)
Psychoacoustics, 30
Pulse code modulation (PCM), 271, 340-42
Pure tones, 31
Push-down automation, 548
Push-to-talk model, 422-23
P-value, 115-16

Q

Quantization noise, 246
Questioned noun phrase, 61

R
Radix-2 FFT, 222, 223
Randomness, 72
Random noise, 276
Random variables, 77-79

expectation of, 79
Random vectors, 83-85
Rapidly evolving waveforms (REW), 368-70
Rapid prototyping, 948-49
Rate/relative duration, 740
Read speech acoustic models, 857
Real cepstrum, 307-8
Real-time cepstral normalization, 525
Recognition problem, 554
Rectangular window, 230-31
Recurrent neural networks, 457-58
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ive least squares (RLS) algorithm, 504
g:ccll:zive transition network (RTN), 548, 613-14
Reflection coefficients, 296, 299, 305
Region of convergence (BOC), 21 !-].2
Regular Pulse Excited-Linear Predictive Coder

(RPE-LEC), 360
Relative clauses, 61
Relative expr&sions_}fﬂ
Relative frequency,

Relative spectral processing (RASTA), 525
Renditions, 899-901
Repetitive stress injury (RSI), 929
Residual signal, 301
Resonances of vocal tract, excitation of, 27
Response generation, 894-901
message generation box, 897 .
natural language generation from abstract semantic
input, 898
response content generation, 895-99
template systems for, 897
Retraining on compensated features, 537-38
Retraining on corrupted speech, 528-39
Retroflex liquid, 42
Reverberation, 480-82
Ribbon microphones, 497
Rich-Get-Richer (RGR) strategy, 662
Right-sized tree, 184-89
cross-validation, 188-89
independent test sample estimation, 187-88
minimum cost-complexity pruning, 185-87
RLS algorithm, 5034
Robust parsing, §74-78
Roll-off, 281
Rule-based duration-modeling methods, 56
Rule-based speech synthesis systems, 795-96
CPU resources, 795
delay, 795
memory resources, 795
pitch control, 795
variable speed, 795
voice characteristics, 796

S

Sadness, and speech, 745

Sample mean, 82

Sample variance, 82

Sampling theorem, 243-45

SAM system, 913-14

Scalable coders, 371

Scalar frequency domain coders, 348-52
consumer audio, 351-52
Digital Audio Broadcasting (DABY), 352
frequency domain, advantages of|, 348-49
masking, 349-50
transform coders, 350-51

Scalar waveform coders, 340-48
adaptive PCM, 344-45

973

differential quantization, 345-48
linear pulse code modulation (PCM), 340-42
p-law and A-law PCM, 342-44, 348
Screen reader, 929
Search, defined, 592
Search-algorithm evaluation, 674-76
Search algorithms:
beam, 606-8
best-first, 602-6
blind graph, 597-601
breadth-first, 600-601
depth-first, 598-99
forward-backward, 670-73
large vocabulary, 645-85
speech-recognition, 608-12
combining acoustic and language models,
610
continuous speech recognition, 611-12
decoder basics, 609
isolated word recognition, 610-11
tree-trellis forward-backward, 671
Search error, 675
Second-order IIR filters, 241-42
Second-order resonators, 242
Segment models, 459-60
Segment-model weight, 462
Selectivity, of grammar, 546
Semantically Unpredictable Sentence Test, 837
Semantic authoring, 862
Semantic classes, 948-49
Semantic grammars, 585
Semantic language model, 879
Semantic parser, 854-55
Semantic representation, 867-73
conceptual graphs, 872-73
functionality encapsulation, 871-72
property inheritance, 871
semantic frames, 867-69
type abstraction, 869-71
Semantic roles, 63-64
Semantics:
defined, 58
language, 545
lexical, 64-66
Semicontinuous HMMs, 396-98
Semi-tones, 32
Semivowels, 42
Senones, 433-36, 467, 809
Senone sequence, 658
Sentence interpolation, 873-80
robust parsing, 874-78
defined, 875
statistical pattern matching, 878-80
syntactic grammars, 877
Sentence interpretation, 7
Sentence interpretation module, 855
Sentence-level stress, 431
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Sentences, 61-62, 7024
diagramming in parse trees, 63

Sentence tagging, 722

Sentence type identification, 723

Shades of meaning, 67

Shallow parse, 723

Shannon's channel coding theorem, 127

Shannon’s source coding theorem, 124-25, 128

Sharing. 609

Sharing tails, 655-56

Shimmer, 768

Short-term prediction, 353

Short-time Fourier analysis, 276-83
pitch-synchronous analysis, 283
spectrograms, 281-83

Sigma-delta A/D, 246

Sigma-delta modulation, 346

Signal acquisition, 422

Signal conditioning, 329-30

Signal processing module, 421-28
end-point detection, 422-24
feature transformation, 426-28
mel-frequency cepstral coefficients (MFCC),

424-26

signal acquisition, 422

Signals, 201

Signal-to-noise ratio (SNR), 339, 486, 489

Significance testing, 98, 113-20
goodness-of-fit test, 116-18
level of significance, 114-15
magnitude-difference test, 119-20
matched pairs test, 118-20
normal test, 115-16

sign test, 119 2
Z test, 115-16
Sign test, 119

Silences between words, handling, 621-22

Similars, 65-66

Simple questions, 177

Sinc function, 229-30

Single-layer perceptrons, 159-60

Singleton questions, 177

Single-word subpath, 655

Sinusoidal coding, 371

Sinusoidal systems, 203-5

Slope overload distortion, 346

Slot inheritance, 885

Slowly evolving waveform (SEW), 367-70

SLU, See Spoken language understanding (SLU)
systems

Smart phones, 930

SNR, See Signal-to-noise ratio (SNR)

Soft palate, 25

Sound, 21-23

Sound Blaster, 936

Sound pressure level (SPL), 23

Source coding theorem, 124-26

Index

Source-filter models for prosody modification,
831-34
Source-filter models of speech production, 288-90
Source-filter separation, via the cepstrum, 314-15
Speak & Spell, 271
Speaker-adaptive training techniques, 419
Speaker-dependent speech recognition, 418-19
Speaker-independent speech recognition, 418
Speaker recognition, 931
Speaker variability, 418-19
Speaking style, 744-45
character, 744
emotion, 744-45
Speaking tum, 861
Specificity ordering conflict resolution strategy, 182
Specifier position, 61
Spectral analysis via linear predictive coding (ILPC),
300-301
Spectral leakage, 279
Spectral subtraction, 516-19
Spectrograms, 27-28, 276, 281-83
Speech:
defined, 283
interfacing with computers, 1
prosodic modification of, 818-31
supplemented by information streams, 2
using as an add-on feature, 941
Speech acts, 705-6
Speech-act theory, 914
Speech coding, 337-74
code excited linear prediction (CELP), 353-61
adaptive codebook, 356-57
analysis by synthesis, 353-56
LPC vocoder, 353
parameter quantization, 358-59
perceptual weighting/postfiltering, 357-58
pitch prediction, 356-57
standards, 359-61
coder delay, 339
low-bit rate speech coders, 361-70
harmonic coding, 363-67
mixed-excitation LPC vocoder, 362
waveform interpolation, 367-70
scalar frequency domain coders, 348-52
consumer audio, 351-52
Digital Audio Broadcasting (DAB), 352
masking, 349-50
transform coders, 350-51
scalar waveform coders, 340-48
adaptive PCM, 344-45
differential quantization, 345-48
linear pulse code modulation (PCM), 340-42
p-law and A-law PCM, 342-44, 348
speech coder attributes, 338-39
Speech communication, history of,, 1
Speech end-point detector, 423
Speech interaction, modes of, 933-34
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i ign, 931-43
gpeech interface design, e

-eneral principles of,
“unan 'im“amn:?&?3923z 34
f interaction, 72.=-
::cogszlggical cun'sidcrdu:ms. 935-36
user :1ccoltlll‘lc"g:_;'7"_';‘[‘)3 :
ing €mors. 3
hz::il;zge’(ection and correction. 938-39
feedback and confirmation, 939-41
intemationalization, 94345
Speech inversion problem, 8034
Speech perception. 29-36
eech processing:
Spdigitail, signal P";;;S;‘:g‘ 202
coding, 337-
:g::ﬁ: signnlg representations, 275-336
Speech production, 24-28
acoustical model of, 283-90
articulators, 24-25
formants, 27-28
frequency analysis, 32-34
masking, 34-36
physical vs. perceptual attributes of sounds, 30-32
physiology of the ear, 29-32
spectrograms, 27-28
speech perception, 29-36
voicing mechanism, 25-27
See also Acoustical model of speech production
Speech production process, start of, 19
Speech rate, 49-51
Speech recognition, 2, 3, 375-685, 862
acoustic modeling, 415-75
context variability, 417
environment variability, 419
scoring acoustic features, 439-43
speaker variability, 418-19
speech recognition errors, 419-21
style variability, 418
variability in speech signals, 416-19
hidden Markov models (HMM), 377413, 416
Baum-Welch algorithm, 389-93
conlinuous mixture density, 394-96
decoding, 387-89
definition of, 380-93
deleted interpolation, 401-3
dynamic programming, 384-85
dyl}amlf: lime warping (DTW), 383-85
estimating parameters, 389-93
evaluating, 385.87
forward algorithn, 385-87
f:“}'ﬂl‘d-l"mckward algorithm, 389.93
Nitial estimates, 398-99
limitation
s of, 405-9
Markov chain, 378.89
o e
arkov mode| A
Parameter smoothing, 4,03]'-4379 .
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practical issues concerning, 398-405
probability representations, 404-5
semicontinuous, 396-98
training criteria, 401
Viterbi algorithm, 387-89
phonetic modeling, 428-39 ]
clustered acoustic-phonetic units, 432-36
comparison of different units, 429-30
context dependency, 430-31
lexical baseforms. 436-39
signal processing module, 421-28
end-point detection, 422-24
feature transformation. 426-28
mel-frequency cepstral coefficients (MFCC),
424-26
signal acquisition, 422
speech recognition errors, 419-21
word error rate, 420
word recognition errors, types of, 420
Speech recognition search algorithms, 608-12
combining acoustic and language models, 610
continuous speech recognition, 611-12
decoder basics, 609
isolated word recognition, 610-11
Speech recognition system, 4-5
basic system architecture of, 5
components of, 4
source-channel model for, 5
vocabulary, 58
Speech signal representations, 275-336
acoustical model of speech production, 283-90
glottal excitation, 284
lossless tube concatenation, 284-88
mixed excitation model, 289
source-filter models of speech production, 288-90
cepstrum, 306-15
cepstrum vector, 309
complex, 307-8
LPC-cepstrum, 309-11
of periodic signals. 311-12
of pole-zero filters, 308-98
real, 307-8
source-filter separation via, 314- 15
of speech signals, 312-13
formant frequencies, 31 9-23
.statislical_fo‘nnnnt tracking, 320-23
linear predictive coding (LPC), 290-306
autocorrelation method, 295.96
covariance method, 293-94
equ_ivalent representations, 303-6
lflltlce fonnulalion. 297-300
line spectral frequencies (LSF), 303-5
log-area ratios, 305-¢ ’
orthggonality principle, 291-92
prediction error, 3013 -
reflection coefficients, 305
roots of the polynomial, 306
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Speech signal representations, linear predictive
coding (cont.)
solution of the LPC equations, 292-300
spectral analysis via, 300-301
perceptually motivated representations, 315-19
bilinear transforms, 315-16
mel-frequency cepstrum coefficients (MFCC),
316-18
perceptual linear prediction (PLP), 318-19
pitch:
autocorrelation method, 324-27
normalized cross-correlation method, 327-29
pitch tracking, 330-32
role of, 324-32
signal conditioning, 329-30
short-time Fourier analysis, 276-83
pitch-synchronous analysis, 283
spectrograms, 281-83
Speech signals, 5, 20
cepstrum of, 312-13
context variability, 417
environment variability, 419
speaker variability, 418-19
style variability, 418
variability in, 416-19
Speech synthesis, 6, 793-852
articulatory speech synthesis, 793, 803-4
attributes of, 794-96
concatenative synthesis with no waveform modifi-
cation, 794
concatenative synthesis with waveform modifica-
tion, 795
limited-domain waveform concatenation, 794
rule-based systems, 795-96
concatenative speech synthesis, 793-94
choice of unit, 805-8
context-dependent phonemes, 808-9
context-independent phonemes, 806-7
diphones, 807-8
optimal unit string, 810-17
subphonetic units (senones), 809
syllables, 809
unit inventory design, 817-18
word and phrase, 809
data-driven synthesis, 794, 803
formant speech synthesis, 793, 796-804
cascade model, 797
formant generation by rule, 800-803
Kilatt’s cascade/parallel formant synthesizer,
797-802
locus theory of speech production, 800
paraliel model, 797
waveform generation from formant values, 797-99
prosodic modification of speech, 818-31
epoch detection, 828-29
pitch-scale modification epoch calculation, 825
pitch-scale time-scale epoch calculation, 827

Index

pitch synchronous overlap and add (PSOLA),
820-23, 847
synchronous overlap and add (SOLA), 818-819
synthesis epoch calculation, 823-24
time-scale modification epoch calculation, 826-27
waveform mapping, 827-28
synthesis by rule, 794 -
Speech-to-speech translation, 3
Split-radix algorithm, 223
Splits, 182
Spoken language, 19
Spoken language interface, 2-3
Spoken language processing, 4, 133
Spoken language structure, 19-72
Spoken language system, 2
Spoken language system architecture, 4-8
automatic speech recognition, 4-6
spoken language understanding, 7-8
text-to-speech conversion, 6-7
Spoken language understanding, 7-8
basic system architecture of, 8
Spoken language understanding (SLU) systems,
853-918, 945
assumptions, 854
content, 854
context, 854
dialog management, 886-94
dialog grammars, 887-88
plan-based systems, 888-92
dialog structure, 859-67
attentional state, 859
dialog (speech) acts, 861-66
intentional state, 859
linguistic forms, 859
task knowledge, 859
units of dialog, 860-61
world knowledge, 859
dialog system, 854-55
dialog manager, 855
discourse analysis, 855
semantic parser, 854-55
discourse analysis, 881-86
resolution by NLP, 883-85
resolution of relative expression, 882-85
Dr. Who case study, 906-13
evaluation, 901-6
in the ATIS task, 901-3
PARADISE framework, 903-6
historical perspective, 913-14
intent, 854
rendition, 899-901
response generation, 894-901
concept-to-speech rendition, 899-901
natural language generation from abstract semantic
input, 898
response content generation, 895-99
semantic representation, 867-73
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eptual phS, 872-73
g):ccﬁgnalig:ncapsufaﬁfm’ 871-72
property inheritance, 871
semantic frames, 867-69
type absl‘mcﬁon, 8_69-71

sentence interpolation, 873-80
robust parsing, 874-78
statistical pattern matching, 878-80 .
syntactic grammars, surface linguistic variations
in, 877
written vs. spoken languages, 855-58
communicative prosody, 858
disfluency, 857
style, 856-57
Spoken menus, 942 .
Spread-of-masking function, 35-36
Spread spectrum, 360-61
Stable LTI system, 211
Stack decoding, 592
advantage of, 628
defined, 627
formulating in a tree search framework, 629
Stack decoding (A* search), 626-39
admissible heuristics for remaining path, 630-31
extending new words, 631-34
fast match, 634-38
multistack search, 639
stack pruning, 638-39
Stack pruning, 638-39
Standard deviation, 80
Standard Gaussian distributions, 92-93
State-space search paradigm, 592
Stationary processes, 264-67
ergodic processes, 265-67
Stationary signal, 276
Statistical formant tracking, 320-23
Statistical inference, 98, 113
Statistical language models, 583
Statistical pattern matching, 878-80
Statistical pattern recognition, 190
Statistics, 73-131
Stochastic language models, 546, 554-60
n-gram language models, 558-60
probabilistic context-free grammars, 554-58
Stochastic processes, 260-70
continuous-time, 260
discrete-time, 260
LTI systems with stochastic inputs, 267
noise, 269-70
power spectral density, 268-69
stan:onary processes, 264-67
statistics of, 261-64
Stop, 43
Stress, 751
Stressed vowels, 430-31
Strict-sense stationary (SSS), 264
Style, 856-57

977

Style variability, 418
Subgoals, 894
Sub-harmonic errors, 330
Subject, sentence, 61
Subphonetic units (senones), 809
Subscripting, 67
Substitution errors, 420
Subtree dominance, 656
Subtree isomorphism, 654
Subtree polymorphism, exploiting, 656-58
Successor operator, 594
Sum-of-squared-error (SSE), 99, 160
Superposition models, 775-76
Supervised learning, 134, 141
Surrogate questions, 182
SWITCHBOARD Shallow-Discourse-Function
Annotation SWBD-DAMSL, 865-66
Syllable parse tree, 52
Syllables, 20, 51-52, 430, 809
Syllables centers, 52
Symbolic prosody, 745-61
accent, 751-53
pauses, 747-49
prosodic phrases, 749-51
prosodic transcription systems, 759-61
tone, 753-57
tune, 757-59
Symmetrical loss function, 136
Symmetric channel, 127
Synchronous overlap and add (SOLA), 818-19
Syntactic constituents, 58
Syntactic theory, 69
Syntagmatic properties, 53
Syntax:
defined, 58
language, 545
Synthesis-by-rule, 794, 796
Synthesis epoch calculation, 823-24
System initiative, 860

T

Tag question, 62
Tags, 7
Tail area, 115
Tap and Talk interface, 934, 947-48, 951
Task knowledge, 859
TDMA Interim Standard 54, 360
Telecommunication Industry Association (TIA), 360
Telephone speech, 338
Telephony applications, 924-26
Temporal masking, 35-36
Testing set, 141
Test procedure, 114
Text analysis phase, 7
Text normalization (TN), 692, 706-20
abbreviations, 709-12
acronyms, 711-12
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Text normalization (TN) (cont.)
domain-specific tags, 718-20
chemical formulae, 719
mathematical expressions, 718-19
miscellaneous formats, 719-20
evaluation, 730-32
Festival case study, 732-35
historical perspective, 735-36
letter-to-sound (LTS) conversion, 728-30
linguistic analysis, 720-23
and closed-class function words, 722
homograph disambiguation, 723, 724-25
noun phrase (NP) and clause detection, 723
POS tagging, 722-23 g
sentence tagging, 722
sentence type identification, 723
shallow parse, 723
morphological analysis, 725-27
algorithm, 727
suffix and prefix stripping, 726-27
number formats, 712-20
account numbers, 716
cardinal numbers, 717-18
dates, 714-15
money and currency, 716
ordinal numbers, 717
phone numbers, 712-14
times, 715
Text and phonetic analysis, 689-738
American-English vocabulary relevant to, 698
data flow, 694-97
skeleton, 695
defined, 692
document structure detection, 692, 699-706
grapheme-to-phoneme conversion, 692-93
homograph disambiguation, 693
letter-to-sound (LTS) conversion, 693
lexicon, 697-98
linguistic analysis, 692
localization issues, 696-97
modules, 692-94
morphological analysis, 693
natural language process (NLP) systems,
693-
phonetic languages, 692-93
text normalization (TN), 692, 706-20
Text-to-speech (TTS) conversion, 6-7
Text-to-speech (TTS) system, 687-850
basic system architecture of, 6
goals of, 689-90
phonetic analysis component, 7
prosody, 739-91
speech synthesis, 793-850
speech synthesis component, 7
tags, 7
text analysis component, 6-7
text and phonetic analysis, 689-738

Index

Text-to-speech (TTS) system evaluation, 834-44
automated tests, 843-44
Diagnostic Rhyme Test (DRT), 837
functional tests, 842-43
glass-box vs. black-box evaluation, 835-36
global vs. analytic assessment, 836
Haskins Syntactic Sentence Test, 839
historical perspective, 844-47
human vs. automated, 835
intelligibility tests, 837-39
judgment vs. functional testing, 835-36
laboratory vs. field, 835
Modified Rhyme Test (MRT), 838
overall quality tests, 840-41
Absolute Category Rating (ACR), 841
Listening Effort Scale, 841
Listening Quality Scale, 841
Mean Opinion Score (MOS), 840
phonetically balanced word list test, 839
preference tests, 842
Semantically Unpredictable Sentence Test, 837
symbolic vs. acoustic level, 835
TFIDF information retrieval measure, 576
Third generation (3G) systems, 361
Threshold of hearing (TOH), 22
Threshold value, likelihood ratio, 139
Throat, 25
TIA/EIA/IS54, 360
TIA/EIA/IS-127-2, 361
TIA/EIA/IS-733-1, 361
TILT, 760
Timbre, 25, 32
Time delay neural network (TDNN), 458
Time Division Multiple Access (TDMA), 360
Time-scale modification epoch calculation, 826-27
Time-synchronous Viterbi beam search, 622-26
algorithm, 627
use of beam, 624-25
Time-synchronous Viterbi search, 666-67
TN, See Text normalization (TN)
ToBlI realization models, 777-78
ToBI (Tones and Break Indices) system, 749-50, 754,
777
boundary tolerance, 756
intermediate phrasal tones, 756
pitch accent tones, 755
Toeplitz matrix, 296
Toll quality, 344
Tone, 753-57
Tone determination, 770
Tone-masking noise, 35
Tongue, 25
Top-down chart parsing, 549-51
top-down vs., 549-50
Topic-adaptive models, 575-76
Trachea, 25
Trainability, 145
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Training corpus, 559
Training problem, 554
Training set, 141, 419-20
Transducers. acoustical, 486-97
Transfer function, 210
Transformation models, 454-55
Transform coders, 350-51. 371.
Transform-domain LMS algorithm, 502-3
Transition network, 548
Transmission delay, 339
Transparent quality, 358
Tree-banked data, 878 )
Tree lexicon, efficient manipulation of, 646-59
Tree structure, 646 )
Tree-trellis forward-backward search algorithms, 671
Triangular windows, 280
Trigram grammar, 465
Trigrams, 559, 583
search space with, 619-20
Trilled » sound, 47
Triphone model, 430
Triphones, 808
TTS models, 949
TTS system, See Text-to-speech (TTS) system
Tune, 757-59
Turing machine, 548
Turing test, 3, 843
Tum memories, 882
Twiddle factors, 224
Two-band conjugate quadrature filters, 251-54
Twoing rule, 181
Two-place predicates, 67
Two-tailed test, 115-16
Type abstraction, 869-71
Type- filter, 233
Type-n-Talk system, 847

U

U method, 147

Uncertainty, 73, 121

Uncorrelated orthogonal processes, 263

Undergeneration, 876

Understandability, of grammar, 546

Unicode, 36

Unidirectional microphones, 494-96

Unification grammar, 584

Unified frame- and segment-based models, 462-64

Uniform distributions, 85

- Uniform prior, 112

Uniform quantization, 340

Uniform search, 597

Unigram, 559

search space with, 616-17

Unimodal distribution, 95

Uniquely decipherable coding, 125

United States Public Switched Telephone Network
(PSTN), 371

979

Units, choice of, in concatenative speech synthesis,
805-8
Units of dialog, 860-61
Universal encoding scheme, 126
Universal Mobile Telecommunications System
(UMTS), 361
Unknown word, defined, 563
Unstressed vowels, 430
Unsupervised estimation methods, 163-75
EM algorithm, 170-72
multivariate Gaussian mixture density estimation,
172-75
vector quantization (VQ), 164-70
Unsupervised leaming, 141
Upper bound of probability, 74
U.S. Defense Advanced Research Projects Agency
(DARPA), 467
User expectations, managing, 942
User initiative, 860, 867
Utterance unit, 861

v
Variance, 79-81
Vector quantization (VQ), 164-70, 191
distortion measures, 164-66
EM algonthm, 170-72
K-means algorithm, 166-69
LBG algorithm, 169-70
Vector Taylor series, 535-37
Velar consonants, 46
Velum, 25
Verbs, 54
Verbs phrases (VPs), 59-61
V-fold cross-delegation, 188-89
V-fold cross validation, 147
ViaVoice (IBM), 926
Viterbi algorithm, 387-89, 409, 609
Viterbi approximation, 623
Viterbi beam search, 625-26
Viterbi decoder, 592
Viterbi forced alignment, 630
Viterbi stack decoder, 592
Viterbi trellis, 624
Vocabulary independence, 433
Vocabulary selection, 578-80
Vocal cords, 25
Vocal fold cycling at the lamyx, 26
Vocal fry, 330
Vocal tract normalization (VTN), 427
Voder, 6
Voice conversion, 834
Voice effects, 834
Voice FONCARD (Sprint), 931
Voiceless plosive consonants, 43
Voice over Internet protocol (Voice over IP), 359
Voice portals, 925
VoiceXML, 921
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Voice Xpress, 926
Voicing mechanism, 25-27
Vowels, 24, 3942
Japanese, 46-47
VQ, See Vector quantization (VQ)

w
Wall Street Journal (WSJ) Dictation Task, 11-12
Waveform-approximating coders, 361
Waveform interpolation, 367-70, 371
Waveform mapping, 827-28
Waveforms, fundamental frequency, 27
Web pages, 705
Whisper case study, 464-65
Whispering effect, 834
White noise, 269-70, 478-79
Whole-word models, difficulty in building, 428
‘Wh-question, 62
Wide-band spectrograms, 282
Wideband speech, 338
Wide-sense stationary (WSS), 265
Wiener filtering, 520-22, 540
noncausal, 522
Wiener-Hopf equation, 521
Wiener-Khinchin theorem, 269
Window design filter, 235-36
Window design FIR lowpass filters, 235-36
Window function, 255, 277-78
Window functions, 230-32
generalized Hamming window, 231-32
rectangular window, 230-31
Wizard-of-Oz (WOZ) experimentation, 950
Word classes, 57
Word-dependent n-best and word-lattice algorithm,
667-70
Word error rate, 420-21
algorithm to measure, 421

Word error rate comparisons, humans vs. machines, 12

Word-final unit, 659
Word graphs, 664-66

Index

Word-initial unit, 658
Word-lattice algorithm:
one-pass n-best and, 669-70
word-dependent n-best and, 667-70
Word-lattice generation, 672-73
Word lattices, 664-66
Word-level stress, 431
Word recognition errors, types of, 420
Words, 20, 53-57
natural affinities/disaffinities, 65
Word-spotting applications, 454
World knowledge, 859
Written vs. spoken languages, 855-58
disfluency, 857
style, 856-57

X

x’ distributions, 95-96
X-bar theory, 885
XML, 699-700
X-template, 58

Y
Yes-no question, 62
Yule-Walker equations, 291-92, 299

z

Zero-mean process, 262
Zero-one loss function, 136
Zero padding, 227, 280
Zeros, 213
Ztest, 115-16
Z-transforms, 211-12
of elementary functions, 212-15
inverse z-transform of rational functions, 213-15
left-sided complex exponentials, 213
right-sided complex exponentials, 212-13
properties of, 215-17
convolution property, 215
power spectrum and Parseval’s theorem, 216
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help you get the job done.
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near you at www.phptr.com.
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interest to you.
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= New advances

in spoken language
processing: theory
and practice

= In-depth coverage of
speech processing,
speech recognition,
speech synthesis, spoken
language understanding,
and speech interface
design

= Many case studies from
state-of-the-art

systems, including
examples from
Microsoft®’s advanced
research labs
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LANGUAGE PROCESSING
A Guide to Theory, Algorithm, and System Development

Spoken Language Processing draws on the latest advances and techniques from multiple
fields: computer science, electrical engineering, acoustics, linguistics, mathematics,
psychology, and beyond. Starting with the fundamentals, it presents all this and more:

@ Essential background on speech production and perception, probability and
information theory, and pattern recognition

@ Extracting information from the speech signal: useful representations and practical
compression solutions

©® Modem speech recoghnition techniques: hidden Markov models, acoustic and
language modeling, improving resistance to environmental noises, search algorithms,
and large vocabulary speech recognition

© Text-to-speech: analyzing documents, pitch and duration controls, trainable
synthesis, and more

@ Spoken language understanding: dialog management, spoken language
applications, and multimodal interfaces

To illustrate the book’s methods, the authors present detailed case studies based on
state-of-the-art systems, including Microsoft's Whisper speech recognizer, Whistler
text-to-speech system, Dr. Who dialog system, and the MiPad handheld device. Whether
you're planning, designing, building, or purchasing spoken language technology, this

is the state of the art—from algorithms through business productivity.
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