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Spoken Language Dialogue System

Human-machine communication

[ Multi-speaker ]
[ Multi-lingual ]
[Multi—environment]

’

1

233 m.mWM‘.W&" — —— | “GOOD AFTERNOON"
Speech signals Recognized words

Fundamental technology:
Automatic speech recognition (ASR)

= Commercially used in controlled conditions
= Not ready for use by any speaker, any language in any environment
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Approaches to ASR

Data-driven (statistical) approach:

Train

Iy _mﬂ.\;wmnhv‘?nl.w&.t. _>{ S?SStsm }—» Re\(l:vc())% giszed

Speech signals

[+] Automatically learn from data

[-] Performs well on observed events
[-] Performance degrades if conditions change
[-] To improve performance, more representative data required

— Outperforms rule-based approach and becomes state-of-art ASR system
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State-of-the-art Statistical ASR

Most probable

_sequence of words “MY SPEECH"
W =argmaxP(X, | 1)P(1|W)PW)

| |
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Pronunciation
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mode | ! 7
868 HMM‘E T e e Y Ta

, statei Features P(X|Q) X XpX3X ... XXy

y,  OPEech
signals




Page (3] Introduction | Sakriani Sakti | June 20th, 2008

ASR Technology Progress

S

ASR
capability

Human performance

~ What next(?)
Statistical approach

Rule-based

approach

—

1960 1970

= Single speaker
= Small-vocabulary (~10 words)
= |solated-word recognition

= Clean condition

State-of-art ASR:

1980

1990 2000| 2010 Year L€ 2004]

* Multi-speakers, multi-lingual and multi-accent
 Large-vocabulary (> 20k words)

» Continuous-word recognition

* Adverse environments

= Performance drops as task constraints are relaxed
= Still far below human performance
= Relying on statistical approaches with more data is not enough
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Sources of Speech Variability

Major variabilities:

Linguistic
Contextual Speaker

Environmental

A4 A 4

Context-dependent || Noise robust model || Gender-dependent
unit [Neti,2000] [Matsuda, 2006] Model [Vergin,1996]

Incorporating variability:
= |Impose structure to explain variation
= Reduce uncertainty and increase predictability

State-of-the-art techniques:
= Heuristic
= Not unified framework

= Efficient and unified approach is needed
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Thesis Objectives
Provide a novel ASR framework

1. Incorporate various knowledge in unified way
2. Keep model complexity low
3. Improve speech recognition performance
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Proposed Approach

= Graphical framework to incorporate knowledge sources (GFIKS)

= Based on Bayesian network (BN)

) —
ASR g Addlltl%nal
Knowledge
system sources

.-".- |— i.e.,gender, accent, noise,
LD 1 -~ context information, etc
1L ry%
X
N el et 4

Offers important advantages:
1. Universal & efficient to encode any structure through its topology
2. Provides a way to simplify network complexity
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The Use of Bayesian Networks

A Bayesian network:

= Consists of variables (nodes) and directed edges (causal relationships)
= Learn conditional probabilities between any variables

BN joint PDF:
P(a,b,c,d,e, )
=P(b|a,c)P(a)P(c)P(e|d,b)P(d)P(f |b)

Inference:

= Direct on BN: if PDF can be solved analytically
= Junction tree algorithm: decompose global probability function

*ﬁ Overall PDF:

b b P(a,b,c,d,e, f)

b _ P(a,b,c)P(b,d,e)P(b, f)
bde C DI
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GFIKS Procedure

Define causal relationships among
information sources, model & data using BN

|

Direct
Yes

BN inference
tractable?

No

\ 4

Decompose BN into set of clusters| | Direct
using junction tree algorithm inference
Inference on junction tree Finished
'
Finished

Junction tree
decomposition

No Yes

Direct

@ inference
'

KM

DM| Finished

KM
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GFIKS in State-of-the-art Statistical ASR

Most probable
sequence of words
W = argmaxP(X | A)P(A|W)PW)

-
Language /Sentences/P(W) <« -

model

Pronunciation

exicon /. Words JPUIW) < ‘/'

Knowledge sources:

Acoustic HMM / Phonemes / P(Xslﬂ)<==/-
model L

M State / Features / P(X|Q) < I

GFIKS

Speech
»5 Signals

Linguistic variability

Contextual

Speaker
variability

Environmental

variability

variability
A 4
Wide-context| |Noise type [N]| | Gender [G]
E=E] SNR level [S]| | Accent [A]

= ATR speech recognition system used as baseline
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GFIKS at Feature Level

Most probable
_sequence of words
W =argmaxP(X, | 1)P(1|W)PW)

/ / P(AIW)

Acoustic| {um / Phonemes / P(Xs[4)

model
388 | 1w
MMM state
Speech
»5 Signals

Knowledge sources:

Linguistic variability

Contextual Speaker
variability variability

Environmental
variability

A 4

Gender [G]

— Female
— Male
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Incorporating Gender Information

BN topology: Q G

l

Results:
94.8 -
. 946 -
S
— 944 1
(&)
T 0942 -
>
(&)
o 940 -
°
§ 938 - Experimental evaluation:
936 - —LVCSR task on news domain (WSJ)
—Follow official benchmark test set-up
934 ‘ | —60 hrs training data
Standard HMM  Gender-dependent Proposed model | —Direct inference on BN
model —Performance : 12.9% relative WER
reduction (significant)
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GFIKS at Phonemes Level

Most probable
_sequence of words
W =argmaxP(X, | 1)P(1|W)PW)

T Knowledge sources:

/ S/ PGIW)
Linguistic variability

ACUEUIRNYIVISY Phonemes EXCNPESS
model P(X.|K,A) Contextual Speaker
: variability variability

3.0.0 '
S ':t'\gt'\g/ Fea’%ures /p(x|Q)

Environmental
variability

Speech

s, signals Wide-context
[L, R]
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Incoporating Context Information
la”l [a,a,a*l [a*]

BN topology:

Results:

Junction Tree:

\QQ/ @sz

Word Accuracy (%)

89.8 -
89.6 -
89.4 -
89.2 -

89 -
88.8 -
88.6 -
88.4 -
88.2 -

88

. e
Tapret pert

Context-dependent model

a@“one

pert

Proposed
model

aO“O“e

Pentaphone composition:

Pentaphone #Context=N>

Left trlphone§§5 Rig ttrlphone

#Context=(2N3+N)

Experimental evaluation:

—LVCSR task on travel domain
(ATR-BTEC)

—60 hrs training data

—Inference on junction tree

—Performance : 9.5% relative
WER reduction (significant)
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Thesis Contributions

= Theoretical
— Developed framework incorporating any knowledge at any ASR level

— Probabilistic relationships among sources learned through BN
— Junction tree based complexity reduction

= Application-related
— Different levels: features and phonemes
— Knowledge sources: gender, noise, accent, wide-phonetic context

= Experimental
— Compared with state-of-the-art HMM-based speech recognition systems
— Consistently improved and gave significantly better performance
— Largest improvement achieved 25.3% relative WER reduction

= Practical
— Implemented in the latest version of ATR speech recognition system
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Future Directions

Most probable
sequence of words

W =argmaxP(X, | )P(1|W)PW)

, T N = Dialog topic: D Incorporate
Languac?e; /'Sentences /P(W) -«— i ] | knowledge
mode T = Word tagging: | T on higher levels
Pronunciation " i OTASR
[ ] . S S
Iexicon/ WOde /P(/1|W) 4=“’ Speaking style:| Sy || St
Acoustic .H'V”V' e ENER P(X, | 4) <==’ = Gender: | G
model |:@
8»8*8 = = Accent: | A
HMM
VLY EE@EQ,m P(X|Q) <= ‘/- = Wide-context: | L || R
= Noise type: | N
Speech = SNR level: | S
»5 Signals - Multiple

Knowledge sources
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