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Both the theoretical and practical issues for spoken
language processing will be considered

Technology for Automatic Speech Recognition (ASR)
will be further emphasized

Topics to be covered

— Statistical Modeling Paradigms

« Spoken Language Structure

o HIddGII !\v/lalkuv !\v/lude!S

« Speech Signal Analysis and Feature Extraction
» Acoustic and Language Modeling
« Search/Decoding Algorithms

— Systems and Applications

« Keyword Spotting, Dictation, Speaker Recognition, Spoken

Dialogue, Speech-based Information Retrieval, etc.
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Historical Review

1952, Isolated-Digit
Recognition, Bell Lab. 1956, Ten-Syllable
Recognition, RCA
1959, Ten-Vowel

Recognition, MIT Lincoln Lab

1959, Phoneme-sequence Recognition using

1960s, Dynamic Time Warping to Statistical Information of Context ,
Compare Speech Events, Vintsyuk | Fry and Denes

1960s-1970s, Hidden Markov Models for
Speech Recognition, Baum, Baker and Jelinek

Gestation of Foundations 1970s ~
Voice-Activated Typewriter Telecommunication
(dictation machine, speaker-dependent), IBM (keyword spotting, speaker-independent), Bell Lab
Philips BBN Technologies
Cambridge HTK Speech at CMU  LIMSI MIT SLS JHU CLSP
Microsoft SRI
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Areas for Spe ch Pm(‘peqmn

Production, Perception, and Modeling of Speech

Signal Processing for Speech

Speech Coding

Speech Synthesis (Text-to-Speech)

Speech Recognition (Speech-to-Text) and Understanding
Speaker Recognition

Language Recognition

Speech Enhancement

Multichannel Speech Processing

C.f. Jacob Benesty (ed.), M. Mohan Sondhi (ed.), Yiteng Huang (ed.), Springer Handbook of Speech
Processing, Springer, 2007
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Mission

for the human-computer interface
This objective is served by:

developing measurement methods
prowiding reference materials

®
®
®
®
®
®
L4
®

building prototype systems.

Current Activities

Evaluation
ACE-06 - Automatic Content Extraction
CLEAR-06 - Classification of Locales, Events,
Activities, and Relationships
GALE-06S - GALE Translation
LRE-05 - Language Recognition
MT-06 - Machine Translation
RT-06S - Rich Transcription Spring Meeting
Recognition
SRE-06 - Speaker Recognition
Spoken Term Detection

NIST

Mational Insthtute of
Standards and Technology

http://www.nist.gov/speech/

—~

oloqy
< JJ

Groy

Evaluation Period
11/06-20/06

(tbd)

Jun 22 - Jul 13, 2006
Oct 24 - Nov 7, 2005
July 24 - July 28, 2006

April 2006

April 24 - May 13, 2006
November, 2006

LI | -

(1/6)

O

The Speech Group contributes to the advancement of the state-of-the art of spoken language processing
(speech recognition and understanding) so that spoken language can reliably serve as an alternative modality

coordinating community-wide benchmark tests within the research and development community

Workshop
12M14-15/06

(tbd)

Sept. 2006 (TBD)
Dec 6-7, 2005
September '06 (tbd)

May 2006

June 25 - 27, 2006
December, 2006
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Generic Application Areas (vocabulary vs. speaking style)

Speaking Style

Spontaneous
Speech

Fluent
Speech

Read
Speech

Connected
Speech

|soiated
Words

é?fa;.%, natural
4 ,%, conversation
2_
word d?r',’f‘“f
spotting "'-{ 5 dlaiogemﬁ%ﬁ transcription
- agent&%
digit iy,
strings name s mtelhge_nt 4’%"
- dialing :
Jﬁ’f%f form fil
by voice
1980
'::"‘?{,, __
%"% /ﬁ"’ ... directory
viiee ' fﬁ,‘? sistance
o ,
commalrfdgﬁ | %1990 |
2 20 200 2000 20000

Vocabulary Size
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 Benchmarks of ASR performance: Overview

100%

WORD ERROR RATE
o
]

1%

Switchboard

mmmmm

Read
Speech

WwsJ
Broadcast 2
. Spontaneous |\ 5q Varied SE?’ED"' &
Speech Microphone . foreign
i L
i ATIS ®\ T NAB
: A
1 5K o X
L1k - oisy
1 v
‘\\ | -
Resource
Management

Courtesy NIST 1999 DARPA

HUB-4 Report, Pallett et al.

1988 1989 1980 1991 1992 1993 1994 1995 1996 1997 1998 1999 2000 2001 2002 2003
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Benchmarks of ASR performance: Broadcast News Speech

‘ B Baseline Speech - FO
1 Spontanecus Speech - F1
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 Benchmarks of ASR performance: Conversational Speech

WER of Best System
&0
50 +
— 40
&
g 30
,Lg 20
el ol iHome
10 =S whe Type
u L L T L T
1995 1996 1997 1998 2000
Yoar
1995 (BAN) 1998 (Dragon) 1097 (NSA) 2000 (BEM)

Figure 5 Chinese Character exeor rates of the best performing evalustion sysem n NIST Mandatn

Figure 4 History of lowest word steor ates (WER) obtatued in NIST conversationsl speech evaluations on - convessationalspeech eveugtions 1993- 2000 28]
swtehiboad and CallFome type conversatons in Bnglish [26],
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« Mandarin Conversational Speech (2003 Evaluation)
e Acoustic/Training Test Data:
— training data: 34.9 hours, 379 sides, from LDC CallHome (22.4hrs) and

CallFriend (12.5hrs), 451K Words (+7K English word), 628K Characters
— development data: dev02 1.94 hours from CallFriend

CER (%)
dev02 eval03
P1  trans for VILN 55.1 54.7
P2  trans for MLLR 50.8 51.3
P3  lat gen (bg) 49.3 50.5
tgintcat rescore 48.9 49.8
P4 lat MLLR 48.6 495
CN P4 47.9 48.6

%CER on dev02 and eval03 for all stages of 2003 system

— Adopted from

Cambridge University

. Rich Transcription Workshop 2003
Engineering Department

SP- Berlin Chen 14
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Speech Generation

- e W E &

Speech Understanding

Message Formulation

Application
Semantics,
Actions

AM) W

Pim) |

Phone, Word,
Language System Prosody Language System

Feature

A

Message Comprehension

Neuromuscular Mapping

Extraction ;

 \

DN Articulatory

Neural Transduction

Parameter

V4

p(S ‘ w,M ) Vocal Tract System

= &

Cochlea Motion

p( A‘ S W M) Speech Generation{ W\{\,{M\W\(\/{W\ﬂ,

plx|4,s,w,m)

1 L
Speech Analysis
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The statistical modeling paradigm used in speech and

language processing

Training
Data

ANALYSIS

Feature

Sequence

q

TRAINING
ALGORITHM

Ground Truth (Label or Class Information)

TRAINING

RECOGNITION
Input Feature
Data ANALYSIS Sequence

:

STATISTICAL
MODEL

|

» RECOGNITION

SEARCH

Recognized

Sequence
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« Approaches based on Hidden Markov Models (HMMs)
dominate the area of speech recognition

— HMMs are based on rigorous mathematical theory built on
several decades of mathematical results developed in other
fields

— HMMs are generated by the process of training on a large
corpus of real speech data

Markowv
Model
\Y |

Observation
Sequence
O 3 = 5 ]
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Pronunciation

Variation Speaker-independency

Speaker-adaptation
Speaker-dependency

Linguistic
variability

Inter-speaker
Intra-speaker variability

variability

Variability caused
by the environment

Variability caused
by the context

Robustness Context-Dependent
Enhancement Acoustic Modeling

SP- Berlin Chen 18



Large Vocabulary Continuous
Speech Recognition (LVCSR) (1/3)

Tt U AR E L
B BN : U ) :
- Feature |Featlre LlﬂgUlSth DeCOdlng and | o ﬁ';‘%l 4
) | Extraction | VecTors Search Algorithm i ¥ >
—— | i R
Acoustic| | ' | Acoustic Language| !| Language Text

Speech o[ | Models || L€XI€ON | | Models [} Modeling
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Large Vocabulary Continuous
Speech Recognition (cont.) (2/3)

 Transcription of Broadcast News Speech

26 SIL 71695 A42 872 1138.477 1.00000 1.00000
U AL dledo 1 3o 280,424 1.00000 L.00030 27 {3Btbe 55302 871 934 1120,105 0,26107 0,87346
I fFEeBE 55302 35 &0 720,973 1.00000 0.75715
2% EESE 20523 034 071 204.250 0.86107 0.95010
i %ﬂ %ggg %%% %%3 gfé-%gé ?-%gagg ?-SSE%E 30 ®EE 38027 088 1043 031,885 0.46061 0.40323
s 5 1011 130 199 245987 042222 1. 00000 31 M35 47804 1043 1084 726.44% 1.00000 1.00000
2 407 197 196 391 534 0 15325 0’00000 32 B 8063 1084 1100 316,477 0.30057 1.00000
s Geonl 106 237 Bad 523 100000 053602 33 FHE 47242 1100 1135 804,705 1.00000 1.00000
g A EEEBE b 531 e Danan’ 1o Dasan 34 S+ 20696 1135 1186 778.006 0.76186 0,96213
S REE 270 zaT <5 535'599 1" DA0AD O’ 23401 35 F2k 36487 1186 1237 1003.320 0.07122 1.00000
FH : - ; 36 B 31640 1237 1304 1427.742 0.06937 1.00000
10 EE 4432 331 356 561,255 0,36598 0.54206 37 WiEE 20728 1304 1340 81%.702 1.00000 0.&5401
11 55 3919 3536 372 420,552 0.40000 0, 54540 3 SR 66070 1340 1302 700,226 0.00928 0.51333
12 & 5075 372 416 988,773 0,31579 0.84565 30 FTEE 58282 13092 1432 870,207 1.00000 1.00000
13 B 40280 416 4409 481,523 1.00000 0,75001 a0 % 1260 1432 1441 165.007 0.16667 1.00000
14 F| 1302 449 443 337.270 0.33333 1.00000 41 TEE 409933 1441 1490 1304.056 0.23077 1.00000
15 kb 52750 463 500 1077,581 1.00000 0.85865 || 42 £1L, 71695 1490 1522 1101.740 1.00000 1.00000
16 Eher 9234 500 550 1061.472 1.00000 1.00000 43 {¢38 43081 1522 1566 1100.780 0,05556 0.76556
17 fAE 49033 550 587 738,044 1.00000 0.%2200 A4 38 3023 1566 1580 279.24% 0.07692 1.00000
1% #&7| 9601 587 616 576.571 1.00000 0.80458 45 BB 40302 1580 1613 £32.123 0.10656 0.30456
19 & 21054 ale 666 1020.230 0,75000 0.81304 46 ZF IR00 1413 1434 526,077 0.0833% 1.00000
20 SIL 71695 A66 702 1341.3544 1.00000 1.00000 47 #F= 50919 1434 1450 222,692 0.0526% 1.00000
21 FF4% 24060 703 729 324.342 0.00760 0.73112 A% B 5420 1650 1685 762.830 0.33333 [1.56287
22 f 8111 720 741 273,841 0.18748 1.00000 49 1 7545 1685 1706 484,241 0.18462 1.00000
23 FEF 42491 741 767 A05.460 0.99551 1.00000 50 2% 2847 1706 1721 403,345 0.18182 1.00000
24 s 21015 767 792 518,366 0,98152 0,75214 1 TS Y0AN 1721 1781 1458 783 N.NAS22 1 .NNNNN
5 BB 41050 792 242 957.432 0.96371 0.57302 52 IL 71695 1781 1843 2420240 1.00000 1.00000

|
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Large Vocabulary Continuous
Speech Recognition (cont.) (3/3)
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oken Dialogue (1/5)

« Spoken language is attractive because it is the most natural,
convenient and inexpensive means of exchanging
information for humans

* In mobilizing situations, using keystrokes and mouse clicks
could be impractical for rapid information access through
small handheld devices like PDAs, cellular phones, etc.

1"D
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 Flowchart

SPEECH
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SYNTHESIS

Visualization: (
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T

-

- Graphs & Table DIALOGUE
i MANAGER
&
¥
DISCOURSE SEMANTIC
CONTET FRAME

SPEECH
RECOGNITION

o

Vol. 88, No. 8, August 2000

LANGUAGE
UNDERSTANDING

RETRIEVAL
ENGINE

CON

TENT

PROCESSING/
INDEXING

DATABASE

C.f. V. Zue, J.R. Glass, Conversational Interfaces: Advances and Challenges. Proceedings of the IEEE,
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oa-Fesdback Bole Clow

Experimental client workstation incorporating sight, sound, and touch meodalities for
human/machine communication. The eve tracker prowides a gaze-controlled cursor for
indicating objects in the display The tactile force-feedback glove allows displayed objects
to be grasped, “felt,” and mowed Hands-free speech recognition and synthesis prowides
natural conversational interaction [ 7],

C.f. 1. Marsic, A. Medl, And J. Flanagan, Natural Communication with Information Systems. Proceedings of the IEEE,
Vol. 88, No. 8, August 2000 SP- Berlin Chen 24
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* Deployed Dialogue Systems

5)

Domain Language | Vocabulary Average
Size | Words/Utt | Utts/Dialogue

CSELT Train Timetable Info Italian 760 1.6 6.6
SpeechWorks Air Travel Reservation || English 1000 1.9 10.6
Philips Train Timetable Info German 1850 2.7 7.0
CMU Movie Information English a7 3.5 9.2
CMU Air Travel Reservation English 2851 3.6 12.0
LIMST Train Timetable Info || French 1800 14 14.6
MIT Weather Information English 1963 5.2 3.6
MIT Air Travel Reservation English 1100 5.3 14.1
ATLT Operator Assistance English 4000 7.0 3.0
Air Travel Reservations (human) English ? 8.0 27.5

SP- Berlin Chen 25
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* Topics vs. Dialogue Terms
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Task :

— Automatically indexing a collection of spoken documents with
speech recognition techniques

— Retrieving relevant documents in response to a text/speech

query
spe Ech TEIt-tO- <’1— F.-"r’/. \\'.\ jee
information SSP:heCh_ text / \
ynthesis information | e
. J | | | — Public Services/
/ | i ] Information/
ﬁ “ I: Knowledge
1,\- . ee{,. a | - _
P, A o9 Spoken |+ .| Information (::> Internet |
& > —— SN @ Dialogue || Retrieval '| |
_— \ |I S R
— \ . -i_ Private Services/
'nh / Databases/
Applications
i- --___________.. < -\'»_ _/'; S i

text, image, video,
speech, ...
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ch-based Information Retrieval (2/6)

(

spoken query (SQ) text query (TQ)
st AR e AL /:ﬂw~'~ 2\ isl#lz\ B O“P % E%%ﬁ” FIETRE?

spoken documents (SD) [7 _ \Q\ text documents (TD)
SD 3 ﬁ/ Dk ¥y

-
SD2 TD 2
SD 1 &==>|m™1 . o
ol o ‘ L e RIS S X P E R R
: £ PSR g ek 2 s

query-by-example

— SQ/SD is the most difficult
— TQ/SD is studied most of the time
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C.f. B.Chen, H.M. Wang, Lin-shan Lee, "Discriminating capabilities of syllable-based features
and approaches of utilizing them for voice retrieval of speech information in Mandarin Chinese",

IEEE Transactions on Speech and Audio Processing , Vol. 10, No. 5, pp. 303-314, July 2002.  (; o i chen 29
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« Spoken queries retrieving text news documents via
mobile devices

vector space model

Pocket PC

Search

Client

—P
Voice Search

Server

v

PDA,
microphone,
cellular phone

SAPI

Mandarin LVCSR Engine

LVCSR or
syllable decoding

overlapping character bigrams

Character Based
Indexer

Syllable Based
Indexer

overlapping syllable bigrams

C.f.Chang, E., Seide, F., Meng, H., Chen, Z., Shi,Y., And Li, Y. C. 2002. A system for spoken query
information retrieval on mobile devices. IEEE Trans. on Speech and Audio Processing 10, 8 (2002), 531-541.

SP- Berlin Chen 30



(D
=
),

-based Information Re

> ® B - wm

O
D
D
®
3'
3'

« Spoken queries retrieving text news documents via
mobile devices

e
v
PDA Client Word-level
; Bl 4 11:16 @ Mandarin | |ndexing —
P IR IBITRIEE R R s s T LVCSR Server Features
N~

DR

Multi-Scale| | ———_

Inverted

sz e N = Mg iR - _ _ C 3
Information Files Indexer
> : Syllable-level
040304-13. A T E E 2R Retrieval Server |« :
021216-24, — ST $ii it oy i L Indexing |«
|040309-10 P41 & B B R 2 7
021210 25 Fik N S FsRmE S i — @ 7| Features
o ~
3
BR BRI R B =L R AR . .
%ﬁﬁﬁ%ﬁ%ﬁﬁ%ﬁﬁﬁfﬁ&,ﬂﬁ - Audio Streaming ¥
=i = A I - :

STSEIBBMAMSEAE Server Automatically Transcribed

Broadcast News Corpus

File Settings T

C.f. B. Chen, Y..T. Chen, C.H. Chang, H.B. Chen, "Speech Retrieval of Mandarin Broadcast News via
Mobile Devices," Interspeech2005
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 PDA-based IR system for digital archives

Current deployed at National Museum of History, Taipei
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Spoken Document Organization and
Understanding (1/2)
* Problems

— The content of multimedia documents very often described by
the associated speech information

— Unlike text documents with paragraphs/titles easy to look
through at a glance, multimedia/spoken documents are
unstructured and difficult to retrieve/browse

<~ = [Rformation E'xt_réo;cion-:
: and Retrieval %
A=l E / | (E & IR)
w/ /\
Users<—>| Spoken | __— . Multimedia
Dialogues Network

Content

\/

N Spoken Document
Understanding and &ﬂ
Organization

< "'v—;,:.

1 uf ™ [ [ [2
r Oy F ]
Cd s L4 »
W kijg‘ilr—;:j AT
Peici  PRE. PR

C.f.L.S. Lee and B. Chen, “"Spoken document understanding and_c;_rg_é_r_lgization," IEEE Signal Processing
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Spoken Document Organization and

Understanding (2/2)

 For example, spoken documents can be clustered by the
latent topics and organized in a two-dimensional tree

structure, or a two-layer map
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ch-to Q eech Translation
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« Multilingual interactive speech translation

— Aims at the achievement of a communication system for precise
recognition and translation of spoken utterances for several
conversational topics and environments by using human
language knowledge synthetically (adopted form ATR-SLT )

ATR-SLT IBM Mastor Project
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Map of Speech Processing

Research Areas

Applications

T

Applied
Technologies

4

Adapted from Prof. Lin-shan Lee
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Applications
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Applied
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Linguistics (Phonetics
& Phonology)

Statistics

Speech
Processing

Electrical
Engineering

Computer
Science
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2

Speech Processing Toolkit (1/2)

« HTK (Hidden Markov Model ToolKit)
— A toolkit for building Hidden Markov Models (HMMs)

— The HMM can be used to model any time series and
the core of HTK is similarly general-purpose

— In particular, for the acoustic feature extraction, HMM-
based acoustic model training and HMM network
decoding
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« HTK (Hidden Markov Mode

Speech Pm(‘pqqmn Toolkit (2/2)
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Multimedia Database
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Journals & Confer

e Journals

— |EEE Transactions on Audio, Speech and Language Processing
— Computer Speech & Language

— Speech Communication

— Proceedings of the IEEE

— |EEE Signal Processing Magazine

— ACM Transactions on Speech and Language Processing

— ACM Transactions on Asian Language Information Processing

« Conferences

— |EEE Int. Conf. Acoustics, Speech, Signal processing (ICASSP)

— Annual Conference of the International Speech Communication
Association (Interspeech)

— |EEE Workshop on Automatic Speech Recognition and Understanding (ASRU)
— International Symposium on Chinese Spoken Language Processing (ISCSLP)
— ROCLING Conference on Computational Linguistics and Speech Processing
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Tentative Schedule

Date

Topic List

03/27

Overview & Introduction

Hidden Markov Models

Spoken Language Structure

Acoustic Modeling & HTK Toolkit

Statistical Language Modeling & SRI LM Toolkit

Midterm

Speech Signal Representations

Digit Recognition, Word Recognition and Keyword Spotting

Large Vocabulary Continuous Speech Recognition

Speech Enhancement and Robustness

Model Training and Adaptation Techniques

Utterance Verification and Confidence Measures

FINAL/Project
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