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This study focuses on developing a framework that integrates handling of multiple
knowledge layer from speech signal processing to spoken language understanding directly into speech recogn
ition process in a statistical mannar. Statistical models at IaKers of language model, acoustic model and

dialogue model are widely investigated. For integration, speech decoding based on Bayes-risk minimizatio

n in which all the constraint can be expressed as Bayes risk, and some integration methods that utilizes s
peech information for dialogue management and turn taking was investigated. Part of the results are publi
cly available as part of an open-source voice interaction building tool MMDAgent and Julius.



95%

Hidden Markov Model; HMM
N-gram

80%

(Voice Activity
Detection; VAD)

ill-formed




Julius

24
Julius

Web

CSJ MMDAgent

POMDP  (Partially observable Markov
decision process)

MMDAgent

MMDAgent




MMDAgent

FST

Ul

Android

Julius

Vol.J96-D, No.10 2013 2530--2539

Vol .54,
No.7 2013 1967--1977
Vol .54, No.2
2013,463--470
10
(FIT) 2 2011

35--38
Yuya Akita Statistical transformation
of language and pronunciation models
for spontaneous speech recognition
IEEE Trans. Audio, Speech & Language
Process. 18 2010 1539--1549
Hosan Kamiyama, Takahiro Shinozaki,
Koji Iwano and Sadaoki Furui,An
Efficient Prosody Application to
HMM-based Speech Synthesis Proc. Asia
- Pacific Signal and Information
Processing Association (APSIPA)

1 2010 82-85

, SIG-SLP 100

2014
01 31 2014 02 01
, SIG-SLP 100
2014 01
31 2014 02 01
Kazunori Komatani, Hierarchical

Utterance Understanding for Robust
Human-Robot  Spoken  Dialogues
International Workshop on Spoken
Dialogue Systems (IWSDS2014)
2014 01 18 2014 01

20 Napa, California, US
Kazunori  Komatani, Naoki Hotta,
Satoshi Sato Restoring Incorrectly
Segmented Keywords and Turn-Taking
Caused by Short Pauses International
Workshop on Spoken Dialogue Systems
(IwsDs2014), 2014 01 18 2014

01 20 Napa, California, US
AKinobu Lee, Keiichiro Oura, Keiichi
Tokuda MMDAgent --- A Fully
Open-Source  Toolkit  for  Voice
Interaction Systems IEEE ICASSP2013
2013 05 26 2013 5 31
Vancouver, BC, Canada

2013 03 13 2013

03 15
95
SIG-SLP( 3
)
2013 02 01 2013
02 02
Takahiro Shinozaki, Pipeline

Decomposition of Speech Decoders and
Their Implementation Based on Delayed
Evaluation, APSIPA Annual Summit and
Conference 2012,2012 12 03
2012 12 06 Hollywood,
California, US
Ryuichi Nisimura Detecting child
speaker based on auditory feature
vectors for VTL estimation  APSIPA
Annual Summit and Conference 2012 2012
12 03 2012 12 06 12
06 Hollywood, California, USA
Yuya Akita Automatic transcription of
lecture speech using language model
based on speaking-style
transformation of proceeding texts
INTERSPEECH 2012 2012 09 09




2012 09 13 , Portland, Oregon, US

*
2012 09 25 NISIMURA, Ryuuichi

Toshiaki Shimada, Ryuichi Nisimura,
Masayasu Tanaka, Hideki Kawahara,
Toshio Irino Developing a method to
build Japanese speech recognition
system based on 3-gram language model
expansion with Google database,
ICISS2011 (2011 1EEE International
Conference on Intelligent Computing
and Integrated Systems) 2011 10 ®
26 Guilin, China SHINOZAKI, Takahiro
Kentaro Suzuta, Ryuichi Nisimura et
al. Topic-Dependent Language Modeling
for VoiceWeb Systems WESPAC X 2009,
paper-id: 0223 2009 09 23
Beijing, China )
Kazunori Komatani, 4 Ranking AKITA, Yuya
Help Message Candidates Based on
Robust Grammar Verification Results
and Utterance History 1in Spoken
Dialogue Systems 10th Annual SIGDIAL
Meeting on Discourse and Dialogue 2009
9 12 London, UK
Yuya Akita Automatic Transcription
System for Meetings of the Japanese
National Congres ISCA Interspeech
2009 2009 9 7 Brighton Centre,
Brighton,UK
Yuya Akita Automatic Transcription
System for Meetings of the Japanese
National Congress ISCA Interspeech
2009 2009 9 7 Brighton Centre,
Brighton,UK
Ryuichi Nisimura Topic-Dependent
Language Modeling for VoiceWeb Systems
HCI International 2009, vol.5611,
pp-710-719 2009 07 22  SanDiego,

®)
NISHIDA, Masafumi

CA, US
@
LEE, Akinobu
@
KOMATANI, Kazunori
A

NANJO, Hiroaki




