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UNIVERSIDAD NACIONAL DE COLOMBIA

FACULTAD DE INGENIERIA

MAESTRIA EN INGENIERIA DE SISTEMAS

REFERENCIAS FILTRADAS

1050

\Voice Source State as a Source of Information in Speech Recognition:
Detection of Laryngealizations

Kiesling, A.; Kompe, R.; Niemann, H.; Noth, E. & Batliner, A.

Ipp. 329-332n, 1995

038 url

Generacion automatica de codificaciones de vocabularios para
Traduccion Automatica mediante Redes Neuronales

[Casan, G.A. & Castano, M.A.

Inteligencia Artificial. Revista Iberoamericana de 1A, pp. 175-186eccnolo , 2004

[004 url
Detecting User Engagement in Everyday Conversations

Yu, C.; Aoki, P.M. & Woodruff, A.

2004

[039 url
Presentacion: Simposio Argentino en Inteligencia Artificial

Zapico, A. & Santos, J.M.

Inteligencia Artificial. Revista Iberoamericana de IA , pp. 7-9, 2003
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lo40 url
Presentacion: Interaccion Persona-Ordenador

Abascal, J. & Garcia Serrano, A.

Inteligencia Artificial. Revista Iberoamericana de 1A, pp. 7-9, 2002

[041 url
Tendencias en Interaccion Persona Computador

Abascal, J. & Morillon, R.

Inteligencia Artificial. Revista Iberoamericana de IA , pp. 9-24 , 2002

1042 url
Diseno de Redes Neuronales Artificiales mediante Algoritmos Evolutivos

ICastillo, P.; Castellano, J.; Merelo, J. & Prieto, A.

Inteligencia Artificial. Revista Iberoamericana de 1A , pp. 36-44 , 2001

005
Robust vector quantizer design using self-organizing neural networks

Azami, S.B.Z. & Feng, G.

Signal Processing , Vol. 80, pp. 1289-1298 , 2000

[oo7
Novel approach to acoustical voice analysis using artificial neural

networks

Schonweiler, R.; Hess, M.; Wubbelt, P. & Ptok, M.

JARO, Vol. 1, pp. 270-282 , 2000

008
Self-organizing map for the classification of normal and disordered
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female voices
[Callan, D.E.; Kent, R.D.; Roy, N. & Tasko, S.M.

Journal of Speech, Language, and Hearing Research , Vol. 42 , pp. 355-66 , 1999

[009
Hierarchical self-organizing map model for sequence recognition

[Carpinteiro, O.A.S.

Neural Processing Letters , Vol. 9, pp. 209-220, 1999

[043 url
Preliminares y tendencias en el Procesamiento del Lenguaje Natural

Moreno.L. & Molina.A.

Inteligencia Artificial. Revista Iberoamericana de IA , pp. 65-76 , 1999

j0o02

Entrenamiento de un reconocedor fonético de digitos para el espafnol de
Meéxico usando CSLU TOOLKIT

N.Munive, A.v.

[computacion y sistemas, Vol. 3, 1999

1044
Editorial: Redes Neuronales Artificiales

[Casacuberta, F. & Torras, C.

Inteligencia Artificial. Revista Iberoamericana de 1A, pp. 5-7, 1997

045
Inferencia Gramatical mediante redes neuronales

Castano, M.; Alqu”ezar, R. & Forcada, M.
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Inteligencia Artificial. Revista Iberoamericana de 1A, pp. 22-27 , 1997

046 url
Reconocimiento del habla mediante redes neuronales artificiales

|Castro, M.

Inteligencia Artificial. Revista Iberoamericana de 1A, pp. 16-21, 1997

047

Speaker-Dependent Speech Recognition Based on Phone-Like Units
Models --- Application to Voice Dialing

Fontaine, V. & Bourlard, H.

lpp. 1527-1530 , 1997

141
Segment-Based Automatic Language Identification

Hazen, T.J. & Zue, V.

\Vol. 18 , pp. 2323-2331 , 1997

[048 url
Intérprete de reglas para la obtencion del analizadores-generadores
leficientes del lenguaje natural

Menchén, A.

Inteligencia Artificial. Revista Iberoamericana de 1A, pp. 69-74 , 1997

[049
The Natural Language Processing Module for a Voice Assisted Operator at

Telefonica 1+D

Alvarez-Cercadillo, J.; Caminero-Gil, J.; Crespo-Casas, C. & Tapias-
Merino, D.
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\Vol. 2, pp. 1161-1164 , 1996

013 url

A User-Configurable System for Voice Label Recognition

Lleida, E.; Erhart, G.W.; Rose, R.C. & Grubbe, R.V.
1996

1023

\VVoice Across Hispanic America: Telephone Speech Corpus of American
Spanish

Muthusamy, Y.; Holliman, E.; Wheatley, B.; Picone, J. & Godfrey, J.
Ipp. 85-88 , 1995

016 url

Ubiquitous Talker: Spoken Language Interaction with Real World Objects
Nagao, K. & Rekimoto, J.

1995

017 url

Ubiquitous Talker: Spoken Language Interaction with Real World Objects
Nagao, K. & Rekimoto, J.

1995

1051

\VVoice quality analysis of male and female panish speakers

Trittin, P.J. & de~Santos~y~Llevo, A.

specom , Vol. 16, pp. 359-368 , 1995
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139
Navigating the Information Superhighway Using Spoken Language

Interfaces

Zue, V.

lop. 39-43 , 1995

1032
Reconocimiento de niumeros conectados

IC. DE LA TORRE, L.H.

[Comunicaciones de Telefénica I+D,vol , Vol. 5, 1994

|052
Aplicaciones de la Tecnologia del Habla

ICALERO, E.G.y.J.

[Comunicaciones de Telefonica I+D , Vol. 5, 1994

014
Experimental comparison of different feature extraction and

[classification methods for telephone speech

Schurer, T.

[Proceedings of Second IEEE Workshop on Interactive Voice Technology for
Telecommunications Applications , pp. 93-96 , 1994

021
Cancelacion de Ecos para Reconocimiento del Habla. Informe interno de

la division de Tecnologia del Habla de Telefonica

VILLARRUBIA, L.

I+D, Vol. 5, 1994
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1029

Técnicas de Rechazo para Reconocimiento Automatico de Habla en
Aplicaciones de Telecomunicacion

VILLARRUBIA, L. & TORRE, C.D.L.

[Comunicaciones de Telefonica I+D , Vol. 5, 1994

1031
Reconocimiento de Grandes VVocabularios en Habla Continua basados en
Unidades Inferiores a la Palabra.

ALVAREZ, J.

[IComunicaciones de Telefonica I+D , Vol. 2, 1994

|053
kit Voice source state as a source of information in speech recognition:
Detection of laryngealizations

Kiesling, A.; Kompe, R.; Niemann, H.; Noth, E. & Batliner, A.

Vol. 2, pp. 97-100 , 1993

119
The HCRC Map task Corpus

Anderson, A.H. & others

Language and Speech , Vol. 34, pp. 351-366 , 1992

129
TINA: A Natural Language System for Spoken Language Applications

Seneff, S.

[Computational Linguistics , Vol. 18, pp. 61-86 , 1992
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144

Speaker-Independent Name Retrieval from Spellings using a Database of
50,000 Names

[Cole, R.A.; Fanty, M.; Gopalakrishnan, M. & Janssen, R.D.T.

1991

034

Modelos de Markov con Cuantizacion Dependiente para Reconocimiento
|de Voz

Luna, J.C.S.

IEEE , Vol. 45, 1991

1028

An Approach to Automatic Recognition of Keywords in Unconstrained
Speech using Parametric Models

M., P. & VILLARRUBIA, L.

EUROSPEECH , pp. 471-477 , 1991

120
LVQ-Based Shift-Tolerant Phoneme Recognition

McDermott, E. & Katagiri, S.

\Vol. ASSP-39 , pp. 1398-1411 , 1991

|055
Recognition of Continuous Speech using Recurrent Error Propagation

Networks

Robinson, T.

1991
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145
Methods for Digital Restoration of Signals Degraded by a Stochastic

Impulse Response

[Combettes, P.L. & Trussell, H.J.

\ol. {ASSP-37} , pp. 393 , 1989

116
Speaker-Independent Phone Recognition Using Hidden Markov Models

Lee, K.F. & Hon, H.W.

\Vol. {ASSP-37}, pp. 1641, 1989

121
Speech Recognition Using Noise-Adaptive Prototypes

Nadas, A.; Nahamoo, D. & Picheny, M.A.

Vol. {ASSP-37}, pp. 1495, 1989

124
Performance Analysis of MUSIC-Type High Resolution Estimators for

Direction Finding in Correlated and Coherent Scenes

Pillai, S.U. & Kwon, B.H.

\ol. {ASSP-37} , pp. 1176, 1989

126
Pitch Prediction Filters in Speech Coding

Ramachandran, R.P. & Kabal, P.

\Vol. {ASSP-37} , pp. 467 , 1989

132
Spectrum Manipulation of Improved Resolution
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Villalba, M.J. & Walker, B.K.

Vol. {ASSP-37}, pp. 820, 1989

134
Phoneme Recognition Using Time-Delay Neural Networks

Waibel, A.; Hanazawa, T.; Hinton, G.; Shikano, K. & Lang, K.J.

Vol. {ASSP-37}, pp. 328, 1989

133
Modularity and Scaling in Large Phonemic Neural Networks

\Walibel, A.; Sawai, H. & Shikano, K.

\Vol. {ASSP-37} , pp. 1888, 1989

146
Spectral Estimation of Irregularly Sampled Multidimensional Processes
Ioy Generalized Prolate Spheroidal Sequences

Bronez, T.P.

\Vol. {ASSP-36} , pp. 1862 , 1988

147
[Optimal Projection for Multidimensional Signal Detection

IChu, P.L.

Vol. {ASSP-36} , pp. 775, 1988

148
IOn the Higher Order Distributions of Speech Signals

|Gabor, G. & Gyorfi, Z.

file:///D|/Deiby/Deiby/UN/Proyecto de grado/SEMIN... TIGACION/PAGINAS/DEIBY/Bibliografia_filtrada.html (10 de 30)26/03/2005 07:56:43 p.m.




JabRef Output

l\/ol. {ASSP-36} , pp. 602 , 1988

072
Adaptive Silence Deletion for Speech Storage and VVoice Mail Applications

|IGan, C.K. & Donaldson, R.W.

IEEE Trans. Acoustics, Speech, and Signal Processing , Vol. ASSP-36 , pp. 924 , 1988

109
Applications of Neural-Network (NN) Signal Processing in Brain
Research

|Gevins, A.S. & Morgan, N.H.

\Vol. {ASSP-36} , pp. 1152 , 1988

130
IOn the Use of Instantaneous and Transitional Spectral Information in

Speaker Recognition

Soong, F.K. & Rosenberg, A.E.

\Vol. {ASSP-36} , pp. 871, 1988

135

On Estimating the Instantaneous Frequency of a Gaussian Random Signal
by Use of the Wigner-Ville Distribution

White, L.B. & Boashash, B.

\Vol. {ASSP-36} , pp. 417 , 1988

137
Layered Neural Nets for Pattern Recognition

\Widrow, B.; Winter, R.G. & Baxter, R.A.

Vol. {ASSP-36} , pp. 1109 , 1988

file:///D|/Deiby/Deiby/UN/Proyecto de grado/SEMIN... TIGACION/PAGINAS/DEIBY/Bibliografia_filtrada.html (11 de 30)26/03/2005 07:56:43 p.m.




JabRef Output

094
Human Speaker Recognition Performance of LPC VVoice Processors

Uzdy, Z.

IEEE Trans. Acoustics, Speech and Signal Processing , Vol. ASSP-33, pp. 752 , 1985

|096
Speaker Adapation in Large-Vocabulary Voice Recognition

Kijma, Y.; Nara, Y.; Kobayashi, A. & Kimura, S.

lop. 26.8.1-26.8.4 , 1984

150
Optimal Estimation for Band-Limited Signals Including Time Domain
Considerations

Kolba, D.P. & Parks, T.W.

Vol. {ASSP-31} , pp. 113, 1983

117
Interactive clustering techniques for selecting speaker-independent

reference templates for isolated word recognition

Levinson, S.; Rabiner, L.; Rosenberg, A. & Wilpon, J.

\Vol. ASSP-27 , 1979

118
Speaker-Independent Recognition of Isolated Words Using Clustering
Techniques

Levinson, S.E.; Rabiner, L.R.; Rosenberg, A.E. & Wilpon, J.G.

\/ol. ASSP-27 , pp. 336-349 , 1979
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125
Speaker-independent recognition of isolated words using clustering
techniques

Rabiner, L.; Levinson, S.; Rosenberg, A. & Wilpon, J.

\Vol. ASSP-27 , pp. 336-49 , 1979

149
A Speaker-Independent Speech-Recognition System Based on Linear
Prediction

IGupta, V.N.; Bryan, J.K. & Gowdy, J.N.

Vol. ASSP-26 , pp. 27-33 , 1978

108
Dynamic Programming Optimization for Spoken Word Recognition

SAKOE, H. & CHIBA, S.

IEEE Trans, Vol. 26, 1978

127
Dynamic Programming Algorithm Optimization for Spoken Word
Recognition

Sakoe, H. & Chiba, S.

\Vol. ASSP-26 , pp. 43-49 , 1978

128
A Statistical Decision Approach to the Recognition of Connected Digits

Sambur, M.R. & Rabiner, L.R.

Vol. ASSP-24 , pp. 550-558 , 1976
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123
The role of phonological rules in speech understanding research

IOshika, B.T.; Zue, V.W.; Weeks, R.V.; Nue, H. & Aurbach, J.

Vol. ASSP-23, pp. 104-112 , 1975

136

Speech Recognition Experiments with Linear Prediction, Bandpass
Filtering, and Dynamic Programming

White, G.M. & Neely, R.B.

\Vol. ASSP-24 , pp. 183-188 , 1975

012

Acquisition of the active-passive distinction from sparse input and no
lerror feedback. Technical report no. CSS-1S TR97--01.

Hadley, R.F. & Cardei, V.C.

1997

142
Survey of the State of the Art in Human Language Technology

[Cambridge University Press , 1997

EE
Speech Coding and Synthesis

Elsevier Science , 1995

143
Natural Language Understanding

Allen, J.

Benjamin/Cummings , 1994
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138
Artificial Intelligence

\Winston, P.H.

Addison-Wesley , 1992

131
Talking Machines: Theories, Models, and Designs

Elsevier Science , 1992

112
Intentions in Communication

[Cohen, P.R.; Morgan, J.; E, M. & Pollack

MIT Press, 1990

115
An Introduction to Phonology

Katamba, F.

Longman Group , 1989

122
Speech Communications: Human and Machine

[O'Shaughnessy, D.

Addison-Wesley Publishing Company , 1987

114
Self-Organized Language Modeling for Speech Recognition

Jelinek, F.
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lop. 450-506 , 1990

113
Speech synthesis and recognition

Isard, S.

lpp. 111-121, 1986

140
[Optimal search strategies for speech-understanding control

\Woods, W.A.

Ipp. 30-68 , 1981

|025
Técnicas de reestimacion de pardmetros en reconocimiento de voz

TAPIAS, D.

[Comunicaciones de Telefonica I+D , 2002

|006
Non supervised neural net applied to the detection of voice impairment

|IGodino-Llorente, J.1.; Aguilera-Navarro, S. & Gomez-Vilda, P.

ICASSP, IEEE International Conference on Acoustics, Speech and Signal Processing---
[Proceedings, Vol. 6, pp. 3594-3597 , 2000

010

Cascaded neural networks for sequenced propagation estimation,
multiuser detection, and adaptive radio resource control of third-
lgeneration wireless networks for multimedia services

Hortos, W.S.
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[Proceedings of the SPIE---The International Society for Optical Engineering , Vol.
3722 , pp. 261-75, 1999

011

Non-linear Quantization Method Depending upon Appearance Frequency
[oy Using Self-Organising Map

Miki, T.; Iwasaki, S.; Horio, K. & Yamakawa, T.

15th Fuzzy System Symposium (Osaka June 2--5, 1999) , pp. 315-318 , 1999

[030

Speech Recognition Based on Context Independent Phone Units over the
Telephone Network

TAPIAS, D. & ESTEVE, J.

1999

015
Speech synthesis using zero-phase impulse responses clustered by SOM

[Osogami, Y. & Ishida, Y.

Solving Engineering Problems with Neural Networks. Proceedings of the
International Conference on Engineering Applications of Neural Networks
(EANN'96). Syst. Eng. Assoc, Turku, Finland , Vol. 1, pp. 281-4 , 1996

lo18

Introduction to the Special Issue on Neural Networks for Speech
Processing. Speech and Audio

IGORIN & MAMMONE, R.

1994

|035
Seleccion y Estimacion de Parametros en Sistemas de Reconocimiento de

\Voz basados en Modelos Ocultos de Markov
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Herreros, A.M.P.

Universidad de Granada , 1994

1027
Discriminative Training of Garbage Model for Non-Vocabulary Utterance

Rejection

TORRE, C.D.L. & ACERO, A.

1994

[020
Applications of Speech Recognition Technology in Telecommunications

WILPON, J.G. & ROE, D.

1994

[022
Robust HMM-based Endpoint Detector

ACERO, C.C. & TORRECILLA, J.C.

|Proc. EUROSPEECH-93, 1993

111

Multi-site data collection and evaluation in spoken language
understanding

Hirshman, L.

[Proc. Human Language Technology Workshop , pp. 19-24 , 1993

054

Rejection Techniques for Digit Recognition in Telecommunication
pplications
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VILLARRUBIA, L. & ACERO, A.

1993

[026

New Discriminative Training Based on the Generalized Probabilistic
Descent Method. Proc. 1991 Workshop on Neural Networks for Signal
Processing

S. KATAGIRI, C.L. & JUANG, B.

1991

019
Introduction to the Special Issue on Neural Networks for Speech
Processing. Speech and Audio

SOONG, F. & HUANG, E.

1991

056
Automatic Detection of New Words in a Large-Vocabulary Continuous
Speech Recognition System

Asadi, A.; Schwartz, R. & Makhoul, J.

icassp90 , pp. 125-128 , 1990

|o57
Fast Speaker Adaptation for Speech Recognition Systems

[Class, F.; Kaltenmeier, A.; Regel, P. & Trottler, K.

icassp90, pp. 133-136, 1990

|o58
Speaker-independant word recognition using a neural prediction model
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Iso, K. & Watanabe, T.

icassp90 , 1990

|059
A hybrid speech recognition system using HMMs with an LVQ-based

[codebook

Iwamida, H.; Katagiri, S.; McDermott, E. & Tohkura, Y.

icassp90 , pp. 489-492 , 1990

1060
Phonetically Balanced, Continuous Speech, Telephone Bandwidth Speech

Database

Jankowski, C.; Kalyanswamy, A.; Basson, S. & Spitz, J.

icassp90 , pp. 109-112 , 1990

l061

Speaker independant vowel classification using hidden Markov models
and LVQ2

Kimber, D.G.; Bush, M.A. & Tajchman, G.N.

icassp90 , pp. 497-500, 1990

[062
100,000-Word Recognition using Acoustic-Segment Networks

Kimura, S.

icassp90 , pp. 61-64 , 1990

063
Speaker independant recognition: Spectrograms versus Cochleagrams

Muthusamy, Y.K.; Cole, R.A. & Slaney, M.
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icassp90 , pp. 533-536, 1990

1064

A comparative study of spectral mapping for speaker adaptation

Nakamura, S. & Shikano, K.

icassp90 , pp. 157-160, 1990

1065

Phone-mediated alignment for speech recognition evaluation
Picone, J.; Doddington, G. & Pallett, D.

icassp90 , 1990

1066

The ARM Continuous Speech Recognition System

Russell, M.J.; Ponting, K.M.; Peeling, S.M.; Browning, S.R.; Bridle, J.S.;
Moore, R.K.; Galiano, I. & Howell, P.

icassp90, pp. 69-72, 1990

1067

Phonetically Sensitive Discriminants for Improved Speech Recognition

Doddington, G.R.

icassp89 , pp. 556-559 , 1989

1068

Speaker Dependent and Independent Speech Recognition Experiments
with an Auditory Model

Hunt, M.J. & Lefebvre, C.

icassp89 , 1989
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069
Contunuous Speech Recognition using Predictive LR Parsing

Kita, K.; Kawabata, T. & Saito, H.

icassp89 , 1989

[070
Speaker Independent Phonetic Transcription of Fluent Speech for Large

\VVocabulary Speech Recognition

Levinson, S.E.; Liberman, M.Y.; Ljolje, A. & Miller, L.G.

icassp89 , pp. 441-444 , 1989

071
Speaker-Independant Word Recognition Using Dynamic Programming

Neural Networks

Sakoe, H.; Isotani, R.; Yoshida, K.; Iso, K. & Watanabe, T.

icassp89 , pp. 29-32, 1989

073
Multi-level Acoustic Segmentation of Continuous Speech

IGlass, J.R. & Zue, V.W.

icassp88 , pp. 429-432 , 1988

074
A Neural Network for Isolated-Word Recognition

|Gold, B. & Lippmann, R.P.

icassp88, pp. 44-47 , 1988
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