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Speech recognition and synthesis have been designed in the form of separate engines. In this paper, we propose one-model
speech recognition (SR) and synthesis (SS) to which a common articulatory movement models are applied. The SR engine
has an articulatory feature (AF) extractor with three-stage multi-layer neural networks (MLNSs) that output an AF sequence to
articulatory movement HMMs. The articulatory movement HMMs show high recognition performance even if the training
data are limited to a single speaker. In the SS engine, the same speaker-invariant HMMs generate AF sequences, and then
they are converted into vocal tract parameters using a speaker-specific model. Synthesized speech is obtained by feeding the
k-parameters into a PARCOR synthesizer.

1.
HMM
[71
HMM
3
system 2-system
(8l
[l
HMM
HMM
(MLN)
PARCOR
2.

[1]
[2]
[31, [41, [5] I[6].
MFCC HMM
1
1-
1-system
HMM
HMM
(PARCOR )
[11]

HMMs

1-1 (0532) 44-6890 (0532) 44-6873

nitta@tutkie.tut.ac.jp

Speech Input Articulatory Features Recogpnition
Result
i | Articulatory HMM-based _’
Feature > . :
Extractor Speech Recognizer i
i<Speech ! Articulatory
Recognition : Movement
Engine> | HMMs
: L L T — 3
i< gpeeCh HMM-based Articulatory 4_
ynthesis
Engine >  : Feature Generator | .54
v Ingut
AF > VT- parameter Converter |
¢ Speec_h <
{ | Synthesizer VT and Source Models

SpeechEOutput

Fig. 1 One-Model Speech Recognition and Synthesis

Based on Articulatory Movement Models.
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Fig. 2 Articulatory Feature Extraction
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Fig. 3 Articulatory Feature Sequence
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