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Applying CELP to the One-model Speech Recognition and Synthesis Based on Articulatory Movement
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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 model is applied. The SR engine has an articulatory
feature (AF) extractor with multi-layer neural networks (MLNs) 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. 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. In this paper, CELP (Code
Excited Linear Prediction) technique is applied to SS for improving the sound quality.
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