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Research and development of a Japanese pronunciation training system using
average voice morphing
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In this study, we aim to make a new framework of realizing low cost,
convenient, and convincing system for a Japanese pronunciation training for non-native speakers in
Japan. Specifically, we used a statistical parametric speech synthesis with an teacher average-voice

model trained using multiple teachers® speech, and achieved a more precise labeling of
pronunciation scores by using feature substitution technique for phonetic and prosodic parameters of
speech. We trained a prediction model of pronunciation scores for phoneme, accent, and rhythm, and
achieved an efficient pronunciation training method by predicting non-native speakers® pronunciation
scores.
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