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Robust voice cloning technologies in noisy environments and its applications

Yamagishi, Junichi
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DR-VCTK
Multi-modal architecture

The "digital voice cloning technology" is an application of speaker
adaptation in speech synthesis. In this study, we proposed new elemental technologies and
constructed a database for speech recorded in inferior environments other than speech synthesis.
First of all, a parallel database "DR-VCTK"™ was constructed in which low quality voice and original
high quality voice are paired. We proposed a new neural network structure called "Multi-modal
architecture™ to enable the digital cloning of voices from voice data without text data. In
addition, a new neural network structure incorporating a speaker encoder that uses speech recorded
in a poor environment as training data is proposed, and it is shown that unsupervised speaker
adaptation can be performed even from low-quality speech recorded in a non-ideal environment.
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