Changing your voice and speaking style

- Voice and prosody conversion with sequence-to-sequence model -

Abstract

We propose an voice and prosody conversion method for impersonating a desired speaker’s identity and hiding a
speaker’s identity. The conversion method consists of acoustic feature conversion and time-domain neural
postfilter. The acoustic feature conversion is based on a sequence-to-sequence learning with attention
mechanism, which makes it possible to capture the long-range temporal dependencies between source and
target sequences. The later post filter employs a cyclic model based on adversarial networks, which requires no
assumption for the speech waveform modeling. In contrast to current voice conversion techniques, the proposed
method makes it possible to convert not only voice timbre but also prosody and rhythm while achieving high-
quality speech waveform generation due to the proposed time-domain neural post filter. The remaining challenge
is the real-time voice conversion which is our ongoing work.
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