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<Abstract>

A Study on the Voice Conversion with HMM-based
Korean Speech Synthesis

I1 Hwan Kim, Keun Sung Bae

A statistical parametric speech synthesis system based on the hidden Markov models
(HMMs) has grown in popularity over the last few years, because it needs less memory
and low computation complexity and is suitable for the embedded system in compatison
with a corpus-based unit concatenation text-to-speech (TTS) system. It also has the
advantage that voice characteristics of the synthetic speech can be modified easily by
transforming HMM parameters appropriately. In this paper, we present experimental results
of voice characteristics conversion using the HMM-based Korean speech synthesis system.
The results have shown that conversion of voice characteristics could be achieved using a
few sentences uttered by a target speaker. Synthetic speech generated from adapted models

with only ten sentences was very close to that from the speaker dependent models trained
using 646 sentences.
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