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Quality Improvement Approaches Based on the Modulation Spectrum
to Statistical Parametric Speech Synthesis

SHINNOSUKE TAKAMICHIY2®)  ToMOKI ToDA!

ALAN W. BLACK? SATOSHI NAKAMURA!

Abstract: Statistical parametric speech synthesis allows us to produce speaking and singing voice by uti-
lizing easy building of the speech synthesizer and the high versatility. However, the synthetic speech quality
is significantly degraded compared to natural speech. This paper introduces 3 approaches based on the
modulation spectrum for high-quality statistical parametric speech synthesis.

Keywords: statistical parametric speech synthesis, HMM-based speech synthesis, GMM-based voice con-

version, over-smoothing, modulation spectrum
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Fig. 1 Procedure of statistical parametric speech synthesis and

the point that applied the MS. The red, green, and blue
star indicate the proposed methods 1, 2, and 3, respec-

tively.
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Fig. 2 An example of the MS of the mel-cepstral coefficient

sequences.
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Fig. 3 Preference scores on speech quality with the 95% con-

fidence interval.
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Fig. 4 Examples of the 1st, 9th, and 15th mel-cepstral coeffi-

cient sequences from above.
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