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Voice Source Modeling Using Harmonic Compensated LF Model
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Abstract

In speech synthesis, LF model is widely used for
excitation signal for voice scurce coding system. But
LF model does not represent the harmonic frequencies
of excitation signal. We propose an effective method
which usc sinusoidal functions for representing the
harmonics of voice source signal. The proposed
method could achieve more exact voice source
wavelorm and better synthesized speech quality than
LF model.
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