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Construction of speech synthesis system and virtual sound space
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Learning of a fundamental theory
representing Fourier transform and
Laplace transform which is needed
for the digital signal processing
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*Leamning of C++. .| caming of z-transform, Linear prediction, etc... * Development of Speech synthesis. * Preparation for
- Introduction of linux. * Manufacture of GUI. final presentation.

- Development of a Speech synthesis

- The experiment of Speech synthesis by scilab. :
instrument by DSP.
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data and the speech synthesis which doesn't use it as 2 kind of developed
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formant is extracted with a
Linear Prediction method.
And, it is passed to a synthetic
circuit as a coefficient.
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The synthetic circuit was

modeled on the vocal tract.
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