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Abstract

In this paper, a new pitch extraction method, the area comparison method, is proposed.
By the speech production model, the area of the first peak on a pitch interval cf speech

signals is emphasized.

By using the above characteristics, this method have more advantages than the others

for pitch extraction.

The defective decision cauged by an impulsive noise is minimized and the pre-filtering
is not necessary for this r ethod, because the integration of signals takes place in the process.
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