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On a Performance Improvement of Speaker Recognition by using
the Auditory Characteristics of Speech
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Abstract

The pre—emephasis filter as the conventional
method emphasizes all components of high frequency
that reflects the speaker characteristics. However this
filter don’t show the auditory characteristics of
speaker's speech. In order to emphasize the perceptual
characteristics, we propose the speaker recognition
systern that uses the perceptual weighting as the
preprocessor because the Auditory characteristic of
human is sensitive to the formant peaks. This filter
has the characteristcs that both deemphasizes the
low-formants and emphasizes the high formants. As a
result of the proposed method, we improve the total
recognition rate 1.7% better than the conventional

method.
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