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The Study on the Speech Signal Compression by the Coding Method

Amn, Dong Soon, Cho, Byoung Mo, Cha, 11 Whan
Yansei University Dept. of Electronic Eng.

Abstract

Speech sound includes personality, move and feeling.
Respectively, that is different from man and woman,
youn and old.

In this paper, sentence - Sip E 1! Ka Gi Seo Ul E Gan
Da -+ A/D conversion time is 50~sec.Data are abtained
using the microcomputer and compressed by ADPCM Rate
of compression is 1/8.

Data compressed by ADPCM are synthesized and compared
to the original sound.

‘Rate of speech identification is analysed using the sound
(pressure, white noise.

Coding of ADPCM is done for 5 bit.

As the result of fixing starting voltage by 2.6V.

It is acertained that variable value increase in initial
speech signal and then process is made by minimum value
“3om

From the result of processing, synthesized sound is al—
most equal to original sound.

Minimum values cause distorition, Dummy Head System

is used in this experiment.
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