M3 78-16-5-1

ol A ehglkel g F54
Z35ted [ J—Vocoding

o] whel

(On Speech Digitization and Bandwidth Compression
Techniques[ T J—Vocoding)

& & BH*

(Un, Chong Kwan)
LU O
K L FAATY A ibel FRIE fahel mE el o] & T el vk B kAl el B
ZEx) Vocoding J58:, < linear predictive coding (LPC), formant vocodmg, residual excited linear

prediction (RELP) vocoding, =2.8] . adaptive predictive coding(APC)» aldle] ZHatd ok & 2wrdl
A= FREER ol Ao HHR MR ik b A1F b2 2 9 LPC Hke 5k
ohoomdb fA Adn de TARES ARAAL Esiglcl

THALZ

Abstract

This paper is a sequel of the previous paper! on speech digitization and bandwidth compression
technigues. Several recently developed vocoding techniques, that is, linear predictive coding (LPC),
formant vocoding, residual excited linear prediction(RELP) vocoding, and adaptive predictive
coding (APC) are discussed. Throughout the daper emphasis is placed on the LPC approach that is

presently the most promising technique in speech compression. In addition, current problems and

possible solutions are discussed.
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