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In this paper, we proposed speech feature vector 4A4e AT 549 T UBe FYAHER B
extractor for embedded system using TMS 320C31 goh. mAH ARG g4 S AqY FEwe] 34

DSP chip. For this extractor, we used algorithm Ao Bee #A¥dte el
using cepstrum coefficient based on LPC(Linear ol 2 wiAMe dtE A="gE AR we
Predictive Coding) that is reliable algorithm to be is AHER} AATE 54 A& AL 53 48 F37

widely used for speech recognition. This system & drsaz o,

extract the speech feature vector in real time, so is 2 =AM 2E od8e g4 53 Afnd A
used the mobile system, such as cellular phones, Hol w1 F4 UdHAA b dy AEHEI1 Qe
LPC(Linear Predictive Coding)ol 71¥& & Cepstrum

PDA, electronic note, and so on, implemented speech
recognition.
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Fig. 1. The procedure of calculating the
LPC cepstrum.
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Fig 2. Speech Feature Vector Extractor
using TMS320C31 DSP Chip
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Fig 3. Speech sample signal.
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