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1. Introduction

U7t FHE ARIE 53] JEFN T HWHE
COJERO]AN SEHONE MUOIL T LW
FdHE2 F2, 3, £30] VWAL AT TR
Ol ME JE2] Bt ZAIt AZBHAL, 58 AHe

flo e

XS AT HOt AAWOILL SHAARE ABY

APBAIQ] NEO] T B £TO] BLHOTE I

;e MY AE el 4TI £, JRT, JTS
g

=
o
EY 24 9239 ¥

¢l

L8

g

FESIH NUE BAsk: 28T A ARIAN] T A2,
HTIALL FAA BT AlAY AREL] IMHsH, o
K 80N 78 239 718011 SEROIE Y
b E0] AQTRILIEZ] 2HL A1E8] DTWE 0]&St
A A8 AABME U2 AR ARYE 32 A
614 AAZENE VI HAHAE S A0
Bi510 AFYARY] F2of @282 9
S£U51A BL RN 2 =5
HF A0192oA NAVDEF
[oRA valley?] 218717} A=
= /Sl 488 88 ¢
HS2 A7L4EEe HE 0181 748

oglf!

rlr
r

rir o¥
fljo

ox 4>

2 g po
rlr 3 i
03
rd
.

S 1
0%

r

o i
g

B X

ob >
3R N
flls 02
12

=

Jo 8

o 2 1= p-

oy

gl

o H2
41
Hu
o 1o

gy
i
rlr oo

2. Speaker Recognition System -
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2.1 Speech Feature Extraction
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Fig 2-1. Speech feature extraction
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Fig 2-2 Pattern matching method
using DFP Algorithm
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Table 4-1, The experimental result
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