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Abstract

The background noises and distortions by channel are major factors that disturb the practical use of speech recognition.
Usually, noise reduce the performance of speech recognition system. DSR(Distributed Speech Recognition) based speech
recognition also has difficulty of improving performance for this reason. Therefore, to improve DSR-based speech
recognition under noisy environment, this paper proposes a method which detects accurate speech region to extract
accurate features. The proposed method distinguish speech and noise by using entropy and detection of spectral energy of
speech. The speech detection by the spectral energy of speech shows good performance under relatively high SNR(SNR
15dB). But when the noise environment varies, the threshold between speech and noise also varies, and speech detection
performance reduces under low SNR(SNR 0dB) environment. The proposed method uses the spectral entropy and
harmonics of speech for better speech detection. Also, the performance of AFE is increased by precise speech detections.
According to the result of experiment, the proposed method shows better recognition performance under noise environment.
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Fig. 1. Advanced Front End of Distributed Speech Recognition.

(102)



20118 19 MXEE

—_ ;P(s(é) « log, (P(s(2))) @

L

R

AL i, aga Pi)
o

NEZI s 24EY

9] & 4 vk

A7 N AE ¢ s(4)
AR 9 gig ALS 85l
oA dgefl A 4(©2)9 go] A

» log, (P Yk DP) }
)

JEZH ] AE 3] H#A DFT(Discrete Fourier
Transform)& ©]&38lo] olit ~9EY H9E AiLS
t}h 971 ke F3¢ W (Frequency bin)Q
12 2y Qe zelt}, Fo4d ZH Q) [ofjA] Fuppdl
kol tgh ~#EY ofux S&e 4 (33 o] AXt
g},

/2
HIYODR) = S PIYs0)P)
k=1

I ESEE

2
PV DP) = T ®OE -
DYk DP
k=1
S 7 5 We) GEE A0l o8 A=z
s2 Aol yr

2.2 Harmonic Scoring

3] 32 Y (Harmonic)& 2&oA 2 dAd
oA Addle] 3HE & A
34 (Fundamental Frequency)&
g3t Ty F9o sy A
o] a}fs} Exe A 1;1]9,/\%*0 TBE =
ot} gt 7| EFug= 9 X|(Pitch)8hiLy
2 SNRAAM vlwd &7

7(‘\:‘

O x]0

oS

O 1

= F g
P =2
=

Ll
B
L

do M ofr Mz o{N

%

290 BzxF
(2% 2]oA BoAAE nie} o] 53
A ETE AEsed felEvl
Zd oA Y HES HAEdle] 2
A ~70]8 o4ty AEZT o3
g gl HEAg F4 g
o1 A7) A3l gEAse] dig Gzt
ol AL AT () S 2 D 2ol A3}
F3 GdolA HPstr] 15t A6y o]&ste]

oX.

oA e oHro

E

o rlo m

-
=

z, i )
o i

zZo

o=

S

=EX B 48 # Cl #

(103)

H1E 103

{a) Spactrogram at SNR 0B

Frequency

Time

{5} Harmonic Scare for SNR Change (SNR 15~0B)

3
e SRR
2 s SHR1G
g @ ~ -~ BNR§
£ ~— — SNRD
E 10 “ I b
Ll AN
8 fl. /M mf 3 ﬂfa\ RLY SN W
20 46 60 80 108 120 40 160

Frame Index

22 2. SNR tHslof tist st2d H
Fig. 2. Harmonic score for SNR change.
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Fig. 3. Preprocessing Method for Robust DSR speech feature exiraction under Noise Environment.
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