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Sound-Source Enhancement Techniques in Real-Environments

Yuma Korzomr'®

Abstract: Sound-source enhancement is a signal processing technique to enhance the target source from the observa-
tion signals under a noisy condition, and indispensable as a front-end processing for robust acoustic signal processing
in a real environment. Especially, in a practical application of acoustic signal processing, performance requirements
of sound-source enhancement depends on the application. Therefore, to implement an application of acoustic sig-
nal processing, it is important to (i) make an appropriate assumption for the difference between the target and noise,
and (ii) clarify the sufficient performance requirements such as noise reduction level and calculation cost. This paper
introduces sound-source enhancement methods developed for practical application of acoustic signal processing. In
particular, by focusing on the difference between the characteristics of target and noise, we introduce three patterns of
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sound-source enhancement strategy using the difference in direction, position, and spectrum.
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(a) Traditional microphone array
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LA L, ARk, HHEBRUETRD S NBAREOETHMH
NAREZHMBER TR TE R b TidRWw. HlIE, &
AXEEE AR Y F TIENEEREEEZ EIFs ek ohnd
ZeHHBHEASL, BHETREEMERZALEIELIE
PRDONDBZLEHB7ZA5. WwZIZ, (DNN ZFFHL
72) GBI T 7V r—v a v oHREE BB E LT
REALEINERETH L. UL, EEFHNO LS 2k
SIS FTRE AR CRER 5 Z & AN HE A 2 6D, B
Wik 2 R A U 7z i b O Hsl AL AGA T Z & AR
ThHot-. WETIE, FHESHPEOHMAN, HAOFOFHE
ZH EXHE5 L5 DNN 278 T 5 FE2MHT 5.

B 2L OB, BIERET L — L% EES U 7S BURIFEA <7 R VAT
HEns.
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6.1 EERGTR%EHRALT 2 DNN ZREFABEKOFLEE

W AR e HIBIB 2 MAHL T DNN 2%8 357
AD—2iz, b¥EHE [74,75] 7% & TR S W5 HRATR
6] b 5. ZOSiEE, BARERORTETTIZ, H
MBI D %E ER X778 %2 1195 £ 512 DNN &%
BT LHATHS. IHETIR, HEOKEKD LS A&, H
PR 2 LB RIIZEER TE R WX A2 2175 DNN D
BIzZRHINTWS [75]. Z0EZZ2RHEL, ¥8ME
ERAET B LD, HERABIETDNN 2787528
THHEDOEE 2 X% DNN 2HELMELTE 5D
TlRWhEEZ., UL, ARAREIZEZ2FEET
EE KR E O %2175 BB D b, HINFERE ZO
¥ EiBEE L T 5 DIFBHENTIER VY., FZTHR~A I,
PESQ (perceptual evaluation of speech quality) [77] ¥ STOI
(short-time intelligibility measure) [78] 72 & D F & D FBIFE
fiffi 2 ASHEE U 72 € RATME RS (BE&ETN) 235 &5
IZ DNN 284 55N REL 7= [79-81].

4, BHfE% L DNN FlEm#HOM 2T hEn S, X
U, 2IhoREPUMEME BS.X) £ 95, ZLT
DNN i, BHIES %257~ CHSFL 2 R T 2 HH
HFORE S HERDAG pS,|X,,0) 2 HE T AL LTHAY
5. AfEcik, RA17) OZFERER/MED, HERE BA1T
Fl& U HEHA T ANAEIZH T 5 5 O HEE & i
THEIehs, TNEHRULTOERT T A0 %H]

M3 5.
A 2
Sus - GigX,
L exp{—Llf———iiiiL}. (18)
o

2
o 20'[’ 7

F
pS1X,,0) = ]_[ 5

f=1
DF O DNN IZ, FEHNT A —XTHBEME KK~ A2
Gma,ﬁﬁﬂix—aa@%%iﬁéﬁﬁabfiﬁﬁ

5. LU THWEE: 88, X) O EoRKIbE LT
TS IZEHT A.

J(®) = f p(X) f B8, X)p(S1X, ©)dSdX (19)

Z DAERIE, log-derivative trick [76] 25 Z & T, AFD
LSRR TE S,

Vo (©) = f p(X) f P(SIX.©) LS. X, 0)dSdX (20)
LS, X,0) = B(S, X)Ve In p(S|X, ©) 1)
D F ) HWBEER O Al L, BEERE S CEAN T S 07280
EhrolieInHOEoRNBEEEOMGHETRD SN
5. UL LUR (20) DEARHEIZMETIIIRD B Z & BT ER
W=o, W2 7Y VI TEEEZ, UMTD kS

HlcHEET 5.

114 .
Vo (©) ~ ), 5 ), LS. X, 0) 22)
=1 gq=1
8 ~ p8IX,.0) 23)
6
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ZZT QAR EMT 572D DY v T v T EELT
FTHEBMTHD. MIPWEET 7=y ZIZIFEEPBER
50D, ERIZE>TRDEZAAE TTIZ DNN 2283 5
Z2T, BRGNS A2 EEN R ETEZ N

LhroTWD, FflZegEilk e ZHEERIT [81] 23BN
72\,
7. HYIC

AFTld, EHEDOFET 5 NTT AT E\WT, E4E
DEH - FEGHLEOFERRITICHFZERRS U7z I E
iz, SMEOHL X &, e OHMiZFHL = I E
RMEBVWTHLZ, Ko, HNELHSO XD LS 758
WIZEHTAMCESZEE, A, (il SO0E\nE
FIH U IS HEME A Uz, ARb L OREE, £i3
BECHEBCEET 2 FEBESWE T ) r— 3 v ORIN
D=z niTENTh 5.

B ARWOPEICEHULTIHHWELEEE U, NIT
RO HE S, Nk FRE L, TR =L, 7%
A —EREG, FRP BRI, G AATE LG, JIIH & 1,
=2 v NKOH M #HilfineAdz, B50E KT OPH
B— BRI EH N2 U 9. E A EAREEE SR W
EEL7, NITATFAT7A T )Yy AR DO/NE
HiEL2I LT L, FEYVRI YL 2018 ETERE
SO\ FITEH NZLET.
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