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Online adaptation of acoustic transfer function using Gaussian

process regression
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Input signal X (w) || @5 ATF Hy (8, )

Sound source
a__direction
x

The origin

Input signal Xy (w)|| @4 ATF Hy (8g, w)

M channel
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1: The model of signal propagation
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2: A process flow for the proposed method

3.2 REMETsILAR

BEE % & 2 REHA 22 1KY, 1 DX
I K BHOBIES % X, b RT. M Fr 1D~
4 7aky7 LA TOBIESZHW25E, BlllES
X BHEE T 20T Xop = [Xopa, s Xegom]
ERTIENTES. 2T Xgpm W& m Fr b
Ho<A vk THEIT2EEEZRLTVWS. ¥,
BHEEH Z, %2 Z, = (X1, , Xk 8T 5. s X
MHOBEBLERNE H, ¥ LT, BIEERH Z, 0 K
fADBANEZIZOWT, HIFREMZITS. X (3) LIFEIEE,
HEDODfEEE N e LT, R (5) Ik, X X523
HIRENMAERE psp & LTIHS. O X - T, 8
WS EHE Z, W05 2R FEE ps = [psas - 5 Ps K]
PREHND. ENTAEE p, (LT, HRAFEZ S0
HEX (6) £ LTITS. 22T MODE &, Eh/7lA
B ps O OEMEE G 0, ¥ L TR 20U TH
5. otk BRUEEEE Z, 55, FEGIA 0, E
WA IAEE p ORERD—KT 2 J(< K) [HOBHIES
57 5 RAREBIESEE Z, = [(Xo1, -, Xog] %
WMOHL, XN DES == FHVWTRT. 1
L, RAEE7 4 VR EB LTz s XKHH j &HOBHIE
5 X, dm BEHO~A 70k TOBIEES X, ,)m
2 AANE Xs)j = [Xs,j,la s 7Xs’j)]\4]T LRI, 0K
SEBE SR Z, L BT 0, %70 2B 7

34

0y ZIZBFL2ANETS.

pS,k} = arg;naX(SSP(Hs7 XS,’C? 9l>) (5)
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TR ERD, R (21) ~ (23) T s BHTOHEKS
fizatELTW3. R (22) WRT X512, MEoBE
G, J, DIHIZKML, £EROMEICNET S22 T
SERDHKE IED 2 EERIHS TV 3.

o= om0+, (ul -m(@) (1)
c? = B,+J.cl JT (18)
Bs = k(0s,0,) — J.k (©,0,) (19)
J, = k(0,,0)-k(©,0)" (20)
ul = ol Gy — ) (21)
c/ = ¢, -GJ0 +GuwJd, (22
G, = CLJl(cr+oy)” (23)
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MTHEDEMHRT S, TDRDIZ, HIERETIGE
L7z B 7 — 20t U CRBGEIS 21T\, BEEFIL [10]
HoHELN L BEEERRE EHETORWIIHO &
BEBARCE VTR ZITS . R, S8 mER
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4.1 T—2%(R

Fig. 312 RoomA DL 4 77 F%&/R3. RoomA DJK
X1E 5 x 8 x 3m, FRERMIX RTso = 0.2[s] TH 3. §
Bicix, hivc<f 7a ko7 L4 REET2EE, R
V=i S B A HARESINLTWS. HE~YA 2
ORY 7 LAITHBROFRROBICEEL, K HDEX
Z1.0mTH3. HESA IR 7L 455 1.0m,
KD EE %2 1.0mICAY—AZHET 5. ZEOIL
BRI Fr ANOHE~YA 7Ry 7 LA ZHWTE
175, IR OY > 7Y > ZEEENL 16kHz TH 3.
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# 1: STFT parameters

Frame length
Shift width
Window function

512 points
256 points
Hann window

3 2: SSL parameters

Localization method DS

Direction resolution 5°
Min frequency 300Hz
Max frequency 1250Hz

FFIX TSP EERIERL C, FEMERM Hy 21F
S5, R, HARGEFELSHE I — R (CS)[14] »
LEAVBHEOBEREZIIRT 5. ZOR~Af7nky
7L AL A= DNBEMGRER-T-FFE, AC—F
PRIEFIEIDIC2FAL, W12 9BORXDOFRF— &
e LTUERL 7=,

Table 1 DT, IERI 727 — RITH L THERE
fil 7 — V) ZZH4 (short-time Fourier transform, STFT)
2175, BEEXBZRL 72D S ED —24dB LLE
D7V —sZFHHEL, IS L TEREMEZITS.
Table 2 IZHIFEM DFEMFZRT.
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DLk 3 o0& B REME H Hp Hy H73 hitH7E
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MSE(9;,H,) TH#FT 5. 272U, +=I1[,P,ET»
D, NIZEEBOMREERT. 2, £ 3EEE
BB H, O n, ~4 7 m ONEZE, "I
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MSE(9;,H,) = ]%VEZE:(SW“—ﬂ?W@Q
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WREWIZ b hd. 0 XS REEEEERIIES
TEDEN - IEME 7R B BRI 215 5 T 8 IXTER L.
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