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LSTM-based linear prediction filter estimation
for reverberant speech recognition

Yusukke Kipat® Toru TAaNIGUCHI'P)

Abstract: Performances of automatic speech recognition (ASR) systems have been drastically improved
by DNN (Deep Neural Network). However, distant ASR is still a challenging problem. The difficulty of
the distant ASR is caused mainly by two factors; decrease of SNR (Signal-to-Noise Ratio) due to sound
attenuation, and reverberation which is created when a sound reflects off the wall, floor and ceiling. In this
paper, we propose a novel dereverberation method based on DNN. Different from conventional DNN-based
approaches which train mapping functions from corrupted features to clean features directly, the proposed
method trains DNN which estimates coefficients of a linear prediction filter, and then dereverberates using
the filter outputed from the trained DNN. To model reverberation accurately, the proposed method utilizes
LSTM (Long-Short Term Memory) which is appropriate for modeling time-series patterns. Experiments
were performed on the REVERB challenge task which was an international competition held in 2014. The
proposed method reduced WER (Word Error Rate) from 29.7% to 25.3% with short latency of 10 ms.
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Fig. 1 Overview of the proposed method.

EDTH D770, BEEF 1 7L —L 0™ NUBLELE CH)
fET 2 DB TH 5.

DNN O¥81%, BBIZL2FEAZMAFHEL, Xt
BT B2V -V RBEEORTEZHVWTITS. T4bL,
BB L 2EAZIMAZFEHELZ DNN IZALL, HhE
NE7402P6R (1) 2ALTHESWERBEE, A
EREUTEHEREIY - VIRREEDOEEN NS5 &
5 DNN ONRTA—R&%HIE5. 22T, #EEHRIC
AR VWS,

3. FHE=RER

3.1 927

2014 FEIZFAE I - EBE 2 > < Tdh 5 REVERB chal-
lenge [13] DE—< A 27 % AWz & ik X A 2712 TEHlE
BETo72. FEHOGHET— XL, 7V —VRBRETAY
Few b1 2Z2HOTEI N WSICAMO 2 —/8 R
[16] D&M T —RIT, P2 IRENBRBECTHIE L 72 24 Fi%H
DA VNNV AEEEBARIAA, THIZERMSEE 20dB O
SNR CEETAZ L TEEINAZYIaLb—YaVyFEHET
Hb. WEINZA VOV AE DEERM (T60) 1348k
R02~08MTHB. FHliT— XL, WSICAMO a2 —/%
ADEET —RIFERGE R4 VSV AGE L &
ZEHAVWTERINEZY I —Y3 v F—& (SimData)
Y, EEBEORFEHIGEE Nz MC-WSI-AV 3 —/82 [17]
DEFET —Z (RealData) D_FEETHH, THTNHFE
Aoty b (DevSet) &FHfiFHD Y & (EvalSet) 1243
Fo5N5, SimData DA VNIV AREIE, 3 DOERTE

2016 Information Processing Society of Japan

Vol.2016-SLP-114 No.25
2016/12/21

NENYA 2L A=A DO[EZ 50 cm & 200 cm 123
ELUTHEINZEDTHS. — 1, RealData DFEGLIL,
—DDWWBT~YA 27 LEEZEDOMIEE 100 cm & 250 cm 12
B2 TENTNIGRSI N, FHliT — X ORERMEE2EK 1
EEDS. 5B, sEOY Y TY L — T 16 kHz
TH5.

3.2 REZEO}ERMH

REETHWE 7 2 VE NV 2R8I 40 ot (K = 40)
DRBANT 1 VAN I THD, FERBATEED 0, 5
BRAS 112725 & S FANCIERML L 72 TR % DNN (12
ABUL7Z. 22T, FEHEROBEIX 2 SUBTHD,
TU—=LYT7ME10 IVBE Lz, LSTM OvILOHE
BEED MLP @/ — FEUFHIZ 300 £ L7z, DNN 25 H
HENBE T VRXOHFAEEDE _DDNTA—=RDS
H, T 1Z3 & U7 Ty FZEBRKITKD, 20 &8E L.
ZOFER, HAED / — NEUL (20 -3+ 1) %40 = 720 &
Wol-. MLP D7 27514 X—Ya VEBIIEEESHE L
7z. DNN O%##iZi BPTT (Back Propagation Through
Time) 7V 3V X b &AWz, 2238 % BEN 2 R ©F7
578, 30 7L — AT 2T LSTM DRET % - EE
EMELE. FEEOI =Ny FH 1 L 128, FEKIT
0.001, ZEEOMEVEUREUL 40 & L7z, ZET 295
TR LTERU 10% 2MEEHT—X & ULTHY, &
FEFHT — X2 23EN ERTAEICFEEEE 1/10 12
T,

3.3 BERMIAT A
HRER#IZIE, KALDI Y —L¥ v b [18] 2 HWTEY
L 7z DNN-HMM (Deep Neural Network-Hidden Markov
Model) 1D FEE T )L %\ 72. DNN IZ AJ19 2R
B, 40 IRTDINEA N 7 4 VRN 212 =R B ZIR
OHEFRFEE (A, AA) ZMA7- 120 RoTORE% 11
TL—5b%4 (BEH7V—L00# 5 7L —24) dEfixt
725 1,320 ot & U7z, REEOSFEE & S HULREE T &
WIESMEL 7. DNN & 5 BoRENWE%2 D> MLP TH
D, BHE®D ) — NEUX 2,048 2 L7-. H7i 2,063 @
WA NI A 74 T2 HEMERE Uz, Hilic
FE U7~ GMM-HMM (Gaussian Mixture Model-Hidden
Markov Model) BLOEFZEE TN EHWVTERT 71 AV
FEEAEL, U FL—=v i3 frhd oAy b0
Y —ZH#E (2T DNN OEE%2{T 572, SFEE T IVIE Wall
Street Journal I —/XATHE L7z 5,000 5D 3-gram E
TNEMAWV, KALDI OF 3—XZ2 AWV TRz - 7-.
7B, SHETIVOEAIHEANIZ DevSet 2 FIWTET IV
T YL 7.



BHRLEF SRR E
IPSJ SIG Technical Report

Vol.2016-SLP-114 No.25

2016/12/21

xR 1 AT — X OB LM
Table 1 Reverberation condition of evaluation data
SimData RealData
Room1 Room?2 Room3 Room1
Near | Far | Near | Far | Near | Far | Near | Far
Disntance (cm) 50 200 50 200 50 200 | 100 | 250
T60 (s) 0.3 0.6 0.7 0.7
xR 2 FHllifER
Table 2 Evaluation results
SimData RealData
Latency (ms) Rooml1 Room?2 Room3 Rooml
Near | Far | Near | Far | Near | Far Ave. Near | Far Ave.
No Frontend N/A 6.9 8.1 8.4 14.1 | 10.0 | 17.6 | 10.8 | 28.7 | 30.7 | 29.7
MLP 60 10.8 11.5 10.3 15.2 11.9 17.6 12.9 26.6 27.1 26.8
Proposed 10 7.7 8.9 8.8 11.8 10.6 14.9 10.5 24.5 26.1 25.3
WPE (offline) 6.9 7.9 7.7 10.9 8.8 12.6 9.1 24.4 25.5 24.9
3.4 AEBHIZED RFEDIREE 3.5 FH@iER

& 212, REEOWEFEROHZRT. KD (A) IEA
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WchHsb. ZZT, MLP ~NANT2FRHEIL, 40 RTD
AN T 4N ENY T2 11 TV —0%0 (BH7L—L4
DR 5 7L —L) #kEXEEF 440 kot & Uz (JLEEE
EIF 60 S VR, BNEIX 2,048 D/ —FE2HD 4 @h
SED, T T4 R=Ta VERIEY T REEE AW
7o FEERIZ01 2L, 7Y ML—=2 T %FHTIT 20 [
FEEFEVIRLZ. (C) FREEOWMEERTHY, (D)
IZHE CRE AN BETD 2 U — 55 h 5157 R
Ths.

XUz, MLP OfEHRTH2 (B) ICEHT DL, A
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FEIGEWRERIIBES N e Bbh b, L, 2
Y — UEBIZ AR TRERAISRIZIER T AR S, M
DN EbONZESIZERE L ONE. — T, RBEEOHKE
RTHd (C) WEHTHE, 265 BEENVIES
NBEFERVE SN (FIXIE, 30 7L —24 - 30 FHUIL
DT 4 NENY IR, 120 7L —24 - 35 HHMED T 4 )L
BNV ) B, FERIEERIEZ ) - EE5 L0 ANE
FOBEDITEL, HEEZNET AR IZLALR R
Moz, (B) & (C) OMIZAONZZD LD EWE, 7
) — VIR EADEBEDO Y Y ¥y SR EHEE L - MLP
Y, GEROORBESEOOBEOAAIET ST ILF
ATy THETHOME»SELEZbDEEZSNS. B
E&y, BEEFPERGEDE/EL TWDE Z L BRI Nz,
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EREPRENEOMR LD D RENL - L EEESL
D—H7EZELEZL5NSB. IRIZ, Proposed DFEHRIZEHT
% &, RealData T® No Frontend ik b % 29.7% 75
25.3% IZHIE L, $RZEHEN MLP & LR 2R &[22 L
WoHb. £7-, SimData (XL TH MLP TR SN
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Fig. 2 Comparison of processed filterbank features between

conventional MLP and proposed method.
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