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Improving Noise Robustness of Automatic Speech Recognition
with Speech Enhancement and Noise Feature Extractor
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Abstract: AFETIX, & adk (Automatis Speech Recognition, ASR) (281} 2 HEE M MEDLEIC
DWTIRRS. ASR OMREIGHEEIRIE FCTIK T3 5728, EA9ad (Speech Enhancement, SE) %
7y by MUY LTHRAT 2 2203203, SE & ASR OICI R~y FREMNFEALTL
5. ZOMBEEREMT 270121, SE ¥ ASR 2EUET V2R HEE T 20ENH D, Kl
Dpn% 7L ATHE. £ I THRLIE, MEFEEHRZHVT, 2O N2 EFRFHEROES
ELTHWS SRS Biasing €7 V) 2K 5. #H#EFHEICED, TH 10 =Ky 7T ASR
PEREZR 11.7 R4 » MALLS 2 Z e A TE, REFEOEIMLZRT e N TE .

1 FLC®IC

B esank (Automatic Speech Recognition, ASR) 1,
NHORGFEEE 2T FA ML T LS RATLTHS.
RIE"#E (Deep Newral Network, DNN) % W T5E%E
B ASR OFEIIE, —RINCHEE LD VEREE
THRESNLBEAEEPHAWSONS. 2L T,
ASR ZEBERTHW A5G, ANEHIIZENERIC
MATER ) AXBRZ 270, MK 5. R
2, THNSR LR M7 VEDOEN LWEFTT ASR %
HW25E12iE, SEH b0 ez m L3 2 Fik
PN Y 725,

ASR DHEEMMEZ &S 25t ZhFTiTbhTE
b, RERDH DITHEAMH (Speech Enhancement,
SE) # ASR 70> by F¥ LCHWE TS 5.
SEZ/ A XDRE 0 TEEDD, /A XD T —%55
HHWE R OAZRHHT 2HMTH 2. SE FHEIKX
<A 7BKRYT LA (1 2] RHWEY (3, 4] AV
72bD0H Y, EFETIEHE—F v VAT ANDFEH D
AMRET® 2B E N — 2D FIENEL VSR TY
% [5,6]. LL, BFEEHAN 4 XERTFTIEIRLGE
LEDERETCHRETZ 2, HHERICEAPE
ChhdaZennERERD, SE & ASR OBl
AEbDETIE, BF LR s hnwZ es
HMohTwna.
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ARETIE, ZDXS57% ASR ¥ SE DI X< v F
MREEMRL, MERE N ToOEAZMMErm LT
22 EHMET 3.

2 BEERZE

ASR t SE 0 I R~ v FEMHET 2FEE, h
FTEW2DODHATHEINTE. 1 DHIX, B
==Y T ERITODROWFIETH 2. Takeda H DS
[7, 8] T, Y7 AN ufiEIcEEo  FREEREICK
b, FEER UTEEREEIM ELTVWA. LA L, X
FHEWIIBERHEOR D IR LA EINET, FHHE
a2 M HEWENSHRER EAIRERNTH 3. 2 OHIZ,
EFNLDH ML - ICE 2 I ATy FOENTDH
3. ETFAEKREEYET 3 FEP SE A% FHY
BT 2FEPREINATHS (9, 10, 11] 25, WTFhoD
FIEDWRZAT XA —ZEHPLETHD, FHax
FAIKE .

IS DORERRRT 27280, bivbiud/Nikx
Za2—INF3Y VNI —ITH2E ' 7XTR—] ZH
7 MEE B T L TParallel Adapter Model] #1125 L,
7 X TR =FEOMRE L HHEE 2 A X% [Near-
Identity #1#{t) 20T 22T, 2ED T X —
X EFEC ASR OMEEMER A EX 5 Z 2 ICIIL
72 [12, 13]. ¥/ ZOFETIE, BHEATEHE LS
FEERITEAEL, BHLTOWARLWERE HWS., Zh
I2& D, SEIC X o THIBR SN IEMOME ZTV, 8
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1: MEE R Biasing €71

A D RSN Z KT 2 Z e TER. Ly
L, EHEAZIT O CETVOFEYE R LB F
570, BrFwame T 5 TICREBIR ISR
FENHEZET 5 e NRETH o 7.

Z I TARTIE, BREHEE 2 HANCEE LHEERE
BEGD LT, Filll¥B 2T 2 ek SMEEERE
ZE 5 FEERRET 5.

3 REFZE

AREITIX, REFETDHD 2HEREMHHEZE (Noise
Feature Extractor, NFE), 7% & UNZHEEREE T WV
72 ASR * v b7 — 2T b 2 HE R Biasing €711
DWTHT 5.

3.1 MBEFH Biasing ETILDIEE

M1 ICREETVOMEL RS, ZOETLE, A
hBEF S v, ZOBAICSE 2EALE S ZHW
5. ZhuE, HMAEHEORMEZ TR, RIUHE
FORMBLFIHT 2 Z 2T, SEICX > TERENZHIER
SNLEERE M e 2 HNE LTWVWA.

ETMCE 2 DO EFERHEIMHIAT (Feature Extrac-
tor, FE) ZffH L, #hEi d XITD AT 4 L EZAN

ExfTITEY
T

N
U
O (o0 NI T
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e
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Wi —Z“rxi,r
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HWEAWZRRY FAYS L

X 2: NFE T{Thb 2 S FHELS K

YIORBRALTREBEZMBT 2. 2Tk, R

HEPOEONIREE X ¥, SEROER» LG
bNARHE X 24EKT 5. X, Concatenate 8
TX bt Xp 2fAL, 2d TORAEHREE X
ZAERNT 5.

Z D, BAFHE Xr TN UT, HEEFEmHEES
(Noise Feature Extractor, NFE) 12 & D 4 & #1754
ERE w & Xp O7 X~ LVHEEFEL, #ilk
Fi & Xo 24T 5.

Xe=XrOw
Xpi1p-wr Xpio-un Xpa,1-wy
Xﬁg@'wz kag'wz XF&T'W2
Xrni-wny XpNp2-wN XpNT WN

ZZT, wlid 2d RILOKARERTZ L THY, HE
DEMAZRBLTWS (GEHNZE 3.2 #i).

%I, AJIXTT 2d, H1RTT d D ReLU B>
SAEEEEA L, ZOTHIEITS 22T, TTORH
BREFEURTTBTH 2REFHE Xy BIERT 5.

EFNEBRITOBRICE, MEOSEEHAER S &
MIET AHEEER N ZHWT AT X —XFARERITS.
F7z, ETALDO¥E T, ASR, FE, SE XFHANICY
Bxn/=bD%EHW, NFE ¥ Linear JEDA/87 X —



REFEHT . ZHUTED, DRVAT X —XEBEHT
XEXERBEMEST NG TE 2T LEBEGTES.
F7z, FERICry b =2 FZHWAERICIE, NFEICH
ACERE LMEE R 2 AT 520 TLL, Bno
NRIRA—REFHEHEL LW, ZHUXD, ASR %
- RRICHIRRCGHEIC X B 5 Z e DSAJREL 72 .

3.2 MERHEEM

AREICIE, HEREEZAENT 5 NFE OREIZOW
THtAd %.

INET, BET— X0 ORAZLORMEEZ M T
L2FEX, FICHETRO DT CILS R INTE .
i-Vectors [14] % x—vector [15] 23Z DREKAI2 D DT
HED, WITNBRRII B =2 —F Ly bT—2
PEATED, HEENRZVEVWSITX Yy b2H 3.
ZATH U, EE RN T % SpeakerBeam [16] T
1%, Sequence Summarizing Network & FEEH 2 i )E
Zh LI LR AR S, Bk y b v —
IRBOEmWRETHEOREEHETE 2 Z e 2R
INTW3. ZZTARTIE, Sequence Summarizing
Network DG D &I, MEORZHME T 22
N2 ENT 5. ZORHMEZEHRSROEA S
FIA=RE LTHWSZ T, REMES IR
BEZENTA2ZZHNL T 5.

X212, NFE OMiiZRT. Z0%y b7 —213,
BREMES 1SN U CFE 28 L TR LN XLARY b
077 LN%ZANETE. NOXTRITd, 7V —24
BT 35, £3, NITAKIKITd, M1 2d+1
DEEWRVEZEAT 5. SonMIERD 120256
2d JOC R T2 RERAIRE X, ®E&ROD 2d+ 1 XtH
REAMEa 2 LTHWS., X2, ol softmax BEIEL
ZEAT 5T, IERLEhEA O 2155, K%
2, TNZHOREEIUTICN LT, BEA o ZHV:
HAD XM ZEHET 2. 2Tk D, 2d XTo
HERHEENZ ML w 2T 5. ZOXZ MLk,
HERHEL T 5.

HAH o ZAVLDIR, K7L —s0%05RICE
e DT 5, Attention FEEDEZICXDZHD
THd. ANMINLMEEHIIREVD 5720, HE
DIERERL DXA LT L —LDHERRD 5 HE
BHD. EARTA—Z o BFND LT, wichT
2ZNENDTI V=L OFBERAEITLIL
NTEDL. £, w ORTLEEFRBEDRIT A D 2
FIZLTW2DIE, MilE A ORHE & ARUHE RO
FEEOM I w 2 EHHT 527-:0TH 5.

3.3 #EALFE

Ak DFATIGE [12, 13) TlE, 7 X 7 X —ZEFES
WEWETHIRAE S % Near-Identity #HA{L (NT %81
b) ZHH S 2 Z T, EHasaklERE & PCREE 2 A I
SEZZ WYL, AT, ZowiibFER
HEE R Biasing E7MICHEA T 2 FiEEMETT 5.

NFE & ¥ 2 ZEREEICOWTIE, HIEDOAN
A7 2% 11, ZRLIANDEAL AL 7% 01TV
fECHAL T 2. Zhuckh, HSERBEOWIEZ
FELWEZ DD 2d RITTONRT bR,

¥/, X \CHAT 3 Linear BlE, X & X O
EEWEDSTIHAE L 722 & 5 2oilk 3 5. BIKRY
WX, SEEOBELDOIIME Wiy 2 XA 28 0.5,
ZHLANDRGTH 0 13E VT ¥ X LIl e 75 5 1T
% 2 DBIF T XS RfETHIIEL, £l N4 TR
TEDWHAME by ICOWVWT D 01TV T ¥ X LR TH)
ks T, ThE2FEHRT 3.

0.5 €12 - €1,d 0.5 €1,d+2 " €1,2d
€21 0.5 €2.d €2d+1 0.5 S €224
v‘/'mit = . . . . )
eqn1 €2 - 05 eqdy1 eqdre -+ 0.5
T
binit = [61 €y ... ed]

ZOUIEILFER, MERH Biasing €7 LICEBF
% NI b E# T 5.

4 FHMEEER

AREFRTIE, HEERH Biasing €7 VOB & HED:
%7212, LibriSpeech B 32— 32 [17] Z W%
BEATV, B aakEREICBE 3 2 L ER 2T o 7. €
TIOLD2EETIX, train-clean-100 subset (2, HEHEHR
BEITHTEE LM% SNR (B85 & L) 23 0dB
W25 &5 B LEDERYET—&%Z/EK L, 10epoch
DOFE AT, AJIMEE N X, EFICELA
DOETMEEE S L RHEEINIIT O TICF—oME 2 A
N7, BB, ZoOHEX, EFNREBEERD &R
EMREER OB ES S EN 5. FHHERIC
X, test-clean %\ 7z, MEBEMMEZ FHE S 2 72012,
Fl—DOMEHE R % SNR 25, —15dB 5 0dB D#ipH
B ISR LADE CIHEAER & L. FHlifEHE
WIEHEER D 3 (word error rate, WER) % W7z,

4.1 fFEBHETIL

ANFEFEIZ, 16bit, 16kHz > 7V FDIEETH
D, Feature Extractor T, Zhx&EK 512, ¥ 7 b



% 1. KR (WER). [CJ 1% Conv-TasNet [5], [NFBiasing| I38RET N TH % HEFHH Biasing €7 /L
%33, [Layers in NFEJ & NFE IZ& FN 258 D%, 'Hidden Dim. | & NFE OF @O EERT.

No. | SE Model Type Layers | Hidden Tnit. clean | 15dB | 10dB | 5dB | 0dB
in NFE | Dim.
1 - only ASR - - - 6.7 11.3 20.3 | 43.0 | 75.3
2 C ASR + SE - - - 7.1 10.3 | 15.3 | 27.7 | 56.1
3 C | NFBiasing (proposed) 3 200 random 11.2 | 15.8 | 20.2 | 30.1 | 55.1
4 C | NFBiasing (proposed) 3 200 NI(proposed) 8.9 12.0 | 15.3 | 23.4 | 45.2
- e o % 160 Xot, iz 80 Kotk §4 Z & T, 80 RyLd
—— . . N i e N N N
e NI Inic Valld Lovs (No.a) RARHIE Xy % ASR % v bV — 22T, % v b
250 —e— Random init Train Loss (No.3) V-7 @*D/H\;qﬂﬁ&:‘OL\VCQi, _‘E&E,‘Jtﬁ 7 \/&A*ﬂ,ﬂ\ﬂﬂﬁ
. Randon it Valid Loss (No.3) ¥, 3.3 M TR NUIBILE BT 2. 01350
2 SRAEICOVWTIE, FF0, DH10~* DIERDICHE
" 150 57 R LHEE L.
100
+
—t——— 5 igﬁ%n% ® %g
2 4 6 8 10

X 3: FEEKOHR

£160 TZ7L—u1bL7=D5B, 80 RITDAINT 4 L&
N 7R LRGN BERMEZ N T 5.
ASR Zi&, ESPnet ® hybrid CTC/attention €7
V18] WS, ZDETIUL, 12D Conformer 7
Oy 7 THRENS T ya—&X—t, 68D Transformer
Try 2 CTC 7Ry 7 THRIN,Ta—&—%
O, L¥a—X—3 80 RITDEFHFHYED & IBHERF
BEREZERLTTa—X—1CEL, 7a—-X—1C&o
TEBERHER T F R A Efixh 5. BRI
1%, CTC 8% ¥ Attention 72— & —DHEKDEANT
XMz, BEAZZENAZI 03, 0.7 TH5.

SE Il BEFEN—ADFETH % Conv-TasNet [5]
ZHWE. ZOEFME, Tra—&K—, kL —&—,
TaA-—X=DoEREINE. Tra-—X-l31EDE
HIAAE, Ta—X—x 1 BOHEBEAAARED S
5. R —R—F~AIHEHOXY YV —2 T, F
NN 8HDBEAAA T v 7% ET, 48D Temporal
Convolutional Network [19] 2*572%. SE v b7 —
713 CHIME-4 7— &+t v b [20] THEEE S NE
TN W,

NFE I2& N2 ZBRIEEOXTEIX, AJiddd=
80 Xut, HAds2d+1 =161 %tk L, HREEDOX
Jo% 100,200,300, 8% 3,5,7 L 2L 3B THEEZ
1o/ BfIZ71L—LAZDEA a B 7L—20L
A LXITTDRZ bLT, HHER2RHEXRZ P w
b 160 XL THS. X (T % Linear @i, AN

AETIE, EBERICOWT, UHHLFEEREEFL
WEDBRPOERTS. R1-318, ThZhOHE
ERi%ETD WER Z/R7.

5.1 REETILCEREFEICOVWT

£ 11, HFE T, SHEFAEAET L, 9
ML FE T OHEF R Biasing €7 VDGR %
R, HEDPZLEENIEFICOVT, bbb
ASR (No. 1) ®HFsHFADAHH L7254 (No. 2) 12
HeR, 1RRFETH 2 HEE R Biasing €7 /1D WER
MK, FREMEREDS B W Z L PRI N, Ik
D, SRR X2 REEOEAMNI DY, RikitEE
M ECHFS T2 2 e dREnr.

X 512, WHMETIEICOWT B, T > & 291HA(E (No. 3)
IZEERT NI @b Z W =354 (No. 4) DIES5 A, &
WERESE W R o7z T U X AHIHAL T3S
DYICE R ORHMERED KE L Ao TWVWa Z e h
5, 10epoch TIXFEDBICHL TWRWIZ & 3bn 3.
X 312, £hzhoylitFiErHvizEoEAHER
BRT. ZORER»S S, NIEHEILE FAWIES 22
BINKHSENZ e DR TE 5. BfTHEDET L E
[Fkk, €7 VORHEE B X7 WIREED &8 2 HHtET
X570, BonFEREOFTL DB FEENIN
WTERrEZONS. UELD, #HERH Biasing €
TIUIBWTH, NIFHHERERTH % 2 & 23R T
7.

o T, DIBOEEERTIX, TXTDFr—RIZE
WTNI#HbZHWS 2 8§ 5.




# 2: NFE B3 OB O EEZ 72 D

EFHER (WER).

No. | SE | Model Type | overs | Hidden ol tean | 15dB | 10dB | 5dB | 0dB
in NFE Dim.

5 | C | NFBiasing 2 200 | NI || 92 | 123 | 155 | 245 | 47.1

6 | C | NFBiasing 3 200 | NI || 8.9 | 12.0 | 15.3 | 234 | 45.2

7 | C | NFBiasing 5 200 | NI || 10.6 | 121 | 15.1 | 23.6 | 45.2

8 | C | NFBiasing 7 200 | NI || 11.4 | 127 | 154 | 23.2 | 44.4

# 3: NFE OHEO T ZE R 72 & 2O EHER (WER).

No. | SE | Model Type | 22Yers | Hidden |y o tean | 15dB | 10dB | 5dB | 0dB
in NFE Dim.

9 | C | NFBiasing 3 80 NI || 91 | 120 | 153 | 23.6 | 45.5

10 | C | NFBiasing 3 100 | NI | 92 | 121 | 154 | 239 | 45.9

11 | C | NFBiasing 3 200 | NI || 89 | 120 | 15.3 | 234 | 45.2

12 | C | NFBiasing 3 300 | NI || 97 | 122 | 15.0 | 232 | 44.8

5.2 NFE O%E

# 212, NFE OfEEOBEAH L TH¥E LIt X
DFERZTRT. FERED, HEIHRIBATEEHICD
WX, BEZL T2 TilitfEr X hEDd3 b
WTE= KRS, B2 TR Lzt %, WERD44.4 %
L7 oTHD, SE DAFWIGE IR TR MRED
1L.7RA Y bAELTWS. 20—/ T, #ELDR
WEH (clean, 15dB) Tl&, EBZWIEEMEREDEILL
TW3. ZHUE, NFEORBENHIHEZ 22T, €7
NHMESOEFRIHLTIDEIEL, Dby
HAASR DRk o= e BEREZ 65, 2
DHRIT THHRASA] (Catastrophic Forgetting) | [21]
CHENBBIRT, 7X SR —TNREBEEICE
AL o TV, METER Biasing €7 /LT
TS HI %8BT 3 7-121%, NFE OfEEEz K=<
L&Y, RENEIHIT 2 DB TH 3 L HER
TZ7.

F7z, X3, PREBOXTTEZERL TET VYRR
To7BE0ilitERE 2 R, MRLD, BHEEES
THAE LR, ROWVEOXTEEPLIT e Th, &
WMEREDS BT 5 Z e MR T E . RO TR
B3 Z e TNFE ORBNHAEL, XOMETED
P ORBEBEHEHTE 2 X5 2R o2 A ER L
Ezxonsd. —7F, PHBEXTZKELTHILTH,
HEE DD T2 NEFE OFSFRIEREDME N U, B SHID

RBENTz, FHEBEOIITIZONWTD, BEICHEST
DTIERL, HYNMEZERT 2 e R R 5.

DIEo#ER XD, NFE OEEORBEHEZHE T &
T, MERDDPZVERORRMREE X DEDHEZ L
MTEDILEMETER. ZO—HT, HERDH
DI CEFEOEEREL D L — AT B D

MRETE. kb, YRR ook #IRT
52T, RIS UZASR v VY — I BHEERT S
EYMTEBRLERSD.

6 o

AT, EHRRMOMEMEZM LT 2FEe L
T, HERHETHOTERRNBEOEE 2175 M
TR Biasing Model) Z#RE L7, ZOETME
HEERAE RS (NFE) 233 0, HEjcssE Sk
RIBEHE SR ORAZOMEREEZER T3, &
DHEFRBEZEAL LTEARHEZER TS,
T, HEFEDVPLRVEEBEY ASR * vy bV —21C
ETZEeNTES., X5, 7 X—XDHHHEEE
FEBOWVFEE T2 INLHH L) 2BRETNVTE
L, FHoE#EL e R L2 X o7, EEROAER,
train-clean-100 % Al WIRRFETHEE 2T ET NV
X, bEDSEDAEHWEZET ALK L T, AT
11.7 KA ¥ b OMREM EZZER Lz, SHBROMEL L
T, NFE Ot R, EEEHEOEE % Av/-525 - 51
BHIFoN5.

HEE

AREx JSPS BHFER JP22F22769, JP22KF0141, 37
A FZEEIK (A) 2241011 B & CHEEEBEHIEARE
M (F-REI) OZEEW %5 # (JPFR23010102) DBk
2Tz ERARE, REREREDOR——a v
Y2 —& TSUBAME4.0 % F|fH LTS L 7-.
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