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1 LI

I, HOBEND D ¥ (Self-Supervised Learning:
SSL) ZH\WTHEmI2E X7z SSLET IV [1-3] &5
MEMHESEY LTRHHT 2 2212k D, e hEHE
WL 2 2 7 THMBRHHEIEETE 2 b G X
T3 [4]. ZHUE SSL E FILREFIZEF BN T
BRIZEEN2 EENRBERICMZ, EHCHED
BHRYZBELTWE25THS [5).

SSL ET VRBRIEZEFGR TCOEHATHL Z L
PHEZINTBY, ZhzHWLERERICEE S 201
BHRRINTNWD [6,7. —HTEASRDGERE
DEIZBVWTIISEERRSIEZFICEENATVS
B, —HTaEE M, LY OEFEES QBRI KE
LTWaZepmEEhTtnd 8. Z4uz kb SSL
ETAD LGN FHED S E IR ER S
BB, EERMYEE WG E L L CEAE R
HE IO EERSRENC 2 2 e BAmE ST
% [8]. FEATHAE [9] TIE FO % XVector [10) T=2—
TR —ZREMHTF TRk, HEHEEEE
HRRLTWS. ZAUCK D BEFEREE MK TE S
ZEPWMEINTVED, BREDBEIZBWTEEEM,
HARZEDREZELTWD Z 5 SSLEFLTIRS
NEDBEBRBTFICETV VIR TVWRVWEEZ
53, XHFEHEEHTO SSL EFLDMEER A E
TEDHICIE, BEFREGRICBWTEER SR
HOET Y VI EAREL T2 HAFED X R HG
PHfFEINS.

AR TIE, THHORHEEDOETY ¥ 72175
SSL 7L T® % NecoBERT (Neural audio codec
BERT) #1243 %. NecoBERT 1%, H&FiHEY
Z7EL 2 e M HFEEXN S Neural Audio Codec
(NAC) [11] 261560 2 R EZ W CHATEE %
75 SSLEFALTH D, SRV EXEHEEFNVEE %
179 Z 21T & b NAC R U CXURIG SRS
XND. ZHUTED, HERD SSLETFTILTIEREL T
W RSP E R E DIEROREOEETET Y v
TEND Z e pfFE NG, KBTI, NecoBERT %
HAEMEMN, SEEEET Y VY (6), @iE R [4]
WBWTHHEiZTo 7z, R » HFEHE R 71280
TIWXEHFD SSL 7V & b b HEENHLT 200D,
A E ORE X AV R E R HAR X A 7128V TIE, BE
7D SSL EF L&D bEWHERER EBI T % Z L AUR
7.

2 BSEY SRR

BFREARICBWTERERBE LT, #RTLH XL
ARZ a7 AR EOEERHEISHVONTE
7z [12,13]. SEFETIE, SSL EFVRHEED EH GRS
W LTIES FHWHRTWS [6,7. RENREH AKX
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Fig. 1: 283 % NecoBERT D& 7 /Ui#iE &k %
DAL [M] TRENTVEDIEFY A7 Ehiz NAC
Iya—XHITH5.

IZBF 5 SSL ET A0 65605 RHEE O AT E
& LT SSL 7 VRHEE I LT &k FEEZ VT
HERUL T 2 Z eI X D BERULE R b —2 Y 215 L,
Transformer encoder Z Masked Language Modeling
(MLM) [14] T¥#E$T 2 Z 2K D TEM SSLET )V
ZREEL TV S, BERULERS b — 27 v DRI
L7E/H SSL 7 vofkiEE R k FEZHW
TV ARy zeicihigFons. Lil,
COEIREA M= VIEHICEENTWVS 558
Bz £ LTRLTED, RiBELREH 2 EMR S
% DI IZGHE R DIFTMORE L TV 5.

BHREDAKSLT, BEESOBERROEBRTIE
LTNACMEREINTWVWAS., ZHIEFEI Autoen-
coder HEEICTHHMERILAR by 7 RBATEZ L
&b, XA WERETEW Fidelity Z#o&
FORBZEET L2 2HNE LTV [11,15].
NAC 2 HICHM T2 Z itk Dy, BiRULEE -2
YIERTE, ILLERORB L LTEHZED
TW3. LAL#E2S NAC T, BEFOFEMEIC X
D BEENERE BFEICRIT 288~ — 27 v 015
LNBBOD, +—7 rEORRIINZKFRERE
RAD IR 2D, ZLOTF—XBRFEEICH
B [16], BESER I — 2 > & RIS N 2 2%
Enid B [17,18].

3 F&

AT, HEEW - SURIGEHROM 5 248 2 7= Hf
BULE R b — 2 ~ OERIZIANT 72 NecoBERT #12%
T 3. ¥ 112 NecoBERT D& FIMMEE N 2B Offih
%7, NecoBERT {Z, NAC €7 /LT 5% Descript
Audio Codec (DAC) [11] 751§ &5 N 2 BERULRETO T
ERBEZ AT LT, e LCHiRtzoE s
F—2 Y ERFHT S, BHED DAC D XS ICEEES

*NecoBERT: Self-supervised learning of speech representation for speech synthesis NAKATA, Wataru,
SAEKI, Takaaki, SAITO, Yuki, TAKAMICHI, Shinnosuke, SARUWATARI, Hiroshi (The University of

Tokyo).



TF—RTHETH2OTIERL, HFEa—AZHWT
DAC 2B T2z ik, XhEFICKLL A
BULER =27 28835, Zhuckh, FEEES
AR OBERERORKEEDETV V7%
5. NecoBERT &, BEFD SSLET L Eizh, &
FiEH OERAERBE DBV TRE LIS WET
VY7 RATS. ZDDICHHFE XA 7 ITBNT
BERMEZZICE0Z G NS NAC HK
DIBTERBZ AT L, BELEE -2 2Tl
T35, FLANCE I VXL AF Y I RITS C
¥TMLM %2175. Z4uckbh, HEEREEHT 2
NAC ZiEmie L, MLM I X b ZRiE#H % NAC R
HERICHNmMEE 5.

E7IUME & LT Transformer encoder [19] % &
ARG 35, 24U, £ DSSLETLTHHX
NTVIHETH D, ZOAMEIREINATNS [4].
<A XV TIEATISE [2) bk, 7 ¥ X LR p
TEINL =2 0hb6, REIODKEETEYAF
VTR, Flx A7 INIREEICEL T, #E
AJREZR ST X — R R WTEIEZITS. ¥z, FEIZ
V2 HERBEBIIL T DO XS ITERT 5.

L = CrossEntropyLoss (f(X;6), 2) (1)

Z 2T LIEJBEE, CrossEntropyLoss 3R 7ZET >
b o ¥ —182RI%L, f 13 NecoBERT €7 /1D Trans-
former encoder, 6 % NecoBERT €T /VDEATH
5. YRA7 3N SSL REE X = {2 € Rin =
1, , N} £$5%. 2562, NAC D residual vector
quantier 2> 51§ 51 S BEHRL token 2 Z = {z, €
Rn=1,--- ,N} £33. ZHIZLD, Transformer
encoder DEALEH I 2 BR ORI LTHEHAT2Z
EMNTE S, §O5N2FHHEICIE NAC HRD HEF;
BEIC A, MLM I X b XRfE#RSEZENTVWS T
eI NS.

4 RER

AL TIFIRE T 3 SSL EFNATH % NecoBERT
DB EITV, TOMUREEEFREEK, SR 58T T
YT, PRAE R DBSE D SFHERIT o /-

4.1 RERZMG

7 — &+t v M LibriSpeech [20] ZfHH L7z, Z
AUZ 960 IR D ZFEF RFEZTH TH S. NAC ITIE
Descript Audio Codec (DAC) [11] Z{f#FH L, Lib-
riSpeech IZBWT 150K steps DFEE{To72b D%
i L7z. DAC B X &8 NecoBERT *#H I ICIE & A
24 kHz IZVH VT v TR To T,

DAC @ Encoder DX W ¥ ¥ L — bk
2,3,4,55 2L, 1/480 DR B> 7Y ¥ kLT
o7z, ZAUT XD 24 kHz D AJNTBWT 50 Hz O
HE M-I S TES. ZhiE, HuBERT [2],
WavLM [3], wav2vec 2.0 [1] LRI UK TH 2. £
ML DT X —RICBILTIE, DAC OAXFELE!
1o 72. NecoBERT @ Transformer D& & LT,
Transformer encoder (%K 12 RRAVEH 1 X 768, 7
TrTaryay F12) 2EHA L. 243 wav2vec

Thttps://github.com/descriptinc/descript-audio-codec

2.0 [1], WavLM [3], HuBERT [2]-base E 7 /L & [d]—
DETFIVEETH 3. /2, FHITIEEL—270D
I DAC DEBRHIDONRZ b LB TLEER D A%
WTEHZIT 5 7.

NecoBERT D fifticld, AdamW [21] (31 =
0.9,8, = 0.999,¢ = 1 x 1076, X\ = 1 x 1072) Zff
AU ZERICEL T, SO 40k 27 v 7
BILTIZ0525 2 x 1074 NI 8, 20
460k 27 v F12bTzoT 2 x 1074 225 0 AFEIC
WO 8z o TRIKRDFE X7 v 78U 500k &
T T TH5.

RAFYITDRTIX—RIZEALTIE, ~R7TF3%
%% p=008 A7 THXM%E =10 & L7-.

4.2 5@
AMETEITMFEL LT, SHSEETY v
7 6], BEHEEAH (8], WX RZ D3I ODBENS
NecoBERT D #Hili %17 - 7=.

4.2.1 BESHETIVY

R XNHERE R b — 7 VICXIRIERI X 5
NTWBDEHERT B2, BRESHEETV V2
X BEHi 1T o 72, FHliClX, BERGER b—2 %
WTEBETNEZETIFE LTHILNATVS
unit Language Model (uLM) [6] @ perplexity % f
WCEHi 21T o 72, #Hfilcid HuBERT D% 6 & HE;
&, NecoBERT Hf%fEFiiiE, DAC Fi&E %
LR EfTo72. 5, ZAZThORHEICH LTk
FEEERHCTEHLETo 7. B icHERLREY
T ARENE 1000 TH 5. 20Dk, BERILXNIZRHY
&% GPT-neox [22] ZfH L T Transformer €7 /L
EEEETY VIR RAZIIBVNTEE 2{To7-. Ml
WIEEERER e LT 5N/ E 7LD LibriTTS [23]
D test £ v MIHF B perplexity ZfHH L7z, uLM
DX, LibriTTS [23] O train-clean-100, train-
clea-360, train-other-500 % 7t v M EBFH L=, %
72, Transformer ETI/LDETILHLE Y L C/ER 12,
BAEY A X1024, 757> ar~y RE16 2
L7z, —a—9 b Ra—XOERERCHEHIRLTY
BANVARZ bRZTLE, TV —LER 1024 3
T, TL—LT 7+ 256 3> L, RekE 80
Foee UTHEK L. T2, &FEHF 22.05 kHz I
VYT T RIiTo T,
4.2.2 SEBAER

NecoBERT % W TIES S /- S RHEE I, it
REEER EOERIEENTND Z 8 BRI % 72
DICFHUED L OEFRHENEZITo72. EFEHAKT
X, 20D REMFH L. 1D HEEUL X =R
BOODOHEAEHTH Y, 2 OHEHFREED > DHE
KTH3. MFOXMFTOEREHABRICBNT, —a—
FNRA—=XTH 3 HiFi-GAN [24] & W =HEKE
177207, HEUL L7 REZ A3 2B, One
hot encoding % F W CHERUSHEE Z @il REEAN &
BLIDOBbEWREITR o7, BB TRHiTERE
& LT FO @ F 75 3347 (LogFORMSE),
AN TR Z L (MCD), XVector D aH 4 V4



Table 1: HFESE/BETV 2B 2GR, K
FII—BRWHERZRT.

BERCE b — 27 VIS L 72R & | Perplexity

DAC 74.50
NecoBERT-L12 61.80
HuBERT-L6 4.48

LU (XVector-sim) Z{#H L 7.

MRS N REE» O OBEAENTIE, 7—% %
w MZ LibriTTS [23] D train-clean-100, train-clean-
360, train-other-500 ¥ 7 v » &M L HiFi-GAN
2B U7z, FHECIE test-clean ¥ 7 v M EMER L
Jo. ¥, BERULORREIZ 4.2 1 8 [A—DEZEHL
7z. HTFEE LT, NecoBERT F&E SR, DAC
x> a—&H}, HuBERT % 6 &) (HuBERT-L6)
ZHNZ, Zh7% HiFi-GAN % XVector TZHRAMITL
7% @ (HuBERT-L6+XVector), & HIZZAUTMZ
FO T2 L7z b O (HUuBERT-L6+X Vector+F0)
ZfEH L 7. XVector &7 /W21 huggingface L T2
HEhTw2ET LV 2/ALE.?

HHRHE R 5 OFAMTIE, 7— Xty MI Lib-
riTTS [23] D train-clean100, train-clean-360 ¥ 7't
v b & ¥ VCTK-Corpus [25], LJSpeech [26] % 8 H
L7z. zhizeh, 1151 % (245 Kefd) , 109 % (44
D , 14 (25 i) oFFa— 2 THD, &
il 314 IO HR THEEEZITo . HBRTFERL LT,
NecoBERT & BREEICINZ, XILART ba s
7 2 (Mel), HuBERT-base, HuBERT-large D ¢
NOBRAEREED S DEFHEREITo 7. FHf
1 LibriTTS @ test-clean £ »  (libri) 1A, *#
BHEXA VHTOFMED /=012, JVS a—,82 [27]
O parallel100 ¥ 7 » b JVS001 010 DFEE (jvs)
, NV 2—,%2 28] (jnv) , PNL100 22— <2 [29]
(pnl) XL TIT o7z, TNHIFIEICHEGESE S, HA
ihE e, JEEREIEE, JEEATH 5.

4.2.3 BHERERY

NecoBERT 2» 515 511 % & A RE DMK 2 7
KBWTHMDE S 2 dHilis 2 7= DIZFBM K R 2
WX BFHli 21T o 7. AKX R 712X ASV (GEER
AlE, Automatic Speaker Verification), ER (F&I&8#,
Emotion recognition), SD (F&&E XA 774 ¥ —> =
>, Speaker Diarization) D=2DX X7 ZffH L 7-.
FHMiZe 1% SUPERB [4] D&MZ R Lz, FHiiT
X NecoBERT 2 518 5 2 FHE I A, DAC FF
BWREHELIEZ21To72. %72, HUBERT-base ®
FERITFEATHIZE (4] 22H5[HLTW5. ASV OHl
R Y L CiX Equal error rate (EER), SD D#Hifiits
& L T3 Diarization error rate (DER), ER OFF
fiiff & L CTHE (Accuracy, ACC) % Zh 2 fHf
L7.

5 ERCER
5.1 BEESEETVVY

£ ICHFHESEET Y V2B 3 7HifE R %2R
3. FERD2 S, NecoBERT-L12 ZEEE(ES F—2 >
DERIHEH L725ATIETIE DAC 2H L7235
& &l T Perplexity 23283 LT\ 5 Z & HERET
X3, ZDZ 5, NecoBERT & MLM % W/
N X o TURIERZ NAC KR Itz Ttwy
5 Z DR TE 5. —J5 T HuBERT-L6 % BB
=2 O L 75A T, NecoBERT-
L12 ¥ lERK = L perplexity BRELTWS. Zh
1% NecoBERT TIFHHASCHEE R ED X D B E
DIEREEFY 27 L TWB—T, HuBERT-L6 T
BENASDFRMA G EFRTVARWE D SEERICE
WERZETV YL TWS 70, BHRSETET IV
DFEREGTHEINHLEZILNS.

5.2 BEBAK

e THHHE R D & O & A A REHIE R 2 R T
fER2 5, NecoBERT % W75 Tlk. HuBERT-
base % HuBERT-large F#i& % W7 355 & A&
FEREICBVWTHEL TWD I EDHERTE 5. MZ
T Mel ¥ NecoBERT-base % #E3 % ¥& libri % JVS
REDEFRIZHLTF0OWENR SN T,
NecoBERT-base DEALJE £ T, & [EADHERDE
TV ITEINTWE I ERBLTWS., ¥/, F
XA UHDEFRTH S pnl ®° jnv EWVWo 2T —&RIT
B LT, NecoBERT & HuBERT-base,large ¥ tbX
IheAZMZEELTWR Zhbh s, ZhZ,
HuBERT OEM&ETIIEENZFHEN LD TY
%—7T, NecoBERT TIIH LR L RHYUEDRIFX
NTWBbrEZILNR?.

7 SICHEERHE R D © O & A IS R 2 R T
TGRS, NecoBERT FiHE%Z W58 FOlgBW
TIZ FO CTE&HAEAMIF LTWBEF L TH 3 HuBERT-
L6+F0+XVector ZfRE, b RBWAREZ->TWY
%. ZHUX, NecoBERT FEICIZ I D Z L DEH
BB DBERPEETNTED, THDBEERILIC X > TR
HDRTVWRWI L ERLTWS., %72, DAC L
3% ¥ LogFORMSE (23T NecoBERT O J5 %3 &
DERWERZRLTVS.

5.3 ARV

£ AR R A 7 12BT BRHMESE R E R T, A
R2ro, DAC Fiflg2 20 2 FHHIT 2 LD D
NecoBERT %M\ % Z & TRHMfifERINET L 2 &
DHEREI Nz, ZHUX, Transformer encoder % FHW
7= MLM I & D R A SIDIEREETNAIER LT
W3 ZEERT. —THEITI 4 THREIATY
LiERY 2 Y, ER, SD ¥ THLLTWVWSE —
FTASV TIIRELSHET IR R-oTVE. Z
AUIERSD ¥ DRI T, BREICEINIEE
BB R Z 7R L THEMTH 25—/ T, ASV Tl
EREGOERNPENTHS. ZDD, SiEER

2https://huggingface.co/speechbrain /spkrec-xvect-
voxceleb



Table 2: FHEHFHHED O DH

FEEREHERR. KFREHEE, &3 RRAB0T—FRWEREZRT.

LogFORMSE MCD XVector-sim

Model\Corpus libri jvs jnv pnl libri jvs jnv pnl libri jvs jnv pnl

Mel 2.86 271 3.70 4.03 | 2.49 1.31 1.13 7.37 | 1.00 1.00 1.00 0.99

HuBERT-base 4.23 4.44 6.97 9.86 5.09 4.03 2.34  19.61 0.97 0.98 0.97 0.62

HuBERT-large 4.67 567 734 891 5.61 4.05 239 18.79 097 097 094 063

NecoBERT-base | 2.73 2.61 4.10 5.22 3.31 1.85 1.66 9.96 0.99 1.00 0.99 0.89
Table 3: BESULEEED S DF A B S RG4S R A [6] K.Lakhotiaet al., “On generative spoken language mod-

FAIIEEE, £ —RRACBVT—HROVEREL TR
ER

| LogFORMSE MCD  XVector-sim

DAC 4.88 5.34 0.99

HuBERT-L6 7.70 7.61 0.94

+XVector 5.64 6.28 0.97

+F0+XVector 3.53 5.79 0.98

NecoBERT 4.29 5.65 0.98
Table 4: Bk X 2 27128 3 FHlifER. + TREN

TV RINIEMERRWERZRLTED, | TR
TV RHNFENTTHARWERZRLTWS. £,
BRRY T—HERVFEZRKFTRT.

Model ‘ ASV ‘ ER ‘ SD
(EER), | (ACC)t | (DER))
DAC 2.59 48.32 12.99
NecoBERT 1.80 53.57 9.96
HuBERT [4] | 5.11 64.92 5.88
%%3128% HuBERT 2 ER, SD ¥ Wo 2R R

TH <, HHEEEDIEREZ 73128 T NecoBERT 23
ASVIZBWTHEEICR > TWBEZ LS.

6 F&

AWFETIX, B SSL EF L TH % NecoBERT %
BZE L. 1823 3 NecoBERT & NAC Hi3k D BfERYL
EFEF—27 VI LTMLM 21752212k, X
ARG Z NS 2 ¥ #iHo7= SSLEFLTH 5. £
223 % NecoBERT DOFHMili xRk X 2 7, BHE i€
TV, EEEAROBED Ol E T 72, KR
R %, RR AV RERZBET Y I TIREHFED
B SSL E 7L & LERERED ST 5 — /5T, E.m
BARIZBOWTIR X D EEHISEWES D A RE
HBIeIREN. SHEOFEL LU, &0 Hﬂm
f17% SSL & FVHSROBERULE T b — 27 > ORI
EiFohs.

SEE: ARIGEIZ IST 2— > ay MBS HE
JPMJIMS2011 DZHE%E 272D TT.
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