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BEERZIZBNT, GEE T 2 FEHEHMEIEE L FHEENEZDY, 2 ORMITIZRRIAT -

EHENR AR BP0 D. EDRD, AVT TR T LELSL CLAPScore 72 ¥ DEBIFHIIER D L S

N5D, ZDFEBUEEIE ¥ TEEFHlEDOAHB I,

¥ LT AudioBERTScore Z12£ 5 3.

AT, BESEAHRE R 7128 2 RBFHEEE
Zhi, EE L SREZM TN O DIAARIUTEED NIRRT

FOEMEZFETZ2FETH 3. BEFIETIE, WEKD BERTScore i L7z AfE /L 220X,
RS OIEREEZ KM L T p-/ L oaicio . EBRIFHMBOMER, IREFHEIC X 2 iHiifEE, ko x
NT T2 LEARY XD, FHFHEEY OMHBERE VI ¥ E2RT.

1. ELHIC

THF R MRBEESMK (text-to-audio; TTA) EF LI V)
ERRPBNTVE DEIBRTFAMEZATCL DR
RE AT A2EEYEETLATHS. RENLR DI
AudioLDM2 [1] % AudioLCM [2] 2% %. TTA TEHKX
NEBRBRHERT = XRT —AREDA T4 7ar 7y
ERCER X TBD 3], a7 Y ORNZERAY
DIMEDIRRZ LBV TEHERKEE ZR/F 4. TTA
ETNOMRIZZ OEREIC L DEHili 4, F4 Ok
D5 b ANEIC & 2 FBEFHEIT RS BERFEL LTRD
N3 [5). FEEE, DCASE 2024 Challenge (Detection and
Classification of Acoustic Scenes and Events)*'® & 5 72
ERR 2 > RT 4 > a > D TTA ORI 7L FHE X 3 B15T
filifEicFo <.

EE O EBFMIE, 2N EE (overall quality;
OVL) [6] RANTF X I 2 DEHE (relevance to the in-
put text; REL) [5] OBRTHEME N D Z LB 0VH, E
JEZ 2 B IR - BERAT T 2 PSRV, ZDTD, A
7R LFEAH (mel cepstral distortion; MCD)  [7] %
CLAPScore [8] 7% & OEBIFHMIEENIRE S AT WS, &
BlEHMEER O ERE L W 2 L CHEEFHMEi e 0GR R 2 Z b

b BEERRNRE
3-14-1 Hiyoshi, Kohoku-ku, Yokohama-shi, Kanagawa 223-
8522, Japan.

2 RERY
The University of Tokyo, 7-3-1 Hongo, Bunkyo-ku, Tokyo
113-8656, Japan.

*1 https://dcase.community/challenge2024/
task-sound-scene-synthesis
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1 RRT 2 BBRHmEE O

Feature extractor

WEETH S [5] 5, BFOREFMIEEDME & 8
EDMHBIFRW [9].

Z TR TR, M 1SR H7 RS BEHGiTER Au-
dioBERTScore 2R3 5. ZOFEIZ, EHE SRS
(reference audio) ZHH T 2. BEHEBEET LEHWT,

B HIDIAANRT MRS BB L-0b, RIIED
FOEICESWCHlifEZH#HE S 5. o, RIEEER
E£7L2 LTBYOL-A (Bootstrap Your Own Latent for
Audio) [10] % AST (Audio Spectrogram Transformer)
[11] 72 ¥ CHEEER %175 = £ T AudioBERTScore I
R R IR T HE ST 5. EBRNFHHICB W TEREIC
X3 2 EBEHE e OMEBZFRE LAER, GlE 2R
B xRV 2 EBIRHMETEE O T, REFIRIC & 2 ZEETH
EH FHFHE e bR MBI T 2 2 L 2R T, REFE
&, A=Y =20V =¥y b LTAL TV,

*2 https://github.com/lourson1091/audiobertscore
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® 1 BIRMEfEED 4.

Method Training Reference  Pretrained model
MCD No Yes (audio) No
WARP-Q No Yes (audio) No

FAD No Yes (audio) Yes (audio)
AudioBERTScore No Yes (audio) Yes (audio)
(ours)

RELATE bench Yes Yes (text) Yes (text & audio)
CLAPScore No Yes (text)  Yes (text-audio)
PAM No No Yes (text-audio)
2. BAEMZR

2.1 TTA OEREICX T %ISR

TTA OEREF LI LR, E8EEHG e AEEHih (B8R
fili) OWA TIN5, FEFHHEOREZNZBIHL LT,
OVL t REL 2’% % [12]. Ri&EIAREBROME:, %
BETTA DASTF A b & OMEEFHEZ ICAE X 5.
FEFHME X EBSE L ERLT 2 BEHRTFRIED, FEific
%2 R - BT R S ASE.

Z Z°C, FBIEHEECHHRE S 5 (% H#EE v RE 7 B BT
RN T WS, AFETIRE L O B EFHIGZ LU D8
THETS.

o FHHD L . FEEHMIEEE AW/ EEELE L F
2 h &0, EBEHEEZ T 2 EENR AR, 7
FRAMBIUOEGHE & EBEFHEE O 7 — 2 % FHE
LT, AED b EBEHEZ T3 2 28 £ 7
NeHBTHIeTHS. ABRTIE, 20L&
T=RBIOFEEOEETHINT 5.

o BRHD L | FHEEHEE DBRICH W 22T — X
DERE, BXY, L5850 EH. alE A,
BRICHERALETF X P 2HAVS S D, groundtruth
ERBZEEHAVEZLD, HEIVEIERFOAEHWS
DT 5.

o EFIFBETIOEASDD HRL I HAEEET LR
HEEWICHW 22050, BXY, HW35E0EHE. B
B D D 2EED & 51C, FEFHEEZ V20D,
HATO¥ B E2NBEL T 20, FHHFEEHV5E
X, FAFHICHERT 27— X0BETHHT 5.

INBIEHSOWTHEFEREZPELHERER 1I1TR
L, ZO#M%ELITNIRT.

e MCD, WARP-Q: #EZ2 L TZHREZHWVWSF
ETHB. AVTFTAM7L6EHA (MCD) &, &
BHESREOMD ALY 7 A b7 LHEHTH D [13)],
WARP-Q 3 & EZER 27 X > MichEIL- &
DAVIEBEr 7 A 7 LB [14) TH B, Zheo
HIZBRE» L ERETH Z720, TTA DAL T
FRAMDOEFBIMKFLRVIRAD D 205, 4 HITRT
& 5 1 FBIFHME & OAHBIAMR.

e RELATE bench : AEFGEMOHE D D BE)
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THDRI [15] 22 FRE S N/=DH, RELATE X
VFR—=T AT LTHS [16]. REL ICBF % E8l
FHIE T — Xt v P RFIERL, EREL TF R
FDORT 25 EREHHEZ THIT 2T L2 HAD D
¥ETL. D HFEF I ESWHEERAFTE S
B, KEERT—&ty FNOHESKRETH .

e PAM : PAM (prompting audio-language models for
audio quality assessment) [17] 1, 7F X+ & EF DX
B¥FEETAEHAVT, HBHICENT 27X 70
YN EREDCFHEEZHE T 5. PAM ZZH
RETH2BAEZFFON, TFAPLEHEONT—X%
AW HFEEPRETH 570, ZD XD BT —
ZDFET 2T ULIEHATE RV,

KL TIRE T % AudioBERTScore (&, MCD %
WARP-Q tFUKL, ZERLTEREZHWVWEFIET
H3. FEDSHEIKELRVEAZRS DD, B
BET X SRHEEM, At CEOUE) FHROSEEIC
&0, EBEFHHMEE oEWHB 2 BiS S

2.2 SpeechBERTScore

FBEHEE & AHEE 3 2 BEEMlEO R HIE, TTA RS
TTFXFRAMERGHICBVWTOHREDNDHS. Z OKBIAH
FEEE DB & LT SpeechBERTSocre [18] %% %. Speech-
BERTScore 1%, HASHEUHEDH DT £ A MEREX R
WZBWTHRE SN BERTScore [19] IZHDWTERGET S
TW5. BERTScore 1%, £ SR ZENZID» 5
MREEDIAANRZ P ARINZFE L, Z DRI OREME
ZeHiifEE 5. HAHAEID D %E € 7V Bidirectional
Encoder Representations from Transformers (BERT) [20]
EROWIDIABR Y PVETR, B X, RIIE O 7
FARXY PR LZBELERRICED, S0 HH)
FHfi % B LT\, SpeechBERTScore 1&Z O, HC
HMd D %E (self-supervised leaning; SSL) €7 L ZEHH
WAL L7271 (121, HuBERT [21], WavLM [22])
WCEIRS 5 T, GRlEFDOHIFHMICRII L TN,

AR TIRET % AudioBERTScore b Z Diiitrz ks,
BRRNZIE, HDIAARY FLVORMICERESERET L
ZRHT 2. ARTIEEI LI, BESTIBI2RI7 54
XY MHEZBEL, BB EEZRERT 5.

3. RETY 3 EFHMEER

ARETRIRET 23 TTA OREBMIEETDH 3 Au-
dioBERTScore IZDWTIER 3.

3.1 EHEHEH CBLUETH
3.1.1 Y5HEERE

AudioBERTScore TR a7 #FH T2 I2I3EKE, S
HOZNZNOMDIAANY PRI ZES. T, GK
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HOWRHE S = (s, R |t =1, ,Tyen), SHREDWK

%%R:(Tt€R|t:1,' ref) ZE%IET% Z T
Tyen & Tret uJﬁz?%bﬁcmm. S=(5,eR?|n
Lo Lgen) BEUE R = (7, €RP | n=1,-- | Lies) 1,

EFhENn S ¥ R ﬁ>6¢vﬁﬁ?ﬂitﬂ%§%ﬂﬂh\'€?ﬂﬂﬁdéht@®
AABNRT PAVRINIZRL, UFOKXTREINS.

S = Encoder(S; ) (1)
R = Encoder(R; 6) (2)

22T 01F, FHTFEEAOREIHED T X — 2 %2R
F. Lyen B Lot 13, ZNEN Tpow BEX Tr &, 1
HHEBRO 7L —AL— M ko TIRES NS,

R AR OBRIIIEREE? D 5. il 21X, Trans-
former[23] WEOS S HEHAD D FEHETVEMMT 25

, BVLWEBORHMEIIFERN, HFVWEOREEII SRR

@’a’:ﬁ?é LHfFEN .
3.1.2 (ELUETY

311 HiTHEONIHDIABNY PRI S BLU R IT
HMLUT, X7 MLHOBEMELZHE T2 2T, 60E
LZRE L ORBEOBMNE ZTAIRRT 5. FHLUZITH
M € REsenxleet 0 (i, ) ZHHOBER My; A TO a4
VHEMETEZ N 5.
8 -7

18]l - 1175

M;; = sim(3;,7;) = (3)
3.2 ROATHE

HOEFICESWTRa7%#HET 2. 7,
BERTScore ¥ SpeechBERTScore THIFI XN TW3, &%
KfE 7 v 212D HEEZE AudioBERTScore (ZHAF 3
5. K2, HASE, &F, RESTOMOREEDEWIC
EHLT, p-/ VAREDEHEEZRET 2. HEOM
FE 2 0@ THB.
3.2.1 RXEICEIHE

BT &, HEH (precision), FHFE (recall), F1
2a7xEtET 5. £F, HARIE, ANEFEDIALDE
7 L= AOWTHLEDORKEZIIGL, 26 %2 T
T5. TRhbb, AHEICEENIERZZHEEN L OE

EEGrEZERT 5. RAMEICED HEEHR precision,,,,
WFTIATEHREENS.
1 Lgen
precision,, ., = Lgon ; j:lr??,}iwf M;; (4)

Rz, HEHRZ, EERFHEICBT 26K Z’%EB 73?
ANFEZTEHEIH, SRECEETNI2BREEANE
DEEEL»ERT. AMHEICE S S HEE recallmaX I3
THATEHHEENS.

recalljay = — _max M;; (5)
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Embeddings of
reference audio_

71 e et
5,062 0.30.055 001 .
|

. [0:47 0.00 0.49 0.29 0.09 ), 0:49 Avg.;

° .007 0.00 |0:56 0.03

¢ea 046 0.43 0.07 0.03

precision,,_,

0.01
. [0:47/0.00 048 0.2910.09 p-norm 03354
'.007 0.00 |015640.03 X

p-norm &

Embeddings of
synthesized audio

)
=

Max l

are
.0,43 0.58 0.57 0.26 0.50 0.43
9 Avg. |

Av,
recallmax recall,_

Only one element
is counted

H 2 #RRECBT2ELEDFE. /£ BERTScore ICHKT 3,
JAEMZ TR T2 RAMICE S FE A REEOIERE
2 KBS % p-/ L 212HD { FE. precison,, recall, (&%
nzh, BEOETHIOITHMD 5 WIEFIH R S el EER L
1%, TOVEEZEET 5. HEHOE, RAMEICE S Fik
() TRNEDEROMEOALZMM T 203, p-/ L AHED
CFHE (B TREYTI2ERSBREAWTHET 2.

ZOMWMER Y HHRROFEIIN 2 EICKREIATVS.
ZLTINSDHEER BHEOFFMTEHL LT F1L R
37 Flyax ZUTO LS ICHET 3.

precision, . X recallyax

Floax =2 X

(6)

precision + recall pax

BERTScore ¥ SpeechBERTScore 28 L7226 D
2a7 V) Y IFFER, co /s B VL) ITESW
TW3. Thbb, HHEMUEDEWRY FLVERFNICE
FicEN G ) 20 BEEDREZEVTWS. 20K
ElZ, BASESLHER ZIHMINSR L 3 258132y
Ths. HASHETIIRED 7L —XD, HHE TEIHIN
FHA RN IR T 272D TH 3.

—7, BEE TR IORENILT LDRILLERWV.
ZFFAE D X 5 ICHRRFICER T 25 TR, MET 58HIA
ARZ PP CEREXEICERT 2720, REREORE
BENTHS. LELEROBESED X 5 IIEMEN T
Rt 25 Tk, HOABDBREBERICH Tz > TILAD
(FTROBIE/EMTRD), FHRVPEHENS. 25 LED
BYNCEHES 2121%, FFREEEZIEZI N R a7 ETF
EOBADNENTHEEZLNS.

3.2.2 p-/ILLICEDEHE

3.2.1 HiOBRKME/ VL% p-/ )V AIER L T2

iR a7e LTHWS

Leen (1 Lu L/p
M (7)
gen =1 ref j=1

L I 1/p
1 ref 1 gen )
recall, = T Z (L Z Mij) (8)
ref =1 gen

M

prec1510n

=1

2HIRT & 91T, precision,, & recall, (& p-/ L L% H]
WTERINS. p=10HAE, MEFEEHEMEE L —%
L, AlE L ZSREDEDIAARY MVHKRERETENR
=L TWa D (TROLIFF/ENZELE) ZHIE
35, pERELTRIZOoNT, FREITFEANRE -1



BIRLIEF RRRE
IPSJ SIG Technical Report

HAMTEH, RELERZ 2B 58 E 2. MR p — oo
T, 88 co-/ Vs (RAME VL) EREIRRS.

BT, AKMBEIREDEEE p-/ VAREDEIER
AR L7ETREEBAT S 22T, R - RO
ERIFHCFHMETE 2 L 53 5.

precision, , = A - precision, . + (1 — A) - precision,,

9)
recally , = A - recallyax + (1 — A) - recall,  (10)
Fly, — 2 x precision,, ,, x recally , (11)

precision,, ,, + recally

0< AT BHAGDANLNR=RFXA—=RTHY, \=15
W0 p — co THRAME VLI —HT 5.

4. EERAVFEM

RETFEOHEMMEZFMS 2729012, #RTIKRICLZH
BRHifE e, AFIC & 2 EBEHMIEOMHBE Z5H R L 7.

4.1 SEERZMF
411 T—2tvh

FHD-DI, SRGLBBEON, BLY, SREIC
W32 FEEFHEEL» SR 57 —Xty VEREHT 5. AR
KTIEPAM 17 D7 A bty MRFHLE. Sty b
1213, AudioCaps [24] 226 7 Y X A IZHIE L7 BRE (2
JAF) v HFEx vy T a v 100 /e, Z0Fy P a v
»o, BT 3400 TTA EFAZHWTERL 28/
BHA0 B IADEEND. BRE - ARETLZThOY
I, THFR M EOBEERFHEIL /- REL, BXU
HOSERFHE L7z OVL 220D 5 EFE MOS {EA 5
ZoNTW3. % MOS fHIZ 10 ADE A 2 FHIEIC & 5 2
a7 DV TH 5. AETIEIZDF—XLy DI B,
ZHE IS 5 REL EBEHAMEA 3.5 ISz R WSIRE
1T TN, BEOWETE2EME 17 x 4 V> TR
filize SBRAF L 7=, ZHUE, REL FHBFHME I 2 8%
FIEOFHME % EfEC IS 2720 ThH 5. REL £8IFF
fifElZ 7T F 2 P e BEOMEELZRIMETH 201 L, ##
RFEIBRE L ARE O & Z OfEICHBE 3 2 BEIRE
i HEE T 5. BUTZDFHMICIX, SBELTFA M
HBEHE L TWAEHERH S, 207D, Ridod > 7L
ERANLTZ. &Y 2 LOREEREX, GRS 5 sec, BIRE
10 sec TH 5.

L 7=& € 7 11id MelDiffusion, AudioLDM2*3,
AudioLDM-Large*4[25], AudioGen-base*®[26] ® 4 O T
Hotz. EFNVOEME PAM [17] 2SI hlzwv.
¥ Y RIS 44.1 kHz, & 22.05 kHz B

*3 https://github.com/hacheliu/AudioLDM2
*4 https://github.com/hacheliu/AudioLDM
*5 https://github.com/facebookresearch/audiocraft

© 1959 Information Processing Society of Japan

KU 16 kHz TH D, Bds 2 FEMMHaRIC AN T B
2T 16 kHz KXY ¥ > TV ¥ T L.

4.1.2 LS

REFEOREMHAL LT, LD 3 2D¥EEFEAE
TLERELE.

e BYOL-A [10]*0 : BAAA=2—=F L%y T =2
(convolutional neural network; CNN) [27] I2ED < €
T, BHOV2EMEHAL:. BARAA=2—TF LIy
U =2 DR T v oL RERBUE 1 oticFE b
L77 L= LNLDEDIAAL (“local”), £k %8
N—=t 7 a2 @ L TE 2 DIAA (“global”), Z
No ZOoDHDIABEFMITTT NG L7 L —
LRI DA S (“local+global”) ZEHT 5. 22
TV —2ADT =) ¥ 73 Thizwv.

e ATST-Frame [28]*7 : 13 J§® Transformer [23] IZ5E
<, teacher-student FEHDET L. 1-13 BOKFH
\EZHEHT 5. BEAIZ ATST-Frame-base ZfHH L 7.

e AST [11]*® : 13 J§®D Transformer [23] ICED €T

H D 1000 7 Z Xl % A 7 T Vision Trans-
former [29] Z HFTFHE X NIzEHAD 527 DREE 7
FANDFBANZ A 27T KD fine-tuning N TWVW5.
1-13 BOBRHEEZMHEH T 5. fine-tuning HADEA
(& Full AudioSet, 10 tstride, 10 fstride, with Weight
Averaging (0.459 mAP) ZfEH L 7.
4.1.3 HBFE
BFHEE LT, #EFHELRELENF (K1) TH D
7L, BIREEMAO MCD [7), WARP-Q [30] % i1
L7-. [ FAD [31] @ ¥h 20, IREFEB X
U MCD, WARP-Q 3% > FOUVRIEHE S 05 DITH L,
FAD 38V~ I igicitE s s -0, D, SR
L7, %7, 2EHEE LT, BR2540HEfEETH 5
CLAPScore [8] & PAM [17] & W\ .
4.1.4 FHfi5E
OVL T:#iFHiifE & REL EBEHliED Zh2duconT,
FEFHEEEE & ORTEAHBIREL (linear correlation co-
efficient; LCC) ¥ 2 ¥ 7~ > DJENMHHEI{REL (Spearman’
s rank correlation coefficient; SRCC) ZFHE L7, 7 A b
ty VOBV TSN OVWTERETEL, 7A MLy b2
R CHBRBZRTRE L 7.

4.2 R
4.2.1 BHHHEBCEEE - BIREK - F1 QLR
MBSO LR, SREmESICBI2EI ol

*6 https://github.com/nttcslab/byol-a/blob/master/v2/
AudioNTT2022-BYOLA-64x96d2048.pth

*T https://github.com/Audio-WestlakeU/audiossl/blob/
main/audiossl/methods/ATST-Frame/README.md

*8 https://github.com/YuanGongND/ast/blob/master/
pretrained_models/README.md
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OVL-LCC (precision) OVL-SRCC (precision)

REL-LCC (precision) REL-SRCC (precision)

—e— AST

ATSTFrame
==+ BYOL-A (local+global)
----- BYOL-A (global)

~—— BYOL-A (local) ///‘

o

7

Correlation
o o o
w £ w

o
N

o
-

o
o

OVL-LCC (recall) OVL-SRCC (recall)

REL-LCC (recall) REL-SRCC (recall)

Correlation

OVL-LCC (F1) OVL-SRCC (F1) REL-LCC (F1) REL-SRCC (F1)
0.5
0.4
C
o
[
So.2 A

ol

0
1234567 8910111213
Layer Layer

12345678 910111213

12345678 910111213 12345678 910111213
Layer Layer

3 BRI ICBY2EI oM EHVTHAE L2 a7 & FEEHHEOHER . 3
FEEORH MM E: (AST, ATST-Frame, BYOL-A) O&R@EH 555N BEDAANRY
PRI Z BB LBEBED S, RAMEICESCHEEER - BEHE - Fl 0%Ra7
ZEMHET 2. ZhoofRa 7 e FEFHEME (OVL, REL) O (LCC, SRCC) @

Fei.

xR 2 FEWbEI ol BAMECES S Ra7ER bS5
Rl B oREZHEM L TWa.

OVL REL
LCC SRCC LCC SRCC
AST 0.368 0.397 | 0.490 0.515
ATST-Frame | 0.248 0.308 0.291 0.343
BYOL-A 0.080 0.077 0.187 0.196

o LICEHE LR a7 & EEFHMGEOHREE L thE L
Jo. Ra7EEE, BRAEIRESCEHE (K (4)(5)(6))
RO BEREX 31RY. AST, ATST-Frame & %
WL ORI ORI THENE W e 23b 5.
IO BRFOEOREIPIREST O XIRERE EATED,
AudioBERTScore I2¢ > T X DR THZEFEZ 5. 7=
72U, AST 3REDE £ CLHBAIEFNIEGIN T 2 DITH L,
ATST-Frame (355 11 B2 SIEMEIICH 2. BYOL-A D
OVL ¥ REL % tt#:3 % &, OVL Tldlocal A3, REL T
% global & % WX local+global @R 2 7 ASEEEEATE L.

© 1959 Information Processing Society of Japan

X, AHBIZX DI local TIEEENRME, 1
7=V 27 L7 global TIIXXAREHRZMREEL TW3 T
HIEEZLND.

HHEEMER T DMEDFFAZE. AST, ATST-Frame IZEB W
T OVL ¢ REL OficEH$ 5% &, OVL ¥ OHED S
WVWE ZZE REL ZBWTHMHBEREWEHADS R 50 5.
ZZT, OVL & REL OBfRZ#N% 79, X412 OVL-
LCC & REL-LCC O#ffB§%7"3. AST, ATST-Frame &
12 OVL-LCC & REL-LCC OficEmWHBIR R o5, %
72, FREH A 12 S5 3 OVL-LCC ¥ REL-LCC DO5%E4
—HERITNARID DRI LIMEL TV Z e h
5, REL-LCC @774 OVL-LCC Xk b 3 &< R 2 EHH
¥ Ex2%. ZhiE AudioBERTScore DA D3Rk % 42
ABDITHLTWEDHIEEERS.

BEWEE - BIHE - F1 QL. precision ¥ recall % HL#g
3 5%, AST ¥ ATST-Frame ¥ $1Z recall 73E4 2 {HH]
WHsb., Fi2, AST IZBWTIX, precision 232 6-7 JE T,
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OVL-LCC vs REL-LCC

0.5 .
.f o....
° [
0.4 e
L4 °
[ N ]
0.3 —
Q
Q
=
o o8
4
0.2 *®
e
[ ]
° [ ]
° ° ,
0.11e ® [ ] //
[ ] , -
o e AST (r=0.98)
} ATSTFrame (r = 0.85)
0.0+ ‘ : : :
0.0 0.1 0.2 0.3 0.4 0.5
OVL-LCC

K 4 #EEFHEICBITS OVL-LCC ¥ REL-LCC O#fiK. #Hf
M AST 5N, AL ¥ Ip ATST-Frame €7 LIBT3
HETH 2. FETINICEIT S precision, recall, F1 D5
BIU 13 BoHEIREINTNS. £/, dHak (K
#) 1% OVL-LCC ¥ REL-LCC D%E2—8%ERT. FLHEIK
D r {HIFFEF LD OVL-LCC ¥ REL-LCC llov¥ 7y v
HHBRET S 5.

recall 2356 8-10 B CABMIC LRI 2EAICH 2. Zhbd
DHHIZOVWTIFX SR ZFAEDPBETDH 5.
RRHRERLTOLEER. SREHLRICOVWTREORE
PRWEL ZOMREEER 2 ITRT. RERTLIE, 312
BOWTEHRNCE WHBER - 728 & 2 a 75 E 03ER
THD, ASTIZ 13 BHD Flyax, ATST-Frame (X 10 /&
H® recallay, BYOL-A I global B D recall,,x TH 5.
Transformer 12525 < AST ¥ ATST-Frame &, CNN iZ
#H5< BYOL-A 2 K& < EF% Z ¥ 55, Transformer 12
X 2 XRIEHM ORI R B e EZ 505 [32].
%72, AST 5 ATST-Frame KO ENZ Z 05, MHED
REIBWTH S, BEEZ 7 X#AIO fine-tuning 73 2
DIRICHFE Lz TRENS.
4.2.2 RREICEIDLKHBEL p-/ILLIZES<HED
Jilet 2

p, A DEE. p-/ NV LAICHEDEHREIRD Anxa7
(X (9)(10)(11)) D p, X (LB TDMRERZTAEL
oo REREX S IORT. 4218 &b, RbEEOEL-
72ASTD 13EED F1 2272V, ADfEICk ST
p =100 BV THRSHREN R, KT p =100, =073
ROMEEDRV. Z207k®, REFHRCBVWOEREEZE
Rz 227 EOEMEIRENS. KB, p=100i
BECHERER LB LR, p=1062p =100 X h d DT
PICRWERER R L Tz,
BONDREE. M50 7 7OEZICEHT 3 L, p =100
WIZBWT AN RBIGHATHBNIEFNICE L 2D,
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K 3 HEEHMEEE S L OFMERGR. &I EBRHTE e oA

SR
OVL REL
LCC SRCC LCC SRCC
Compared metrics
MCD 0.004 0.008 0.029 0.05
WARP-Q 0.241 0.228 0.202 0.213

Proposed AudioBERTScore (AST,

13-th layer)

Fluax 0.368 0.397 0.490 0.515

Fly—0,p=106 0.401 0.420 0.523 0.545

Flax=—3.5p=106 | 0.424 0.433 | 0.546 0.567

Other metrics

PAM 0.595 0.604 0.529 0.556

CLAPScore 0.337 0.323 0.487 0.475
A=0RBVWTHZDOMEAENIFHNT WS, ZDIEehb,

N TR NI ED, E6Rk32EFPHNE LTA
DNICBI2HEZHFEE L. HBREK 61RT. M6 X

D, =4 FTHEZEL RoTW3. LH,»L, \=-5
IZBWT OVL-LCC, REL-LCC 2 KIBIZ R o TW3,
A=—-1EDDBBEICKELTEZ I p-/ VAIZED R
A7 DEAPKEL L LHEFICRKAEICHESI S A7
MBS KE <D, BTERRIELE & IERIER R B LUE
DG ERD ANTAERZRAT7HEL B> TWBEEZ D,
4.2.3 MMOEFHFTMISIE L DLLE

REFE L IEROEBEFHETER O R 2 L U 7. fR
ZRITRT. BEFEOWREL LT, 42188 X0U04.2.2
ik PEEhPhOFAETHREDDDERLTWVWS. THIC
2aAT7HEDRS X — & p NI FHERB X UK 6 12T
HHEED R o7 p =106, A = —3.5 ZFHH L. F7=,
B 72 LB S Tld A s, PAM, CLAPScore D1EBE
bEDLETRLTWVWS.

IRETFZEOMEEE REL, OVL O 5O AICBWT,
RS TH 5 WARP-Q, MCD Z k%< ER2 Zen
o d. BUTHREFEL, FERETSRE ICHED EE
CLTEHTH®2ZeREn5. ¥/, IBREALT R
B32e, MR 23 75 EEZEE LT Flua, p-
INLEBALT Flyagpei06, /NVLDITTH LN
Fly=_35p=106 DZNENH, HRELEICHML TWS Z
EOhb.

SEFETIZ, REFIEDOMEREZ PAM, CLAPScore ¥ Lt
Bl Zhs LU THIBEFRIE VIR R L
THED, FICREL F#FHMiiEX 3&EDH & HBEIL TV 3.
ZOFERIE, REEOEMEZBRILT2bDTHS. OVL
FBEHE ¥ OB O WTIZ PAM OB DD 5
B0, RIFIZOWTESHBROFETEL T 5.
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