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GST-BERT-TTS : Japanese Multi-speaker TTS without accentual labels
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Fig. Proposed GST-BERT-TTS framework. Step 1: Train the TTS module. Step 2: Train the BERT
module using features extracted from the TTS module. Step 3: Perform inference using both
modules.
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Phonemic and prosodic labeling of speech and its applications
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Expert-independent accent annotation method using accent-controlled
speech synthesis and optimized subjective preference evaluation.
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A Study on Automatic Prosody Annotation Using
Phoneme BERT and Speech Foundation Models
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Fig 1: Proposed model architecture.

Fig 2: Confusuin matrix on accent labels.
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An Investigation into the Direct Estimation of Pitch Accent for Japanese
Text-to-Speech Synthesis
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Fig.1: Structure of the proposed model
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Target and Mon-Target Speakers Single Channel Multi-Talker ASR
Ot 72 $8 EfE WHR K7, & &, &% & B ¥X
BE WE, K BE #E 2% Z%F EE (NTT)

AT, BREEESEOSEEROLET BrEEE LFEREEE
RAUGAcmEOSE AT BN - FEMNGEERISHEIH
(TS-NTS-ASR;Target and Non-Target Speakers ASR) %#i2%E 4 5.
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1-1-6 KIREHBETHY AAREEFRRIH TS
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Filtering and Selection for Large-scale Weakly-supervised Japanese ASR

OMNE FFEINTT, FA), BR F#, = EANTT), AR #th(FK)

RS ORLEEERHY T—2 by FERLV-ARESHEEEET
IWOFEBITEITD, T4 5T ET—5RIREHET

W7 1)LBY) S XEFBRYE (CER) 4 EISSNILREDELY
TIVERS LBATES G T2 ORERA L & SHEORDIZ L
DITHRED N L— R 7 ERER (Fig. 1)

B FA A LAEEDT=H0OT—2 3R 5HERR KA 4 VISELSEEHE0
YUdLE BeESMHY ETIERERVTGERL I 74 »Fa—
—UTARILT, EHREEORLERER (Table. 1)
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Fig.1 (left): CERs (%) with various filtering thresholds on the CommenVoice Japanese
split. (C)PT: (continued) pre-training/ FT: fine-tuning/ threshold r. CERs between model
outputs and criginal transcription on the large-scale weakly-supervised dataset.

Table 1 (right): CERs (%) after fine-tuning on samples similar to the target domain, i.e.,
the Noisy-KU dataset. selected from filtered sub-datasets.
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Single Channel Multi-Talker ASR with Switchable Target Speaker Enrollment
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Integrating Extractive and Abstractive Speech Summarization

OMEAE ERYELS, MIEE FIL207 - 7—2 (NTT, inc), WFI ™
)7L, EEESE (CMU)
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Table 1 B

ERERE | Are you a glver of & taker? In every workplsce, thene are three basic kinds of poople: givers, takers and

. Organizational psychologist Adam Grant breaks down these personalities and offers simple
strategies Lo promote a cultsre of generosity and keep seli-serving employees from taking more than their
share.

T If you're more of & glver or & taker, and you can take it right sow. So just cut of curkosity, how many
L) Il-identify more as givers than takers or T 1 want to talk about what it takes to baild

T find the giver pemon in your argankmtion & How do you catch a taker before it's too late? In
0] this Fansy, funny talk, social entrepeencur Adam Rifkin shows bow to find the most paraoid prople in
your organiztion — and how you can create  calture of succmsfal giver.

End-to-end | How to build & cubture of ul givers & How do you build & cubture
o

ure of ssocessd
glvers? In this funny talk, TED Fellow Adam Rifkin shows how to build &
and how Lo build & culture,

of swocessful and generous
ubture of giving and taking
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Linear predictive analysis based on sparsity in frequency domain
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Fig. 1: Estimation error of formant frequencies
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Sin wave analysis using TV-CAR analysis
OftABE— (HEAE)

Rz FRISHT (Linear Predictive Coding: LPC) (& 1966 4, ZBFEREL
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1-1-12  SLASH: E54E & BCHEH D FE
IO I BEARREEEE

SLASH: A Fundamental Frequency Estimation Method
Combining Signal Processing and Self-Supervised Learning

OFER, BEUER, IR (LINE ¥7—#=4a4)

FRTE, ESNELECHEH D FEEEFSOEICERFRENEEE
SLASH #1275, EROESINESLUECHMG DFBICLERE
FHCHEEOBEE ERD, BE - fEHECSWTHOEN I iEETR LI

Spectrogram

Frequency [Hz]

/] 1 2 3 4 5 3 7
Time [sec]

) Pitch VUV

Model | Trained on |p5aRERY T | log-Fy RMSE 1 | V/UV ER ¥
D) : 0.943 (0.043) 0.030 0.052
Harvest ; 0.945 (0.947) 0.045 0.083
SLAsH | LPATTST | 0.969 (0.969) 0.018 0.033
MIR-IK | 0.967 (0.967) 0.017 0.033
PESTO MIR-1K 0.962 (0.966) 0.057 0.098
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1-1-13

1-1-13 REM-HEEMESEEETFEAV/
RIET — 2ty R LR

Development and Evaluation of a Small-Scale Speech Corpus for Organic
and Functional Dysarthria

LNERE HEH (EFRERER)
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1-1-15  FEURICHVS M DIEFELHRTEN

BERMEICEASEEITONT
The Effects of Speech Recording Equipment Types and Settings
on Acoustic Parameters

OFRERL LA/ BREEX), MR — GUmEERX). L@t (PRIX).
HIERE (SRR X)), RERET(RREEX), ZBHET(RRRTX)
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Fig.1:Acoustic parameters derived from impulse response using a
structured signal (right) and safeguarded signal (left).
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1-1-14 Common Crawl Z L=
AREEFEET 2V bDEE
Construction of large audio-acoustic datasets using Common Crawl

FEFHRTERA/NI LLMC), #ZiH—BEEA/NI LLMC), hEE, (X)) EH
ETE(NI LLMC), EsiifRz o (BEX/HX), /NI R (BX) WpE—E(EX
/NI LLMC)

¢ EQOKREEETTILOREICIFSE AERBEEOT—42 HnE
THHH. HICBREOF—TULGEEEET—42 Y MIFRLT
W3 , COMRTE. #Fif-l7—42 Y—A & LT Common Crawl [Z
EE L. S CEIRE RS T — 2 £y FOREEBIEL: .
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43 18000 BFEREREIZ L EFE o T=,
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The AudioMOS Challenge 2025

©Huang Wen—Chin', Wang Hui?, Liu Cheng’, Wu Yi-Chiao®,
Tjandra Andros®, Hsu Wei-Ning®, Cooper Erica®, Yong Qin®, FHEL’
(' BEBKZ, Nankai Univ., ‘Meta, ‘NICT)

AWTIE, BEATA7REEERNCETIERFYLLD
lAudioMOS Challenge 2025 OFIEREREF Lidf=, AF v LUl
320 Sy THIEEN, THTITRUEHENSEH 24 F—LbE
MUtz BAT 7 BEEHERMOMREZBALMNT HELEBIT, by
TLRAT LT DT EEIE L1, 2025 512 A\J4 [CBfESh
LEFESHASRU ITHAE Y a VERELAFE.
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o
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AudioM0S
=Challenge =

hitps://sites.google.com/view/voicemos-challenge/audiomos-challenge-2025
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1-1-117
1-1-17  FERBIERFEEHAHBEEA LT
HEeHBEHYEEETILIZES
TILFHUTY)UTL— b
B4 MOS F38l

Multi-sampling-rate naturalness MOS prediction using self-supervised
leaming model incorporating sampling-frequency-independent
convolutional layer

@)l @, hE B O G, S =i BE FEL

W& SD/N\7DE'M

r ?
Q. 48kHzDEMBEEB>ES /=)
F@EINEVNWTIH? e

A. MSR-UTMOSZ{#EH S !
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1-2-2

1-2-2 BETE-BETEOHNRE:
EHIRBAFELLVBICLHRST

Perception of unvoiced and voiced consonants:
Verification using speech sounds without vocal fold vibration

OMBEBA (K2AR L 2— WiFHEE)

Bi 8|5 - AETEOHNHLEDHFIDFAH Y PREEERE R
BRMENMCERT SRLE SPEFROBEEZALTHRIL
Kk FEEA | FEPOFEHNERE - WETHILYT SEEHEFA
(5 Bi%e [5.54.0) — Bfi%E [5.54.0] t-d [HEEREE)
1. BREaRER, 2. HERDERS, 3. BT vES,
4. ZEBEN K/ A XEE D4 FHERE (Fig1)

HE BHEBEOEAIKRE (12K%) O 1545 3104 HSEHE

¥ BEATE  MERRESRIEETEIS,
B E S OEEIEETSICAE SN S EREER
BT RILE—HFRFELANY 2> TS ETRENE

¥ BhFE - REEERLICHEE, &Y ERLMELIEC
BEI R E—IZ L DHNBEHH~DFEHIET

*Z hOEERFENEEEEOMELIERO FA A VI

Z HESHEOBRELEAFENMYICLE >TSS

Noise-Vocoded Speech

I

o4 o8
Time (5)

Pseudo whispering voice Multi-layer band noise speech
| Skeleton)
[

Spectrogram
frequency (Hz)
I ST N

Fig. 1 Spectral envelope and structure to generate whispering voices
for the experiment. (% tampatsu)

1-2-1

1-2-1  REE - E7/ BRORBETICEITS
BEERBE I —FN\vIDEE
Effects of delayed auditory feedback on simultaneous speech production
and piano performance

OMEESR, HHEX INTTCSH)

¢ ChEFETICHEAL, BEHORESSVEBOET /EBEICHLTE
EEET +—F/\yY (DAF) ZERAL. HEECHTHEE T —F
IRy DEENET / ERLYLEEICKENI EZHLMNILT
x1=,

& S5, HEELREERBICITS MEEEYEMN) 1I2BLT, E7/
BROH SBEEMA5E, BIEFMZ TUVEWREOAISEL
BE2TH VNS FEADERI GO,

S AHRTIE. CORREERMNISSHET 510, REEMETILE
RAWTH Ity FMF—2EHEBLUREZLIZETIVE LT,

@ TR HELET/BREVSRLELES ) T 1 ZERSIHIET
HWRIZHENT, TNThOREEBEICHT 2EA DT 2RI
LT B rlREEA R ST =,

) iR - i piE

DB | o016 0078 | 5707 <0001
¥ | 0182 0.127 3.788 “p<0.01

Be 0.113 0.117 2551 p<0.05

ve | 0048 0.078 1.614 =008

Table.1:Estimated parameters.
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1-2-3  Study on the Contribution of Temporally
Stretched and Compressed
Instantaneous Modulation Components of
the Temporal Amplitude Envelope to
Vocal Emotion Perception

% Taiyang GUO (JAIST), Takuto ISOYAMA (TMCIT), Shunsuke KIDANI,
Masashi UNOKI (JAIST)

# Instantaneous modulation components (IMCs) of temporal amplitude
envelope contribute to explaining vocal-emotion perception.

# Aim: To clarify whether temporal stretching and compression of IMCs
contribute to the restoration of vocal-emotion perception.

®Method: Temporal stretching and compression were applied to the
IMCs, the emotion recognition rates of time-reversed noise-vocoded
speech (NVS) were compared before and after temporal
manipulation.

# Results: Time-reversed NVS achieved higher emotion recognition
rates after temporal manipulation than before temporal manipulation.

4 Conclusion: IMCs contribute to restore vocal-emotion perception.

i al..-m‘
;se%| T

Fig.1:Example ofgmolion recognition rates for hot anger: time-reversed
NVS before and after temporal manipulation.
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1-2-4 ~ 1-2-7

1-2-4

1-2-5

1-2-44 RIEEEZERL-EGEFOERFE
B IV EERRIETE

Emotion-constrained advertising speech synthesis
and subjective evaluation

ORFE, REAR—, HEEH REEBNTT)
& EFELEONERIM E BB ARORBRIIIERRZ (cratopadnyay+ 2009
> B L MEESOBETEMEN T TIUZL Y ERBTRIRE Nagano+. 2029)
> BELEEESMSEHTHL, BEEEELCFEEFEETIICEST
WHERESOLEB LM TE DV ELREETE
& EEOHKH VI LOFELEETIV TER LI-BEEDLE
> CRRE CEEEREA VIR Lo (K - WD) omilEmMAL
Constrained T /L&, $l#%E-1L ) Unconstrained T /L &5
> 2 DOETILTEM LI-EIRERE A - ERHnRRE=EL .
HE S AMRES OB R AT
# Thurstone D—xittEEE L h A ZFRTEIZ & S04
> Constrained 7513 Unconstrained B & U BB & Busish TR ZE L
> Unconstrained E7/UIIEEASE 425 L IEEMN S E Y0 LFD
B2 — L OHEFE LTULRREED H D
> BEEEE L -EREFEITEEROR LICEHTHL S L ETE

@ initial & Uncomstrained 4 Constrained

Closed —_— —_—

-2 - ] 1 2 3 5
@ Initial A& Unconstrained 4 Constrained Scalie value for Pleasure
Ciosed —h— —— Closed ] e,
Open e —— Open ® ==
0.5 a 0.5 1 15 2 2 A ] 1 2 3 4 []
Scalevalue Scale value for Arousal

Fig.1:Thurstone scale values for purchase intention. Fig 2: Thurstone scale values for perceived
Pleasure and Arousal.
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1-2-5  FFIURABEDNZNEERIZE TS
BEETHIEA55E

The relationship between subjective impressions of announce voices and
customer’s behaviors in a store

OHAM(BALIZCED), AFHENE, A LTSN, ATHEE—H(TOA)

& [ERICHT HFEEATHICE BRIERESO- R EETD

SERERO 55, BGM AEERVEBIE L BEGBICEX A58
WTIE, EERHCBHAHAERN I THh TV

¢ LML, 7HOUABEORE RN LHERN R 5%
FITOTIE, EEBREFERICBITAEICLEFE->TLVD

& FCTAIETE, FERVVBOTRMREE, =EHCBTS
FEE TR E OBRIZHEE L TRETE1T o1

S F—OIEEERANT, (DEEEEE (BUL—ELY) EUEE AT
4 T—RIT 4 D) O28T, FMEFITH TR HEHALRIE
MiEEh AL SBRELET Y R EE AR LT

SR L-BR ALV TERERRZToI-EER SRZML-EO

MFELaiFs) & EHHLERE L ORICIEOEREEFEITRE M,

CHIFRITHR L EERNEHER THh 12

ST, MR LI-ERERESHTRL, BETHIZOVLTHA~N-ER
fERif0Ic DDIBATERREAYE <, BUREA R AT« T (22D T+
VABBEEZAVVERICRLBEE MBS N A RREEA R SN

*1-12L, COFEHCHTAEEMOEHREIEE T, B
A EROFED R TETLVEL:SD, EBELAZSHI-FEDE
W& DRBEEITHAOEE S DWTIIE R B ETHS

1-2-1

1-2-6 BRI EETILICES
BEREER~O7IO—F

Application of hearing loss simulation and auditory modeling for exploring
auditory perception

O AF #% (FnELA/EEX)

& BEEETE D 2 T L WHIS ZFUVT, fEEEH RIS 20 (D
BEEBLFERLTE . ATELHLTEY., BE¥a022 4
12 RS CIEERR I ERE & REBAUIGA. 2025 £ 5 BS ThfiftE
HEEOERAOT TO0—FO—H5L LTOFBAERN L=

SRERTIEL. TORORMEMIHSEREICRL TGRS,

SWHIS DEMLLDIFER T LR IZHENT, 2E0ENEL HLow
HYEEBIAYATIELE HL oot & RTNRYA38K HLpes D dB L TOME L TR
EEhTVS, & 2AM =245 S L bIFEEDLL HM LT,
Fig.1 DIBEOAHABEY (HOHVITHEFEDREESE ) OHEEH
PWETHHH, MSAEEIFEET. FEELTHE-TWS,

50

Qutput re. Abs. Thresh. (dB)

=

-20

0 20 a0 60 80 100
Cochlear input (dB)

Fig.1:Cochlear input-output functions of normal hearing Fio™?, degraded
active process Fio™? , and total hearing loss Fio"-*%), Compression
health is represented with a parameter a .

127 pssm) BRI REERE O
Development of tests of auditory temporal resolution
OFAES (M)

& EEF LHRREC & 5. BRESRO A REREOERI ZR /- Y 8
HEMERT B

¢ BETIHRERY L IREEBEOMERNER{T> & & L, ZEST
ERWHC ETAERMZEC T LZHATIAS,

@ ZEST [F-_4 AOFEEI RS =, 2RAEHISHT 28 MEOREIZIG
CCRAEDREZEREME LEMASTERL. ChERYRT LT
BIEBEAHORMBEISET & 31295,

SFEFTZalL—2avie FTOREEREHFAL. 15 FiTFEE
TRHERENTTT 5L 312 Fig.1).

S AEEREN SREAMEAHEL. BEETRHBETESMO 99%R

(4.47 msec) HBSHEINERREDAISH DEFTOERE 1S LAV

shi=,

W (N=121) e HI (Mo 23}

=
qiT ) {msec)

Fig.1: Threshold estimates of simulations (left) and human measurements
(right) of gap detection by ZEST, as a function of number of trials.
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1-2-8 ~ 1-3-1

£1H 98108 (k) H2RF~ K325 (7)

1-2-8

1-2-8

(AR RREES N SMEmY B
Hearing impairment and Listening difficulty
OR%E S (e ik B aimEs/ B E)

& HETEHEEORE T LRITEE SN, EEEHIRE TN
BEOE FIE—RISEIET HhI1 TN,

S BEHBEOSLNEMHOES. BIRREREDIETICLHMERY D
BEH RN BRI 0ISE. B ORISR OCERINEEED
HlLIZ&HHZETMYDOELLA RN D,

& IENHEIINEETIIETHHN ., BT HEYHIEIIFEL
LVDVEELY,

SHEOLZWNZLhANhL T FICHE T TOMEIY O EE. [EEHF
BIOEH(EEORMERBEL) | BREOEH, HEE0E L E
SEL0%, HEIYEMEOMSTELAS,

¢ TOESMOLBERELT, TEXRMG SBEEE, FTES. BEAER
RIS LI E OFEORRECEAEAEDRIENHEL TLSIEN
feiish T,

@ 5 ZERAMSRED 55 5 (attention) AN KE L ER LA TV A ATREEAS
fefEshTLVA,

& SElLEEE CRIL THREICAvh . MEIY BEE IR SR EmEE
SOV TZDFCADHERERERIICEDLSISFHEL TLL<DME

EZT-N
1-2-10
1-2-10 BEEBIBTI2BRAETREICLD
B+ TRAEEDETREMYE
—Paired-click RIEEZ AL V=
B A SSRGS & B AREE—

Potential cochlear synaptopathy induced by high-level sound exposure
during musical practice:
Evidence from auditory brainstem responses using a paired-click paradigm

OBFTHZE, WHET (AMASR), IWEFRTNTT CS 81,
HNEA (BETEEEEE AR AR IS H5R-NTT CS #),
HEFBERINTT CS BF), FAS (AMKFE)

@SB+ TRHE (cochlear synaptopathy: CS) [E, MEEHESIE
R OO A TRIZE L AEETHS.

@CS (&, EABRECMRIC&E >TELIBFI-BIT IRHOES T
HEEDNREATIVS.

S FAIEE FMIHNTCS #RA HFEL LT, paired-click FlZ3d
HEEMERESRIE (auditory brainstem response: ABR) #iRE LT
(Fujihira et al., 2024).

@ FHETIL paired-click FFI=xtd % ABR #38EL LT, MAEH
=L D CS AURHATREN E IMERIE L=

SERTIE BEEEFHBToTVAE (RER LEREBON
L BF GRlEBEY) I2HLVT, paired-click HERIZxtd % ABR #EEE L 7=

& TR, BHLAOERS ESENGI TIIEEICEAR Shih
21=h3, paired-click T =35 % ABR [ZH LV TRERHSHBIICH
ATHEIELMEFTR LI (p=0.009).

@ Paired-click ##I =54 % ABR X, £ FMZHWLT CS 25HEd 258
IR L DRI BB,

1-2-9

1-2-9

FHOKEMBBEADHZENEIL

Developmental changes in air-conduction pure-tone hearing thresholds
in children

ORKES (RIEA- ARELE)
& PFRCRH SN2 HORET—2 [T/ SV T HEDO A
SURHEEOEETL, FORENTIZOVTERLE.
¢ TOHER LITORMBHLMEEoT2
(1) BEAIL 10~15 BITHFTREBIZHL L, FORTNEN - TE
FLTWLK (Fig. 1),
(2) HRIRUEREDE L 2FEETIEAETRH NI,
(3) BADEAZE (IBEEDS) (Z12~15BTRL/NE L, BRS
{HEBIEE, TOERIETTAERIZHS.
® ThoDT—2RUREHERIE, 1SO 7029 (FEHANEDEMR - B4
RMEEHOST) ORMEETIRIZENT, HREHE 18 BRRICHR
T HOORAREERE LTEMIERATESLEEA NS,

Age yrs)
P » n
10
. g
g e E
3 e g
= £
£ —— 2
i

Fig. 1: Auditory thresholds at 1 kHz reported in the analyzed studies.
Solid lines: hearing level (dB); dashed lines: sound pressure level (dB)

1-3-1

1-3-1 ZEREAE(TE ILRMA LSRRI HHY
SO HFITEERE S BITIIHEE
AW FOo— ig#v ook 70—
[Z&HEFEHE
Speech extraction using microphone array on UAY

by spatially regularized ILRMA
and rank-constrained spatial covariance matrix estimation with noise prior

iRl L, B %, EE F(RX), Adin Xuan Teh(The University of
Auckland), ABenjamin Yen (F1%2X), BIE #5%§ (The University of Auckland)

®IAFE, FO—2IC8# L=< 4 9 0R27 L—IZ & 2 EE BT
WEHBEOBEICALWTERE SN TEY, ZREANEFE ILRMA
(SRALRMA) £ &£ TXRCSCME 23D { FHAER L-EHLH5.
¢ AR TIERCSCME IZH LT, FaICEHAIL=TI/ 4 X&FEALT
Rt LIS B REEAL, BUESOERETILESTRER
—fi#{k Gaussian AR5 LT-F&HBAT 5.
3L —a FRICEY, AJISNR A -20 dB LITOiBES LR
BB AREFZOEUMEEREEL-.

Fig.1:UAV (drone) system with seven microphones. This
picture was provided by University of Auckland, CAL.
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1-3-2 ~ 1-3-5

1-3-2

1-3-3

1-3-2 VT U VKIHEICE T EEEE
AIREIC Y A RHI S IR
Generative Speech restoration with Reverberation Control for Content
Creation

©thE E(MK/Google), /IR &S, MHE it Scheibler Robin, &)I|
j&F, Guevara-Rukoz Adriana, & #if], Bacchiani Michiel (Google)

BREDHLIEFE-OT
EHEERLCONT

EFIFSTY,

1-3-4

1-3-3  SpeakerBeam-SS: REZEMETILZ
AW-BE75EMFES

SpeakerBeam-SS: Lightweight Target Speaker Extraction
with State Space Modeling

OkMER HART SHEA EOSA S50 SREs,

KHIES, @ILEAE, 7207 I—2 (NTT)
=
- YTNE A LEFREE B ART DICHEREE LN TR
> EA L CPU1 a7 TREBRKIOEESMLLE 1 (2iRehT=1

- ETFIVERLEMEOEIFEME LT, RAVTERAFOETIL
EIZBVWTHEIMA RSN TV SIREZRIETIL (S4D)EEA

(@) s - . ;

=1 d=p d=1 ks
By |34 Bl 2
Ell> x = x = . =
et s |55 I8, 28 DS, S8 Els | E snhancs :
mmnrn—g-j a-g—g-g-. -g-g g-g. _E :_3.; ’E_.a.mn;n LayerNorm
SIE 9% B Bl | Bl Bl| EE 8 S
3~ E =4 =) = i < s
u u Linlear
e | ——— x
xRy xRy GEILU
54D

eneoliment
spesch =——
5 L

Learnable

Speaker Encoder LayerNorm

Infut

& ;T{f5EEE (Average Precision [%])
- MEREZHERF L DDEEERILL (RTF) 78% MBI ZRLZh

#Block Complexity SE task

System repetition  gparam  RTE  Latency SDR  DNSMOS

X 1 i [ms)t  [dB]T  OWRLT
Mixture - - - -0.45 244
Baseline-noncausal 8 869 M - ) 1363 340
(a) Baseline 8 869 Mw, 167w, 125 11.10 282
(b) + madify 1D Conv param. 8 1091M | 054 20 1141 29
() + 54D (SpeakerBeam-SS) 2 793M% 036" 20 1158 295

1-3-5

134 GRU-Based Low-Latency Noise Reduction for Indoor

Hearing Induction Loop Systems
#r Ruiteng LI{Waseda Univ.), AKanyu CHEN(Keio Univ.), Yasuhiro
OIKAWA( Waseda Univ.)

@ Background
Hearing-induction-loop systems (HILS) send audio as a magnetic field to
hearing-aid telecoils, but real signals are influenced by coil non-linearities,
electromagnetic hum, and HVAC noise.

@ Methods
We captured 3 h of telecoil speech in a 3.5 m * 3.5 m multiloop room and
retrained four enhancers—STFT spectral subtraction, Wiener filtering,
Conv-TasNet, DTLN, and an 18 k-parameter bidirectional GRU.

@ Results
Running 8 = faster than real time (RTF = 0.12), the GRU lifis PESQ from 1.56
to 268, SDR from 08 dB to 7.6 dB, and STOI from 0.74 to
0.91—outperforming classical filters and coming close to the heavier DTLN.

Fig.1:Waveform and log-mel spectrogram of denoising methods.

1-3-5 AIERTYTHAXEWF| ALE [CEHEE
EEE AR
Cartilage Conduction Speech Enhancement using Variable Step Size and
Parallel ALE
*HEBER, TERK SREHEZ (jflﬁ‘;‘tﬁ-%ﬁl?ﬁf). HEE A (RHER
=T
& F—7—F BBEEALE, AIERT v T X, WHIE ErS4
* HoFEL
B, FEOADRE LEDERESED, BEEEHEGEETELE
HOFIATESF—T oA v—ROEEHENERLTEY, ZOVLED
Thd MBEE) #REALI=T/ A AL Figl ISRTESICEEEL G
LEETHS. COLSLHEE, BiREICRESh-<( I TEERL
EEHMREELESIHESIND Y, COESEFEEROLSIZTOE
FET A TIE BELEEOLEELLIGET 5728, ESHEEL
(SN tb) I3REs ceiE s hgi
ZLTHABRTIE, BEERTFICAPEEZETLERESE
Adaptive Line Enhancer (ALE) 1=k Y3RASIC34EIT 42 LT, AFISN
HABLEEMERETTO SN thEdE L, EF0HERER EEE5.
Fiz, ALE [ZRJER T THA 4, Fig2 IZRT & S GAFNNEERAS
HTET, JEEDALE ZALVHE LY 1 SN HaEEm L #BiET.

snaaian

azoas { meem
Py 21

nxun
i

P SRRSO RASE O RRERRRO L LA ey
Fig.1:The mechanism of Cartilage Conduction Fig.2: The block diagram of Parallel ALE
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1-3-6 ~ 1-3-9 £1H 9A10H (k) #3483
1-3-6 1-3-1
1-3-6  HEEMEMREL-ZEHEMRICHEITS 1-3-7

I7RNEREDT-ODERDEE

Blind source separation for leak sound in
air-controlled equipment for railway vehicle

Othlli=%, KBRK, AHERE(EEHAR), HEE (R IE)

S FHBEROLERETIL SMIRESJUVEERENEBHE LT
FZL. BEFICBLVTRLE(ERINHLDEI TR THA.

& AR TILE SNR BH T xR & LI-HRINSR & A L 2500
& LI-BRIRE1T o 1= ESNROBRIIFHFIRONT0 R L,
TR EOFFAIRE LOERIC L YRSHENEDET S

@ erSSNMF CIEETRRINEE DT 2 T « A—3 3 UATH, BT 7R
NEDREFIRUVEDT I T 1 A= 3 ATHIEHET 5. $fil
I7RNEOBEHICETPERERLTHEY, B/ EEHA
FAHER1 DEZITSNR HH925dB THot-

S SRS URESIHEE LT 7R EOE RSB TEEL S
EEHERLI. COIEMS, {ESNR EYTORIMALTH-TE

erSS-NMF ZRLV-ERSEAIMHFTE 2.

Spoctem o WMF

r——

Fig. 1: Leak sound with back ground noise.

Fig. 2: Estimated by erSS-NMF.

1-3-8

1

B8 LREED MTF 2R L #2881

Optimization for Improving the MTF of Impulse Response
BAHIE (KRR, TERA, SREF—=
BORSIZE>TELLHEE T EFAREZETSELEEATHAL.
{EXED MTF-RIR-reshaping Fi£T[d Modulation Transfer Function

(MTF) ZAEL LIRERENRRSN TS, THEREES -
&, BT L L— MR CIESERM TN o fz. FIETIL MTF
DHFIRISHT HEIRMAEE TOMENLEEAHAHTHERAT HC
ET, CORREERERLR.. &5IC, DESHERICE S (Bt FEEE
FL, MTF MR E D& 3127 1 WA RMEREHT A5 ERE
5. EBTHE #HEEITEENVHLT) 2T L—MNERITR
48000[Hz)) ClIEME L i o 1=, CD K S H T o L— Rk
WTH MTF AmLEL, &K TO0.0867 MEELFERSN- &z, BE
Bl 1.8 FMEED A 2 ULRAIGEI IREFHOEAEREIT oL Z
2, BEERN O ELERIhTEY, YT U IRETTY
TELTEFS 5 amLi=

MTF

Modulation Frequency[Hz]
Fig.1:MTF (0-20 Hz) of the original impulse response and the impulse
response filtered by the proposed method

MWSC [2&5 2 2/ 90/KR TOD 3 FRNEE

Three Sound Source Separation with 2 microphones using MWSC.
*EELF, EHFH, AL (RERERAR)

S TRMMFTEL LT, EROEREAMITINEEEEZHL = MWSC
(2 DIEAMRAFEAREIN TS, FEED MWSC [Z&k>TH
HENDHIEEETIEL2 ERODEICEEY, JYSOERESHE
9 BRI CEROBEIT O CEAFARETH o 1=

SMWSC [E ELHEMEPET SEFRMESEZE LR, <
A VMBI CDEERBMES £ L IEREAF T LIEREERA
T HEETHH, MWSC (& > TSI HIERMETIE—EDRA
123 L CIERBEHIERR ZF 2 £ WS L H 5.

SIE|ETIE, BT 2FRIESThThITH LR S EhERRIED T
ETH_EITEBT S, TLT, BRARCEISBHEREAHAIRIL
TWHEWSREIZEDE, MWSC Z3RL 2 717 0KRUIZLD
3 ERAMET .

®12%ESH MWSC TRALT HiMAIEE Fig1 1279, BITREND L
SHhmiEmiEERANT. HH—FAR0ADERESOMHEZETS.

1
g !
& i

- J 1\
90 2 [ 90
direction [
Fig.1 MWSC directionality used for 3-Sound Source Separation
1-3-9

RIBD 7 U w > 71EICEY
Lipschitz 385145 % 1% L 7= DNN

Provably Lipschitz continuous deep neural network
via clipping of amplitude spectrogram

© thAMNY, MEE, RHEEEF (RIKX)

HEE S : Plug-and-Play (PnP)
7T X LhoiriEEFAFE%Z DNN TE &2 244~
DNN #% Lipschitz E& TGS » INREERL S

EEBESNETIE, AR MR TFLOREEDH %
B B (Figl, &) AL <HVWSLNIS

RIS FE 2R DNNg, % Lipschitz @SB 0IcHL T
2fk & L TIF Lipschitz E&TH L
AR : IRIFLER DNN (CIRIEOZ Y vy B FiREEEA

1IRET 24855 (Fig.l, &) & 1-Lipschitz #ECHI5 L 1=
DNNg, #1132 & T 2-Lipschitz ##ic 4k 3

72Uy B THEN PP T - BREBRET LIV LD
INRMEEWE 45 &2 ERAICHER

|-| ||DNNg, |-| |+{DNNg, b mm]}
(=) L]
sign

Amp : DNN¢ AmpCilp : DNN™

Fig. 1: Conventional (left) and proposed (right) DNN architectures.
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1-3-10 ~ 1-3-13

1-3-10

1-3-10 BHREEEREREICES(TSY IV
P39 O—RIRE-KERDEFRHEL
BEULCERIEDER —

Primary calibration of infrasound sensors by the liquid-column-type sound
pressure generator —device improvement to uncertainty reduction and
realization of phase calibration—

Yo TEE (ELT-RALER/ TRISRED . LB, SiRLE.
AFFEZEEA (R | IRAE— (FALER BRI EE

S ES 05 Hz LT DRSS TEE LY O—RIXEXAIEE T 51
0, BREEEREES AP, WERRMEOESISEET XS
HAREN & EHBREADFHGA SRR,

& FHE : SINKEDo. RS ERB L. ESHEEEA, L
1F & 5 BRAY Z 520,

SR 1TET A - Ok BK4160 OEEREZERE - (& LIZTR
0.01 Hz E£TFHll. RIELEDIERTRENS(IERMOEX 26 dB
M5 03 dB £THE (Fig. 1). 0.1 Hz LLETHEER (L—HER b+
UikiR) EDESERER.

& 5% ERFEREECH (T S BEEORIL. fHEORED S 3T,

. « Liquid-column
% & -25 & existing calibration method
-
=82 st %:} {;
107 107"

Frequency (Hz)

Fig.1: Pressure sensitivity modulus of BK4160. The error bar shows the
expanded uncertainty (k =2)

1-3-12

1-3-12 BHAT4—FN\vOET RS ERTIE
% WifFEIRRE A LT RIRRABARHT

Oscillation margin analysis of electricity-feedback traveling-wave type
thermoacoustic generator as a four-terminal network

O/MHES (REEHK)
S BB BH T 4 — M\ 2 TREREERTE Fig1) O/
k. TR0 ERGERENET HIMERERDEETY—ILEFE
& AR . BEOFEBH L5 DN -ImEER 3T 2 RIRRIBART
SUEEFELEN (/1 ¥R FREYMIC L DUERORBIIFL . B8
EHRIDR MK (iNFIREREOSEETFE. . SEEROADHERIIEE
& 770—F : (YRREE, SA-RERSREMIEFERE S A LT
ELEEGEEHE; (i)oY Bhvh RSO T IEED ol & 12 B2
FRAVWTEESN-BHENE=FIR. TOXES=FER8E
@SR  (\RIRATEHNSEAICRET 5 ; (i)fEEE a4 JLEEM
T HLERIRRBIARE (LGLHRNHD . ERRUGEETEICES

Fig. 1 Experimental apparatus of electricity-feedback thermoacoustic electric generator

b

Fig. 2 Frequency res p SE !‘f(‘(‘f"\u&k power Fig. 4 Nyquist plot by existing method

Ap (W)

-0,

1-3-11

1-3-11 AYRRY OEEEHIHD 1= O F{fli =
ERREREE AUV FERENT

Analysis of a headphone through an equivalent circuit and finite element
method for external noise control

whugitiE, SSEe (hRK-EI)

S FHRTIE, A V— UEBREREFWA L-PWEETIL (Fig.1)
ERALT, Ay RV OBHRIT R USECBT 2ERE1T .

¢ V= LOBERERETILETOMD 1 BREEERIL ThTh
FRERE~ & >THRET 5 L TERTZ1T 2.

¢ FEETILERNEETIZE T, A ¥—/y FORIEIZES
HEOELY, A Vv—L o LORARIZ & HIETEREDBLE LV > T-HiE
ITET HEEEITI. ShiZklY, A~y FRVOBHEREIZDLTO
BEFED, BRAETILORERLEEET.

Ear pad

Ear shell FRARERER
" \ ....... P~Lrcaq: Rreaq
0 ol - g b

Sound leakage

L N

- & o~ Kment » Timent
B c
M e / i~ Diaphragm
+ s b s - N 5.\
Driver of headphone =| "+ + + + o i Edge

Fig.1:Physical model of a closed headphone introducing finite element
method to the ear shell

1-3-13

1-3-13 Temporal super-resolution of
optically-measurement sound field based
on latent diffusion model

©Hao Di (Waseda Univ.), Kenji Ishikawa (NTT), Risako Tanigawa
(NTT/MWaseda Univ.) and Yasuhiro Oikawa (Waseda Univ.)

#Proposal:

» \We propose a latent-diffusion-model-based method to achieve
temporal super-resolution of 2D sound field images obtained
by optical measurements.

4 Method:

Latent diffusion model

| L it Output
Dlﬁuslcln
i
- - m .

Fig.1:Inference mes&muwlemralswnd-ﬁeudawaepmmdbwhelamdnﬁusm model,
wherein VQ-GAN as autoencorder transforms the data from the pixel space to the latent space, followed
byprmessngwﬂhadrﬁwonUNe‘t mdamseqmnwmappmgmw:hepwelspaoe After T time:
steps, the desired i frames

#Results:
Next frame

NN NN

I

FgZVsudmnpbsofgemmmdmagesforswndﬁehdambywmoansmdm
methed. Our method i I‘rm'leswﬂ'noutnoweahle

degradalnnanddemonstralessupenotpeﬁormm pared to the
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1-3-14 ~ 1-4-3 £1H 98108 (k) HEIRB~FA4a5 (1)
1-3-14 1-4-1
1-3-14 141 Fu\BEERYHIBERIN—TR

HELBAZ AV RO =HDMBO N REL

Convex optimization of phase for vibration measurement
using structured light

*HFHEF, FRER XBHEFERIN

Fourier Transform Profilometry (FTP)
= @SB (B AW =R RRFE
AEMROMGIICECAEOELr o B S EEHE
= HRERICESN BB H D LRENELS

v

FTP IZh 1T B E 2 RBLME L L THRR
= FLRAERO 5 HERAIL o WiEE O (Z FTP

Proposed method

True phase modulation  Conventional method

Error map (Conv.)

05
o 2
-0.5

Fig.1 Error between estimated and true phase modulation

Error map (Prop.)

J

1-4-2

1-4-2 FEZEME$ OE) ORRBAENTICLD
SEEFHEIEDRE
Exploration of a speech evaluation method based on frequency analysis of
the Dorsum Excursion Index (DEI)
Yok RE (LEX/IAIST), Fid BT (EEXR), #0 2 EHETEX.
SR B (PRRFE BE (EER, LR AF (RBX

¢ BELHANGES 7 BENRIC, SETRELBOEEHE, BER
s CEREEL -

& EFENSFEEEEM (DE) 2L, REOERELEAS
f-IsER Y T —T Ly FERFIT o=

®F02 [3—8 L TS S - 1A, BAED —8E < i2 o 1558 (FO1,
MO1, MO2) 45, eHELIBEERAMEA M -1-55E (FO3, FO4, MO3)
HLV=,

MI \ u_.gl h-,gl

Fig.1: Time-frequency analysis of Dorsum Excursion Index
using the continuous wavelet transform. The colormap shows
wavelet coefficient magnitudes, with darker colors indicating
stronger signal components in the corresponding time-frequency regions.

~yRtyhDEIE
A prototype of headset-style ultrasound probe holder with damper

Odt# Eth (F@AX). el BieT (EFEW. EX 5%
7 B MFX/REA) AR BhEFETYD

& BEHEREZAV-SEHOAICE UV TIE BERIn—JTok
ELEEEINEHTEETHD.

& Jo0—JEEEOHRT I 79 bR A U F— FTHS UltraFit [,
BEENhi-TO—TH TROBE ZEET RN HS.

¢ ChoOMBEESERT AL FEIEL, T0—JREICH vy Wi
EfE-tf-~y Kty FERELTLS.

S FARTIE, 515 (Kitamura & Nota, 2024) |ZeB #IIZ F=5tE
2EERBNL, FieVEHERBROBRERT.

Hl @FK7o0—JEER~NY Py MRS (B & B B

1-4-3

1-4-3  EERRAORBREEDEVAREICEAD
2

Effects of the extent of maxillary sinus opening on nasal acoustic
characteristics

YOREBIE, ABENE MAGER(FETX),
INEFES, AKAIHIEA BEEKX), dtATE (BEX)

& FEEROBRFEMRTIL REREURT HI58 L. TOERADIEK
BETYRT 156055, COUIRKERDEN D REIZEDL S
FEEEZ DMEETFEN L TEL S 2 L—a VTR LT

& {#EE 1080 CT 7—42H 5 BEIRERLKEHH L= ETIL (ORG),
SPRZEEA IR LI=ETIL (UP), $RZSE LB EUIRLI-ET
L (MS) #EREL, FDTD A TImElEROTEREEMLL,

S TATOHBERED UP & MS OIERSIZ(E, 800 Hz fhAIZKEL
E—%, 1~3kHz [ZKEHT 1 v ThER STz,

*TATOHEBED ORG & UP, ORG & MS OEHEITEEIZRL-T
HE AL UP & MS OBFBEIFFEICEL>THE S hEh o=,

& LT, HEROMMEMTIE URRERICE > S EEOMEICKE
HEAEES R HH YIRIEEDE TR B A ER H LA
ant=,

#inEde

LA B8R

2o 38

LR

5

2
[kHz]

Fig.2: {\Feiiafnp 5

Fig.1: ESfiEs N0z
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1-4-4

1-4-4 FCN-based Smoothing for tMRI
Landmark-Based Vocal Tract Contour
Data
O Mushaffa Rasyid Ridha, Faisal Mehmood, Sakriani Sakti

# This paper employs outlier removal and a fully convolutional network (FCN)-
based smoothing for the publicly available dataset to refine it as it contains
error and inaccuracies.

# The smoothed result is available publicly: https://github.com/ha3ci-
1ab/USC-TIMIT_rtMRI_Landmarks

# Subjective evaluation result: Recruited subjects judged that FCN outputs
labels are better than the original labels in almost all specified articulatory
areas (except IV). Specifically, for the uvular area (VII), 85% of the subjects
chose FCN labels. In conclusion, 80% of the recruited subjects preferred
FCN labels for overall areas (ALL).

AfB Preference Subjective Evaluation Result

FCN Smoothing Model
Original wFCN
INPUT
ML aow am2x2m2 136x136 | [ eaxes
w0z Tchannsl | (7] 84chonnel | |7 128 channel
T
w - [s2chamet | | {128 channet] | 256 channet |
O
. — | 64 channet | [128 channet | | 256 channet |
v 5% .
W ook "
" o —
U e T

34x34
oUTPUT
x
&

*3!3W1MUJ *Mommm

BEBSEZX L

¥ 2x g, Stride 212

1-6-1

161 ik omE s R B R

An Experimental Investigation of the Sound Absorption Characteristics of
Granular Charcoal

OREE, FRXER(IYH)
FARRDZENAREM~OEATTREEERAT S cEBME L.

FREICELEEASREENE, SIVEERAR LI UFLA
SIEERAEEREL. LTOMRES .

@ FERR DS R, FEANE GAIZ DN E— ERSISIREIRIC
LI L. BALERT S, Fhz. REAUBRI/DSLMES, MHEIZE
D TIIBEFEAETY Do

S FEREEICBLTE, MFRELSTRE THLE. REEOE—VER
2 (Esliachll el o

&S UALASIRHT TR, SFLERREIEML-RERFEETY
(Fig1). Ff=. KEMZHINTHI LT, EHEORFESREL, &
EHOREEMETT .

z p -—4__3 =

——o" -y
" g e
//i“*n i
,/'/ x o ¥
A s
/ /:/ ot

o._‘__..//x"' o
R

Frequency(Hz)
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-]
A

-&- Activated Carbon B Biochar  -*-GW
Fig.1:Measured Sound Absorption Coefficients
Using the Reverberation Room Method.

1-4-4 ~ 1-6-2

1-4-5

1-4-5 Wt E (LR DG ES DT
~/agV/&/akV/ BERIZH T AEEFED

Fr AR AT

Evaluation of articulatory behavior based on inverse estimation: Feature
analysis of vocal tract volume in fagV/ and /akV/ sequences

wEBHER, HAR—(RFXR)

SEEEFRET v ELT A 3 T 1 —RIZED { FEERAEHEEOH
REEH TS, ROWMETIE. AEFEEEL/gVIEEFTEE
BU/akVIOFEE =5+ DRSO EFER ZHE L TE -,

¢ KETIE FERRRSORTSIECEE L, SEEEEOagV/ ElakV
DENE L—F—Fv— ML YTHRIET H 2 & THMDRHRIZD
WTEET D,

@®Fig. 112, BHESESE 1 BICET2REFEOTEHEEN () BLU
BTEE &) ITHHHEEOEES A REREEL—5—F v—+ T
RLTWS, 7 70RRAIESEGBEEREL TS, T 77 &Y,
WFhOBEEEORETHagVIOAAaKVI& Y 3 AFEHEI K=
LMERTH D EHFERENT =,

fa/

fuf fof fuf fof

Fig.1 Radar chart for pharyngeal cavity volume immediately before consonant
closure (left) and release (right) (Unit cm?)
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1-6-3 ~ 1-6-6

$51H 9H10H (k) H6R5 (13)
1-6-3 1-6-4
1-6-3 {REIMIVREIZES—MBIETIRITIL 1-6-4 JUFRIRBOZEIZEBLE:
£ )L D EBBRAT £ 1 oh YA S ERAFHEEEDRS
Wave Analysis and Control of the Generalized Maxwell Model Using the A single-channel-based estimation of sound source direction
Transfer Matrix Method using directional characteristics of notch frequency
OLR (BRI, EFR (FBEX), AFFABELAMNEE) ©KMEHiE, EREE, ILEFIAE (B EL)
FHARTIE, HSEEAORBING Z BRI, 2 — TOEAEE S ENFAREATHREICL D/ v FARSEOEBEEER L
ERETELMWEIV AV ILETILEHAL, TOREBFHF 1ch 24 V7 ERAREEAXDER (Fig. 1, Fig. 2)
BERHLE: ZERETLEAVUGERSELGET ISR ® EET—AEAV-MSIHEICT 3 BEREOHERELRR
HEORITBRELEB L. EEY M) I REORMEZHEZELILT,
—MRIEY IR D TILETILOIRET b R ERRIICEH LT e
ELITEBETETL, HNICEBIEEERARDRIZHEEL,
ARERS EE0 EFET S 2 ETHMAEMELT-. BIBRRATIS
&Y, BEFEORMIFHEERE LT | [ewrosatee J—{oomes]

" . £ J.
| [
To xerl-.l'- -'A—I’T-J.' xI:’ II:-'

Fig.1 Control law for the Three-element Generalized Maxwell Model
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Fig.2 Frequency response comparison before and after control

1-6-5

1-6-5 DSP #EALI-#MBEEREMICk5IRHiE
JARD)TILEA LBIRKE S : R8I
INVRINRIWEERWN-7TO0—F

Real-ime Selective Noise Cancellation or Narrowband Noise Using
Cartilage Conduction and Second-order Adaptive Bandpass Filter

WIERE, TERKRKIRK), EEEA(RIRK), SREE= (RIRX)

A —ToANY—TD/ A Xx v o) T EBELTEY, A—T>
A P—CEHNH RIRE G EEEEIHFE L -

& EELIEEE A XHEE LIBRICENT, ZRERE LTHEE
WHBIEBFHNTHILT, BETORRE/ 1 AOBRELZBIFL
LTHEY, FRRTIE VFTIL2A LFRIBELTERT S,

®HE % TEEL T S Filtered-x least means square (FXLMS) 7JLT X
LIZ, 7 A AOEESEEREET D\ KR D 1 )L #487
JAAME ABF-FXLMS 7)LI") ZLERELT-

@ TILRA LEEERET 51602, DSP #{#FEL, ABF-FXLMS @
T4 ILAERIZLTEBREREER L -

SERETILI) XLERWVER, /4 XEPEE 4 X 11dB, B
TEEROETHRES ML L= C L EREELT =

Spectrum

Amplitude [dB]

107 10?
Frequency [Hz]

Fig.1: Spectra of four signals (narrowband noise at 400 Hz)

Audio Interface | J—
(i Qutput (time series) :
Estimated Direction

Fig. 1: Proposed system

Estimated Sound Source Direction

Convert “Notch Frequency” to
“Estimated Source Direction”
using “Database”

it

(O I I T A O
Freaaney i)
Extract Locally Minimumn-Level Frequency
as "Notch Frequency”

V2 3 4 5_& 7 & 8 mwon
Time [s]

Fig. 2: Estimation method of sound source direction using notch frequency

1-6-6

1-6-6 FEFICEETIRANURVLEFEHESTD O
ORBIEET7 T4 T/A4XarkOo—)L

Cartilage conduction active noise control for periodic and broadband noise
superimposed on speech

HEHES, EEEA(REA-I), TERKKIRA-EH#T)

SEFECILLG S EENICELARESE L LDTE L2UAEH
[ZANC M L TEZEANGLVET 2 BET.

S EEORZRIFABHEES (Y LB LLHEESBER/ 1 X)EL
THY, BELEFOSHIZIE 2 FMEAOBECHRANY FILETE
(ALE : Adaptive Line Enhancer)&, EEEEAR Y « L4 (NRF : Noise
Reconstruction Filter)&fi~7=2 1 JLA ZER L TLVA(Fig. 1), F1=,
“hioE AANALE1, ALE2 & NRF)&EMERTT 5,

Sxn)IEEEEREE, sn)IEEE. 7 (n)TEHEES (T 1 L),
E(MIFEFEESER/ 1 DERLTLA,

®AAN THESh-HESEEZFIAL, BEEEERALIZFULMS 7
LT XLEHERALTESERDS S 2 L—23 U707

SHERL LT, FIEEOERIIRERTE, LHEESThIMNE
wEht=,

x(n) = s(n) +n(n) +£(n)

x'(n)

ALE1 T,_-{B,- J[ALE2] 15 5(5@%._@}&

fi(n) $az(n) W(n)
Fig. 1:Block diagram of AAN
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1-6-7 ~ 1-6-10

1-6-1

1-6-7 ENERREZT DT V717 FliH
— N TR - S BB L TR i —

Active control of indoor low-frequency noise:
Study using a wall vibrated by an inertial exciter as a control sound source

Q@FkF—EF, LIEED (IHIERD
& EREEES 100 Hz £ZERTT 9 7« JHliEl (Fig1,2)
& NiRE CREZIREIS ETHIER E—h & LTHIA (Fig2)
& Hilia (GREFERE) Fi8 0.8 mx 0.8 m [{EREENR, &K 11dB (Fig.3)
& EREEEEARISE VIRNE LGS E~DBRL WIS hD

Fig.1 Outside the house se
(100 Hz noise enters the house) (ANVC by vibrating wall)

» Upto 11dB reduction
» No areas with increased SPL T Wols’m

Fig.3 Reduction effect on the bed and in the house

1-6-9

1-6-8

1-6-9 BBERREZAN AT AD
RAE—FTZ4 1\ —FHED KA
An attempt to evaluate speech privacy
in workplace using automatic speech recognition

©@3LILE, Ainun Nadiroh, FLILBHE, )II38= (REARARR)

A —T TS UF T4 ADAE—F TS5 A 1\ —EERMID DR
MICEHEYT 4 & ZEME LT, BEISERSE (ASR) OFEHEE
[ (ALP) ZEHEIZFAL\DC & £itAT=,

S EFNT UANERRE LT SNR LEERMET LS E-ERE
RITPRETETLY, ALP OREEZE-06 LRE L=, (Fig. 11ZSNR
OFEFT)

@ EHEDF 7 1 ATOBHBEHORETERNT, BEEOMADHEEZE
HIFER. S—T 4 VT AR—AMEL TEL{HHEh DL, =g
DR IE CH-ERAYEE SN,

0.0 T T .
= N I

Y U WO OO O O

-20 -15 -10 -5 H 10 15 20

suaﬂtdm
Fig.1:SNR (Signal-Noise ratio) v.s. ALP (Average log-probability) of ASR

1-6-8  RAEBFENRELEZERFEEICLD
FRHFEDBRE

Sound source classification using deep leaming:
focusing on wind turbine noise

Fechititas, AIEEA LARE T
S {EIR FTOREESORPE=4 1) VI EHRICAITT, BAAH=
aA—F)Ay FI=DETIU K EERHSEEFH-.
S ERNEOERRET, 3 DMERRE LIIEEH 70%, 10 2%
HRE LIBEITH80% TH 1=,

0.70

0.55

—— Train Accuracy (per batch)
0.50 —e— Validation Accuracy (per epoch)

0 1000 2000 3000 4000 5000 6000 7000
Batch

Fig. 1: Accuracy of 3-seconds sound source classification using the
convolutional neural network model during training.

1-6-10

1-6-10 TAOORUT LA EBEEICKLD
ERREZERANDOEAS

- BAFEOLES SUREREERO DT
An attempt to detect indoor abnormal states
using environmental sounds and a microphone array.
- detection methods comparison and anomaly identification factors analysis -

OitErE—, AARE= (L3l 1SH)
& REEEALVERIC L EENR) N oERERE AIRA
AOBE - BB £ DEMREZE LR

® YA ORUT LA THRAILEREEN /BN HZEMART ML
FEREL . £ IITRRSNHENRELACIH SN L E 5 i
EHRITRESHFEICE VT 57 T0—F (Fig. 1)
> WEBRZURNET—2 DAL ETIVRERRETEEFFES

BETLEIFEE RS L TRAVDIEMA—RAFEITER

& EEBHIFEL LT PatchCore & PaDiM Z425I#5EE /| EEERAR
MFERN (anomaly map £ TOEBHEEMIOARE) OFRTHE
> BEWRRE (FEM% (AUROC: 0.848~0.993)

EEERAMOEERAH: PaDiM H¥Eh 5 (Fig. 2)

Air Conditioner
Sound Mic. Array Spatial
Spectrum
¥
Imaging
g |1 semenne in s mam - ‘.. —
00%% : Anomaly PatchCore PabiM
"fy,;%g | Dctection | person standing
nnnnn 1/ abnormal al the dashed rectangle position

Fig.1 Overview of the anomaly detection Fig.2 Samples of anomaly maps
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1-6-11 ~ 1-6-14

$51H 9H10H (k) H6RH (15)

1-6-11

1-6-11 TILFEUH VAT LIZEDEEHED
A FEHRKTERE O FHE

Evaluation of changes in the lifestyles of elderly people living alone using a
multi-sensor system

Ot #3h, IRARE (FEAT), ASKMZA(C), OFKEE(FEAT)

*HEEN: BESKHEOEFEMOELETILF LY —LATA
ERVWVCEERMICEHEL. £E0H (QOL) REZBEHET.

& T—SNBFE -T2 EERE L, Bl AR — 01,
ZET Y O E—HE, BIRHFEEEASHERE T L
THEIZFHIES 5,

A USA I ZREN VTFE BROT—2EBFI SAA—L
DFELETHEL., BEEBA HHEIEIHY S22 RIS
Q TREEZBREET 5.

& SEEIEER 8 ADHERE TREBE(TL\. HEHAEE - HETES

i BI E—

B siwe  ss wsss gs wesen es (a):Spatal distibuson of Cluster 0.
- Chuster 1

o Ell . e L] ~

wsmal - )

Fig.1:Lifestyles clustering results

of one of the participants in March 2025.

Ml | Uy

(b):Spatial distribuson of Cluster 1.
Fig 2: Spatial distribution between
Cluster 0 and Cluster 1.

1-6-13

1-6-13 Physics—informed Neural Operator [ZE2<
2 RITEERAT

Two-dimensional acoustic analysis based on
a physics-informed neural operator

OWEME ARMERE AERHE ANEESR (RREHHERSE)

SHHEEERAVEES S 2 L—2 3 VOREETIL RS —E
TIV) |ZBET AMERANAEERIEL TS,

@ Physics-informed Neural Operator (£, —a2—3 /L%y b 7= %H
W=EfES = 2 L—2 3 VFATH D, 185N
HMEEFMAT LI LT, BRIOT—2EMETEL LTS,

S FMETIE. BREEETO 2 AREHEH S 1 L—23 0%1T5
Neural Operator 85 L1z,

SRR FOTD E & RFOMERTERESE HRAIRETH > 1=

Outputs

Inputs

O

&l

Branch
network

Trunk
network

y [m]
o
= wn —
|
& ° 8

z [m]

Fig. 2: Analyzed sound pressure using proposed neural operator.

1-6-12

1-6-12 MIMI-Gen: EEFRETINIA ADOHREE
SHET B DERET WA-RT7 0-F

Generative Modeling Approach for Simulated Evaluation of Anomalous
Sound Detection System

O, A7DERN—2a, AT, LIEEKX )IDFEF(B)

SHERA (Anomalous Sound Detection, ASD) [, EZHHOT
HIR2ITBWTEELGHINTH S, L LERETOEEEOIRE
E#THY. ASD ETILOMREHELFIRE N5, FAETIL, =
BRIV EREEHE E 50T = TERT 5F% TMIMIGen) %12
D, AFEET. T T aVEREMETILERLT. 85
MOZHUEREEEMT A LT, ASD AT LOAMME LAl
HEREE TS 5 &4 (HRIAREIC LTz £ -REEE
FALM= ASD R—R 54 L0 AUC DHEETIZ, BETF—2ERALV-15
B LEOENT4.8%ITUNED Z EAFERS N,

s e | |
Audio z
signal z L 16-channel denoising U-Net 7
.|||||.|..- Decoder
Generated

audio

signal Encodec 5

“The gearbox model section 1 is narmal, model B, voltage of 1.5

[V, weight of 150 (g)” I }‘& RAN-TS \

TN T oenoing (R e e Traimabie "}
L30T coonecion BB swg_____ | (R R Ol

Fig.1 Block diagram of proposed approach for machine sound
generation

1-6-14

1-6-14 FEARVNRHETRAMEEIZE IS
PTZ AASHIEE T DA%
—HRBEEETHELE 2 ——
Development of PTZ camera control technology based on acoustic event

recognition and sound source direction estimation — Study overview and
review of previous studies —

OFF— (WHFIK), BHERHKILE), HEWKEKX)

@ FHIRIE. ATHBEICE D CEEA AL hE2EL ZkesfEZE (TDOA)
(2R HERAFHEE. PTZ h A SHlEHE L. BROGRESIZED
[CAIRELATHERR S R T LD E BIET LD TH D,

SBEESRDIBREMT L., U TILEA LA ODRREID T v DI &
Y. R ERAMOTELEE S RANHET, S0 loT Bt
LTOREIMFEND,

& SiRIE, FREI-HT DIEMRE PRI ORI LED T,

1. Audio Sensing & Acoustic event recognition

3. PTZ Camera control
—AC— s =Y - ;
tinl—+ —Level—e —
Awdio Senser loT device Time-seale information
;"“"Uﬂhld"“'-' Pi'z Object detection
. 2. Sound source direction estimation |
: -
obed N
L=
&= k] o s
- }' H e u

Accidont

Fig.1:System diagram of surveillance system based on acoustic event

recognition
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1-6-15 ~ 1-6-18

1-6-15

1-6-16

1-6-16 FEARUIREETRARMBEEIZE DL
PTZ HASHI T D RS
—BANRERRIC LS ERARHEEE
Al BRI FE B DAREE—

Development of PTZ camera control technology based on acoustic event
recognition and sound source direction estimation
— Verification of sound source direction estimation and Al identification
accuracy in indoor and outdoor test —

ORHFR, TS (HKILR), BHEFHED (Sound One), AR (/NEFRIZE),
FEA(KERXK), ABFEM(UF), LWABL AR, FE— (E@EIIX)
S EZELIL FHHZERIZHITDH FILE A LEIRL AT LOSERIZRAIT
ELRATLERELTVND, AETIE EHSFEEE L-HEHOE
JRIZxtL, TDOA(Time Difference of Amival)l=&k 2ERAEHE,
PANNSs(Pretrained Audio Neural Networks, 527 category)l= & 2 &4
A R R BT H AR A5G,

& EHERETORREIUTOEY

- ERGIEHEFQ1) : (QYERNTA YO T L1 RICH RS HHIHEE
2ottt (b)4 ¥ AR T LA SMDIRSISHEEIRELSRE JEX.

= BEA AL RS BEEEAVEVEST ER GEOBRISELATIYM
HEEShIA, FEEEE(Urban Noise)h'$h IS X T OREASERY

(a) Im || (b) 1m
—— -—
] =]
* o ® e
o u}
o, @ o 5}
(u}
o
[ ] e [ ]
Estimation error: Estimation error:
0.10 — 0.12m 08toover10m O

Fig.1:Results of TDOA applied to the crash sound (car) under background
noise. (@Mic., M :Actual sound source, []:Estimated sound source)

1-6-17

1-6-16 FEANVIRHEETRARMEEICEIL
PTZ HASHI T D RS
-PTZ AASHIEHD A~

OWEA, BHERHUKES), WA UK FH2— @I
1. [XC&IZ
AL, HEED PTZ (Pan-Tit-Zoom) h* SI-HEIEREEHS
, BN TRE L-BRBERFR TS 58HEH VAT LOMHE
ERHLZEDOTHD.
2. PTZ 1 A SHIEO = OB
£, RTSP./ONVIF 70 k2JLIZ & YR PTZ h 4 5% Python T
HlEETRE A EAR A HREE L=, RIZ MobileNet-SSD =& 5 A¥m&tH %R
WT., SR EICEEPRINES LS HEF S vF U TEERL,
PTZ h A SOEMHFIERIILT-. &5l RS REEBDS
IHEL & L TR EZR LA ZEEL. PTZAAS - 4—4y
FIAIZ GPS #3%iE L BEEEROARAEERAL PTZ hAS08
EFHHERIEL 7z, LEEAMYBA & UEEA AL FMZE T PTZ A A
S BRI < - B RS R T 2B TEL,

Fig.1: The targetwas bnought into the camera's field of view using
feedback control based on the GPS heading angle

1-6-18

1-6-17 MZERBTE=2) 7126115 ALER:
MERESLHETOERTBOHHA
A study on sound source separation between aircraft noise and disturbance sounds
OhILi, {ERE, BRIEE. ATEISRRE()FY),
BEEE ARBENSCHEERD

& MEHEE T4 VI ~M Al EREES
> _ni-cl cmr ;éaﬁﬁmaw&%&m
> SEERNICHETET 52 LIHRRE LTEE
Qxﬁfﬁrld; Mr-;é;ﬁﬁﬂﬂgﬁﬁiﬁﬁb IS L BT OS
BEESAAT-
@ Conv-TasNet #7—F 74 Fr & LTIRAL, fiSlEs L 2 lEONES (@
s&ﬁii-ﬁ#oﬁﬁ“ ME“J EDREEETT T (Figl)
£ T Loh MRS AR
FEIDFEDHSE HI-HET L1= (Table1)
0*&{1 vzmﬁoﬁ&nibﬁ%'%r_;émwoﬁm«w&
HhSkHENS

separated signal

A i -t A

C = -

nput mixture

- +-[

Fig.1 :Overview of sound source ea;-panl'nn
Table 1: Results {partial). The left column shows the case where the disturbance sound is metal, and the right
column shows the case where the disturbance sound is road traffic noise,

SNR A Lgaaircran A Lgamea  SNR SNR A Lpaaicrat 8 Lgaraa  SNR
-5 -0.15 0,32 k.1 B -1.96 -L44 -5.52
-2 -0.17 .35 -1.81 -2 =1.69 -1.57 -2.13
0 -0.26 0,44 017 ] -1.31 -L73 0.42
2 -0.21 £0.48 2.28 2 -1.47 -1.60 2.13
5 -0.22 .58 5.20 B -1.50 -1.38 1.64

10 -0.30 -0.75 10.45 1 -1.06 =133 10.27

ALpa=Lga — Lea
Lga i Lga of the separated signal
SNR : The SNR caleulated from the Lea of the separated aireralt noise and disturbance sounds
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bl R f-'.'!&mi!i o, ¥ - Bl
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&m#g Fig. 7 Latent Space Visualization Using Log-ratio
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1-6-19 ~ 1-7-3

£1H 9H10H (k) HeB~E781B (1)
1-6-19 1-7-1
1-6-19 ;BT —H8B&U Segment Anything Model AL \f- 1-7-1 B\ IILTAOERN
BE TRO-HDEEVIEEFEOFRFE HEAMERROHA

Estimation of Obstacles for Sound level Prediction
Using Point Cloud Data and Segment Anything Model

OHSHEAR (JERER-T)
& EECEETAOROIC, ERGEEY YY) OECHROIERE
MNEETHD, RFEORYIART—2FRY LB,
@3 IGTEET—4 & U Visual Transformer T# % Segment Anything
Model ZRIFFT 52 &Ik > T, BRI EREITRE =,

Ground Truth  |CHIR
m Raw masks >
= Extracted masks |
s “0g
e oTNE
B S

Fig. 1: Example of the detection of the building masks using Segment
Anything Model

1-7-2

1-7-2 ZERL TR IILEER
EfRAE—HT7 LA KESRBED

I PRI R IR DIRES

Study on time-domain representation of wave field synthesis based on
spatial shifting filter using linear loudspeaker array

*HE E#X PE B (EEX)

& ERRAE—DT7 LA ZRAV-BEBEOTENSE TS

& AE—HT LA EEVTERT AEERELEL, FEOEL EEE
FIRYT AT PHEEL ZEGECOBRMNBEENERE

& E5IC, N\OBETEBBEELSBEAAN VA T4 TH—T44T
[FHEEISEENT ABRESD ) TIL2 1 LEHEI LE

& ZEMGETENEISIRET SN V859 T« TA—T 14 ~D
fhaRZF B8, TR T BT 1 LA ERLV- WFS ORI %
W

& EEFRL BT ROBELHIM S L—2 3 U THE
> B EEREEOLEEO b L— FEHIEmTRE
> EEFELYEMTA T LT EER

cosventional WFS fmi? )= A=
3 - . fp— . L Jo—
. S T 77— 5
1 1 1

—_0 [ o .

[3 2 o z 2 o 2 2 a 2 [ 2

: a SDRt = 10.2 dB o SDR = 6.2 4B o SDR = 224 dB o SDR = 21.8 dB o

Ny Nl 77N B
ENGTE R i \.J7 |
1 18 = 1 1 '-20
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Fig.1:Wavefront (upper) and mean squared error (bottom) at 2000 Hz for
different parameters ( 5 indicates the resolution of the desired sound field)

Attemnpt to realize narrow directivity with a single spherical baffle microphone
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Fig.1: Spherical baffle

Fig.2: Directivity Index for sampling methods.

microphone Vertical dashed line : the upper frequency limit
for noticeable spatial aliasing
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A study on reproducing distant virtual sound source perception
in HOA sound fields using measured IR from
spherical and linear microphone arrays
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Fig.1:Median perceived auditory distance.
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1-7-4 ~ 1-7-7
1-7-4 1-7-5
1-7-4 NIRRT A~ 0HR2 D BoSC VAT LA 1-7-5 VAN AoARVEFRLEZ
D BT ERRET METRE D ERGDRET
—% @E ﬁ%ﬁl‘l J.'. BEEF ‘fﬂﬁ— Estimation of radiation characteristics using contact microphone

Investigation of the applicability of a small rigid microphone to the BoSC
system -Evaluation by sound image localization experiment-
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Fig.1:Frequency response of the Fig.2:Frequency response of the
convolved inverse system convolved inverse system

in the conventional BoSC mic. in the new BoSC mic.
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A study on the estimation method of radiation characteristics of an off-center
sound source for volumetric audio production.
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Fig. 1:Ermor ran e in estimated radiation pattern.
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Fig.1 Spectrum of the signals in the frontal direction
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Evaluation of Multichannel Bending Wave Loudspeaker Systems to
Improve the Sence of Presence
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A Study on Safe Sound Pressure Levels
in Hybrid Acoustic Presentation Environments.
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Fig.1: llustrations of speaker, earphone, and hybrid acoustic presentation
stvles

1. Masked band extraction
(loudspeaker)

E E Spectrum of loudspeaker

2. Masked-band-only
earphone gain control

Spectrum of earphone
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= =
User g Open-ear jcor
earphone

Freq.
Fig.2: Gain control method based on a psychoacoustic masking model.
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Crosstalk cancellation system with adjusting simple gain and delay based
on the two-channel optimal source distribution
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Fig. 7 Control effect of binaural synthesis and amount of crosstalk llation using A datay from multi
speaker system, (A) Ce ional method (imverse-fil lution system based on discretized t)]’s(]l)l\
principle), (B): Proposed method (simple gain-and-delay sysiem)
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A preliminary study on the risk reduction of hearing loss due to louder sound
exposure at live venues
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Fig.2 : A-weighted sound power level vs. distance from speaker array
(Participants :only speaker, []:speaker + open ear device )
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Relationship between upper microphone height and sweet spot
in 3D audio
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Fig.1: Result of the rating scale of Exp. 2 superimposed on the figure of
distribution of the stimuli obtained from INDSCAL of Exp. 1 (cello).
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1-7-12 ~ 1-7-15

1-7-12

1-7-13

1-7-12 Hx7STITNARADEE BB
F—T 14 AR (FERICEZ 258

Effects of audio AR experience
caused by acoustic transparency of wearable audio devices.
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Tab.1: Selected devices.

Symbols Models Shapes

A AKG K712 PRO | Over-ear Headphone |

B | nwm ONE | Extra-aural Headphone |

c audio-technica ATH-CM707 | Intra-concha E

[*] Apple Airpods Pro 2 Insert Earphone

E nwm MWEDD1 Open-ear
w4 1 1
2 g g
m3 1 = =
2 % # S0s 5 Lo - I I
22 %1 = L 5 t -
= (= * 4 EB- '}
o £ -1 - E-1 [}
E1 . w + » w 1
E ] A K712 PRO % }
APRAH @2
L5 § 0 AePocs Pru 2 z? -
a § £ uwEo! L g

2 4 6 8 10 2 4 & 8 10 %2 4 & 8 10
Trus Trus Trus

Fig.1: Relationship between subjective impressions of real-world sounds
and physical indices of acoustic transparency (Taus).
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Direct convolution method
between high-speed single-bit and finite impulse response
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Fig.1 Proposed Method Overview
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Fig.2 Power Spectrum of Standard Convolution and Proposed Method
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Construction of a live-production system for object-based audio complied
with ARIB Technical Report TR-B48
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1-7-16

1-7-16 Active Field Control(AFC)> R T LAIZ& B4
=T EENEE
Immersive sound field with Active Field Control (AFC) system
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Dalby Atmos design and audio equalization practices in the movie theaters
F&F (Dolby Japan)
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Implementation of Large-Scale Multichannel Speaker Systems and Hibino's
Initiatives
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Soundscape reproduction with highly immersive audio technology
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Fig.1:Sound pickup and playback scheme, Oto-tabi trading card
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¥ Radon 7 4 L&

Inverse Radon filter
for two-dimensional displacement measurement
of string vibration by defocusing
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Fig. 1 Flowchart of image processing using inverse Radon transformation
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Vibrational Analysis of Bowed String Considering Bowing Direction and
Bow Pressure Direction in Violin Playing.
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: Fig.2: Transitional time response of
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Fig.1:2-DOF spring-mass-damper  in the x-direction when bow

system model of a violin bow. pressure is varied with time.
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Effects of mass distribution in tuning-fork legs on vibration duration: An
experimental study using tuning forks for vibration sensation testing

“r LEEEE, K IS (FEX)

S EXOEAREEEAS L, AREFLYRERL, FHEEYES
MIHETHIEMNLELL. LA L, EXOBETIZ TIEHRESH

OFHTEIFATONTE ST, ERIREIOFFGHTE < SEFEEITFES 5.

SHERTIE, Y—ThINT— &R 62 &L TERDIEREIROER
FEEICE L S TIRISSESHOED E TR L=, EaMEi0E
EBATESURTMEDFAEN TR SIS, JYRETHEEE(LES
AAHTET, FYBBGHRERBHES, D LAGL

S FHOFEHHERX CEGHIENIR Y [ Shi-EOME #E L s

HASLITRETL, HEOHESHHYRBIEEE SR8 EiRE L

& SEE RSO DAREMA RSBV S 1 BI1THEL Y, HEDIRBEGEEIA
KEfEY AlERAHER SN fBAEIR <5 5T EEBREAEL L
F=C & T, PIEBEERACESRIEIL £ 2 & 5 TRILF—OiRA R
ISEL Y, IREMEEERAER LI-mTREMAE R 5B, &1 M
ERSEIRME B AREMAI A TIET C & T, £EENKYRERT S
EXEEMTEDZLERLTLS.

&5k EEHEOEOE R CEOMIREDZE DT HERL W
BETHAS.

z?ﬂ u64 Hz-BB

£ 10 = 64Hz-BW
§30 = 128 Hz-BW
820

| I I

- 1 ]Il lii Al Il s
2 zLo o1 6 7 8

Distance from the tlp of the turllng fork’s leg [cm]
Fig.1 Vibration durations as functions of weight position on tuning fork’s legs.

1-8-4
FENIEOEREOZOETESH

Acoustic analysis of brass Jew's harp
from Sichuan province, China

*EW, HEED RETH KEHETRIN

* HR
» O (Fig.1) FOZEFMALTHET DEH
4 OZ0ESHEOETSBFEF—TELH
BEEHIOEOBMALTHHLTEREERATRRT S
> EEEOLOERRFEN SEFECS A SRR SRR
REDOLHEHOREANRDEND

* KA
> PEOIECEODHEGROZ, 39>v> (Fig.l F)
ERFRHARETS
> BEHOORSEHOZL (Fig.2 k) ®#E5T3ED
2ULTERVWEMBOBEETIL (Fig.2 F) =X - BF
> BHEOEBEVNERTICSAZHEEERNCHETSZ

o=\

Russian brass Jew's harp Schematic diagram of the actual oral cavity

<€ (=7

Brass Jew's harp from
Sichuan Province, China

B - Schematic diagram and produced actual item
(Kouxian, 4-pleces type)

of the oral cavity modeling

Fig.1: Various Jew's Harps  Fig.2: Photos of actual oral cavity and
its modeling for Kouxian performance
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1-8-5 ~ 1-11-2

$£1H 98B10H (k)

EE8RE~F 1 RI5

(23)

1-8-5

1-8-5 /IINFEDIR & EDOHEME N EIREE— RIS
B oMR~EHZOEFEET7AOD—D
R~
Research on contact pressure and vibration modes between the body and
membrane of a kotsuzumi ~Research on the acoustic morphology of
musical instruments~

FIUTHED, BHERE BERE BERFNT EREEX

@ /1NEg (Fig. 1@)D ) 7R A LAEDEGEIZRAIF, 2 &RROBAE IS
& DT TFRAAIEATCPM)EBR L=,

&/NBEERLUDEREERVTIRL EOMOEMEN(p) EIRBIRA~Y b
WDBEET Tz, TORR, HEEMENTORMT)LADHEE
HEE2 (Fig. 1(b). BEICKY, REDERALIBAEEOYHETEEL
L TGRE SRR R S, 1=, TCPM &HEEDEAIRE)
=& BERNAEEERAVTINRORNAEE T o1& 5, #EEF
EEDREITSRIEE LAY, REFEORSEN RSN,

T o
Z s Experimental value
g 100 - Fitted line

0 20 40
Contact Pressure [kPa]

Fig. 1 (a) Basic conceptual diagram of the kotsuzumi. (b) Contact pressure
vs. tension for jig imitating kotsuzumi.

1-11-1

1-11-1 BHIEFERELS B ARG EREC
BIXT#ED Ex Vivo iHil
~BAMRICET 5 EFEET 00—~
Ex Vivo Study on the Effects of Fascial Interface Conditions on Shear Wave
Propagation — Acoustic Morphology of Shear Waves —

*BHEE(ERHEL), AHFE(BBER), ABDESE, AEAENTGUREX),
ATHEE ALESTHE(FEX), BRFEILT(RERHZEX)

& AR TIE, REKEOT LA AMEEEEHE T RIFT 8IS
MIFTHIELEBMEL, BIEAREETHS/ M FO)U—Z(HR)
(238 L1= Ex Vivo SER %5208 L 1=, ZBASEAOD KRR & /MR
(il 9 DEAE S EBRIEKEEA L, HR LT AE T
1= LT, EARHEIES SHYRE LI ERInREs 2 FIMA L= SWE Al
EFERELI=(Fig.1 (@)

& Foh-EAMEMABSTER(Fig.1 (b)) Tld HR ZICHEIRA TR
S EARE AR SN, BIEE A L TFREERMOGHEEE 029
rad M5 0.75 rad ~ &R LT-. COFERIE FHEBEORmAE
EFRAMEOLHBEI RSV CGHECTE A ERE LTS,

Shear Wave (b)
nstruction System

Ultrasound Probe

o~
Generator I e, T

== Chicken|

@ ‘Reco _ rnode Phase . Phase

00 5 100 5 10
3 e X [mm) X [mm] X [mm]
Fig. 1: (a) A picture of ex vivo measurement setup. (b) Measured B-mode
image and phase maps before and after HR in ex-vivo measurements.

1-8-6

1-8-6 FHlIEh IR D DBFZIEEALNS
BES 2L —2avIZ&BI VN ILBEDER
Numerical sound synthesis of cymbals
using measured time history of excitation force.

LR Z AR (FURK- - LRI, H#isd, BEREGUER-LRHER)

SHEL I A L—2 3Tk 2To U IWERESHT2FERICBLT,
IR D OBRSERATEEI R E <ZEL, JEERL O TLV-MESM
HIRADETILVTCIIFAHTHAZ L ER LT

& BEIO=0IZ, ZHEEOIRDOBRLEER A BT S L LOREES

Tal—Ta3ET, ThThEREEANES LT,

€ 20 L—1 3 VICTRAWDIMRADBREIERIL, FSLRATvID
BHEEE LI e A HO K DEHRERICE S =40 &, TEROHR
THALLON TSN EET L EINEEOTHS.

& SEHICE SV MR HOBMIERERLA Y S A L—2 3 vITkY
Bohi-iFMnEEL, RO IILORIGEEEHET 5L,
Fig.1 [Z5R°9 & 512 OkHz A\ SkHz OFEE R VEREEE £i5 - T
WHZ AR TET

= .80

g

;-lﬂﬂ-

£.120}

a

%']40' ;ﬂ" —measured

@-160F 7 i d (force : m dy| |
- P - simulated (force : simplified
=

Z-180

& 0 1 2 3 4 5

Frequency (kHz)

Fig.1: Spectral envelope comparison of measured
and simulated cymbal vibration acceleration.

1-11-2

1-11-2  SWE (2875 Push Beam FBETHFfE &
Shear Wave D B8 EKEED

BARMEEHBD DD T7 M LEER

Phantom Experiment for Evaluating the Relationship Between Push Beam
Duration and Shear Wave Temporal Freguency in SWE

TEAA T (BELAR EEETFIR),
REZE AHEE EENEZ(ELX-1)

# Shear wave elastography(SWE) [ZHLVT, ARFI #4% L4 push
beam MA{SHETE (duration) & shear wave MBSEEIFEOBERIZD
WTT7 v FLERERVTERHZTS.

®fERE LT, push beam DEBSHHILIAIETIE duration DR EHHET
[E& shear wave OEGEELRSMITET 5 LA ST

¢ 5tk BEOTY—MHESEL. HEEEELITLT HI5EOBRMC
DNVTHETZETS.

Young's modulus:4 kPa ~ Young's modulus:15 kPa

Lateral distance o0 Lataral dietance
®3mm * 6mm ® 3mm * 6mm
Amm * 7mm 550 mamm e Tmm
i Smm & 8 mm A Smm & Bmm
00
0 *
L] : L
o —rry i 1
T i o ! ' 3 ] 4
ARER. 2 Eodot
g g Voot '
£ ; St |
g Pt g §
w w |
4 00
* } I
| 0. | I
= + I + T T *
220 . | +
50 150 250 350 450 e 150 250 350 50
duration [j:s] duration [;s]

Fig. 1 Relationship between the temporal frequency of the SW and duration
(left) 4 kPa, and (right) 15 kPa.
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1-11-3 ~ 1-11-6

1-11-3

1-11-3 RYNT =T FSA4FZRN =
MAEBERIRICEYRELI-ERELD
SHRIIC R DRGSR MR IEHETE

Estimation of viscoelasticity using displacement measurement generated by
dual ultrasound excitation with network analyzer

O, FIxE (FiX

& Hak AAANCOBERBIH-EY, HRMEBTHRETD
T EMBEO AL D ERHED HTEAICRI T HHI R
HTWS,

& ETHETIIREDEEH SO RGBS ERHRICIREER SR
Tz, BERTEEINZ 2IEFET 27 AFe VEBALTZ.

& FFEFI7URARTET IV ALY EE RS SRIEA/NEC
#iof= (Fig 2), IEFIT 7 b AIEETI7U ALY BRUNTTESL
R TELRIREMA B D LERLT-,

& EFTIFUNLOERMENMEED L #FxH(AS)) (. Voigt BT

NITERGE-T=(Fig 3),
60
Oparallel =%

= -0 Anon-parallel = ;¢
= o = ; 714 dB
:' -30 :3 70 P

C E -90 A 9 o] i 65 )
B = ]
B.-100 N Seo ¢
g - = 55 20 dB/decade

Askar AskarAskar ™ 0 :

co C7 Cl1s
Fig. 1: Schematicof  Fig. 2: Amplitude of the back Fig. 3: Relative H(Af)

10
frequency Af [Hz]

measurement for a surface reflection. of the CO phantom.
non-parallel phantom.
1-11-5
1-11-56 D75 TIBERNS A T2—ZFAN
F-O8MED7H %8

~REFTEDEFRERICET D
EEEIAOC—DHE~
Classification of mouth movements with wearable ultrasound transducers.
~Study of acoustic morphology of biclogical information near the surface~

fr R ERiE, AFEREEREXS), RIxEGEILXS),
AJNEFHE (Carleton University), HIRFFSLST (MRESERE)
¢ FE_EMICHBELE 2 DO TFSINEER SV ATa—Y
(UT)TY 7ILA A LT LIz ULR Ta—Efeh b EEREETH
- THEEANET HAFE0OFMMEEREI L=,
& FBONIAFEICH L, k-AEESEKNN)S & UHZHIBI5HT(LDA) %
WAL, 5 HEIRTERELC & > THRERSHE L 1=,
& {EF. kNN TIE#80%, LDA TIFHI90% & LV 3@V ESHRE A%/
Lfz. SO &G, OEERAL-BE S EORIBATREEAYR
shit-.

Overall Performance Comparison

- kNN
0] LA
0.8
0.6
o
o
w
0.4
02
o0

Precision Recall F1-Score
Fig. 1 Overall Performance Comparison

1-11-4

1-11-4 BERBRNCBEAAOEEN
EAFMEEN AL B aREDRRE

Development of bone fracture healing technique using low intensity
ultrasound and weak piezoelectric polymer for bone fixation

HHLEER ALBRER AFBXKE, AFBEL ANERR(EEHX),
AKARE(EFEERKX), APEEN(FIRVREERRERN),
AF PREZ(FEERL), X (RSHK)
¢ KR-L-ZE PLLA) LEHDEE R/ VULR (LIPUS)
O L H- G B iaRE = ERAI e L=,
¢ Sy rRBREBICEAEFRL 2 BRZe% X CT %
BAWTEEZ#E L=, BAART® Control ., BEHK
BRI E1TS US B, PLLA 7 1 LLZHA LIS RES
#1795 PLLA+US B CHEFiTo1=,
¢ ObhoMMEE TIE Control B~ US #ild2.1%,
PLLA+US E%10.4%1&m0 L 7=,
¢ HEHBHBOFREMIBITARIIFET 54,
BHERD PLLA EAMAGABROIREI IR DATREMEN

H%.
0 ' I I

Control us PLLA+US

Volume ratio[%)]
— — [ T e
o v o b o

n

Fig.1: Changes in bone volume due to ultrasound irradiation and PLLA film.

1-11-6

6 ammrLze—poERHEORS
Attempts at controlling the directionality of ultrasonic array speaker.
OSHHR#, AtBR- (EaL-I1SHH

¢ LI LTIIREEORTFYH—ERSELD®, BEFREEST-
ADEE-CHREFALET SAREEDH TS,

& SEIT3RE L1z 180 EHRAEER E—DIHERMEN LT F508 BE
FROERTEL L7958, BALORSIEFLLLICESE
BIFS S e otz EOHSE, FEARICETEREZRETLE
W& S BERORAEERIET SFEERET L=,

® 7 LMHEEDRA E—NIET 1 X K7 LA FETHRAMEDH{EAHE]

BETHL, LI LERFFHA AHKRESUIERBETIS, famEHE
AEED = 12deg FREL IR, [LEOHEHAEHETH 1=,

¢ I TSE, KO, L/POBAERT IR E—ha=y FEHEAS

DET LAREEHT-ISEREL, HlEEEZE0deg FTHIATE
BHEEVTaAL— 3 UTHEELT. $£723D T LA THRBER
{EL =L TaHl - BREL R EREEL 1=,

Phase Shift 60°

= = el g 5 10y
3569%3075)"1 51‘,:-52 ] b,

$10mm

Transducer X 17

Fig.2: Directivity pattern of
simulation and experiment results.
(Phase shift=60" | at 25kHz)

Fig.1:3D-model of ultrasonic
speaker with wide-angle
controllable directivity.
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1-11-7 ~ 1-11-10

£1H 9B10H (k) H1HH

1-11-7

1-11-7 EEZN VHF BDIGRI- 52 55

-NVATA—EZRAV-ZEEE O A-
*Influence of hair on VHF sound propagation - A trial to estimate hairstyle
by using the pulse-echo method*

LA TRIE, AREIBI5, EHESHE)THA), FOTERCNMAE,
Zuhal Firdaus, FAHERABRRFERIER),
EANEZ(ELR), ERFEEHEIITR
@ VHF (16 kHz~32 kHz MEF)D HRTF 12H\T, EROSEFHEE
FHEOIZ, FILATO=EFRAVLZER L VHF BOREHFEOR
fRIZDULTRERI SRR L=

® 91 9T HYIELOHATSIZ16 kHz~21 kHz D b—2/i—R MfE%E
MBET LB OASTE L, AENRMSORSTEETAIL, REIEEL

gL

1.2

|l —
208 =
S06 S
,ﬁ[ 1 I _-_-_-::'-' No wig  Short wig
S 0. —

0.2 1

1)

16 17 18 19 20 21
Frequency [kHz] N
No wig Bob wig Long wig Short wig Bob ng ]__()ng wig

Fig.1: Frequency characteristics of reflection coefficients normalized
by the reflection rate of a steel plate

1-11-9

1-11-9 L—HEE-IFMFEEICLD

HvbATREIKEIZHE B LI-REEHA
Plate thickness measurement focusing on cutoff frequency
by laser fixed-probe scanning

Ok WMNBIERD), AKE EAEEX),
AT BAEEAR), P18 NZ(@EAR

S EIREDFADBEAEL LTL—HRBZRERAV- Lamb EDH
w b ZEERIZER L= A DLWVTHIRF T2 TLVA.

S REETIE, BERELL—HISL-THEERERES €, &5HAl
RISHBWTRET 52 &L CHREDHEELTIRET H TR THREL
L=

@ Table 1 [ZEERIC K YR ShIIREERT.

SFERLY, 5 10 mm OREIZHELTIES %ELT, 15~25 mm O
FIZBLTIE7 %, 30 mm OHEIZBNTIIEREEA 13 %eiio

1-11-8

(25)

1-11-8 VHF $EEICBEE LR S EF ORI S
BB Z FHm DA

An attempt of auditory evaluation against sound sources with prominent
components in the very high frequency region

Y ARBIBIS, W TR, RREEE(EII TR, ZuhalFirdaus,
PREAMEEREER), FEIERCMIE, LERFE®ENIHR

& LITHE Tl 16 kHz~22 kHz D/ \—A MESE#RLV-EEHRHE R
ZiTo1=h% 18 kHz BOEREGEE TIE+ AU EELNILESTRT
=9, ERURHEEEAA TE LA o7z

SRR TIE, BRSSO RFES AL TERORE, &
&, FREECOIEMEER, FRERENEETR & PN RETl 2 58RI
f1ot=.

¢ ERT19kHz fHAEICE—S %355, BEL~LIEH 105 dB(SPL)T
Ho1=(Fig1). £z, BELILD dB{SPLHffﬁﬁWHEt WS #ER%
#81=(Fig.2).

110 ————— . 100

SPL(dB)
g
Percentage(%o
2

1o 105 100 95 90 85 80

SPL(dB)

Fig.2: Relationship between PSL
from the rodent repellent and

0 5 10 15 20 25 30 35 40 45
Frequency(kHz)

Fig.1 : Frequency characteristics
of sounds from the rodent

repellent at 1-m distant. response rate of inaudible
participants for all conditions of
auditory evaluation.
1-11-10
1-11-10 BRAFEMAMIREIRE NSRS REHHRIZLD

FEFEARTEERHR ~ FE AR IR RIS R T
LERAVE-EEEIHOO -0~
Mon-contact elasticity measurement using stepped-circular plate and

parabolic reflectors ~Research on acoustic morphology using a non-contact
elasticity measurement system~

FIUTEED, PREARR, BRFIST (ERREX)

@ EFOHRR LI IEABEERHRI S R 7 L/ ML BRIE L, 100
kHz THIRT 2/ RO EMRARENR (CSPT)% FEM DEHRE)
BRATCERETL (Fig. 1(2)), HNTICk YEMEL -, E—LEEH 10
mm =5tz

SELL L aTEEERH ORI LTSRS REHRERALT CSPT
MoFEL-EhBEEREREL, FHREEMREL =, LDV TIRE)
FEZRAEL, BITLT-BR > aTESHE LR EREEN

b ETFL (Fig. 1b). COMBRITEIEET)LE FFOBRTHH L
Table 1. Plate thickness estimated from experimental results. W, RLPRT LA S L TRRRRETH S = LAhm o1,
Measured | Measured | Calculated (a} {b)__ 0.02
sample | resonant | sample | Error rate 10 n\1m Agr: 50 mm —— i .
thickness | frequency | thickness [%a] 1 dlls I ki £
[mm] [kHz] [mm] :”i //[t": ‘{J
2977 | 11601 | 2578 | -13.40 pzTx4 PN Bom F 001§
2480 | 13028 | 2296 | -1.76 2 Q
1977 | 16573 | 1805 [ -872 | ﬁ £ o
1480 | 217.09 | 1378 | -691 ' g 30 50 70
55 | e i T L  Shore A Hardness
— a0 mm = [HS-A]
4.96 610.14 4.90 -1.17
Fig. 1 (a) CSPT configuration diagram (b) Shore A hardness vs. surface
vibration velocity for urethane rubbers.
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1-11-11 ~ 1-11-14

1-11-11

1-11-12

1-11-11 BEAERZ ALV -TEEEDTEE—
B ATRHIRRE ~ B EIREMSEE AN
EEEEIAOC—DOWE~
Acoustic Impedance Microscopic Imaging of Granite using Cross-Correlation
Method -Study on Acoustic Morphology with an Ultrasonic Microscope -

Yo LI GEATREER), ANOEE (RS0, RIA (R8T,

ATBIFTR (TSR, BaRE GEREER), HFHESNT CIOERER)

S HEREO S Y O r—)USHETHGE B & LT, BERSEEEEER
L\ TEHEOEAERTHLRE. #ER. ZBOBEI Y E—F
ABEHSEHESG - AL -, Peak to Peak, RMS, #HEAEM® 3 F&Ic
FHESNEELE L, HEGIEEFRE L, T TOERE
% ETEBEP OB 1T o1,

S HERAOEEA E—F U ABIGEVE T, HEAREFRLEE
BERETHH Ehohofz, Fig 1) Fi=. EESCHLTE

BA VE—H L RABHRI L HIYESRIRTREE AR LTz,

Ba

‘Peak to Peak’
50 [ g

2.0 mm

i

Peak to Peak

or

Amplitude[a.u.]

Acoustic impedance [ = 10° Ns/m®]

50 .
} ] {
\ 11 wavelength
g0 a1 wavelength]
0 25 50 75 100
Timelns] Cross-correlation  Optical image
(a) (b)

Fig.1(a) Reflected signal from mica (b) Acoustic impedance image
of mica obtained by Peak to Peak, RMS, Cross-correlation and
Optical image.

1-11-13

1-11- BEREH I 2L—2I(124L5
12 ERETRIFMFEREAE

Focused ultrasonic probe design method
using ultrasonic propagation simulator

Ol AMEEXR(SCr/LT0-T)

S EFRE RN TFOEAMMEREERE Ty DREOEGYIZEYSE
£95,

SEAMEITHT AEERE Ty VHEOFEEENTATARKRE LD
= Fo & FeDRIZEREENH 5.

SERMBEISHT ATy VIEDEEE  EROHZETRANEELHE
ETED,

& Ty UREOFEE EIMEEROMOA 0 LERL, 2alL—2IC
& U0 & eDBHRERDT=,

®Fp & Fe, D BROIEERFHHEIE Fo & = Z5HE LIRS
frFofEm FAR—HLT .

..... E 0.
Edge wave E i
Virtual concave g 06
transducer g 04 '~.
2 02
Z 0
H 0 10 2030 40 50 60
=

Aperture angle & [deg]

Figure 2 Relationship
between aperture angle @ and
influence of edge wave /.

Figure | Virtual concave source
and direct and edge wave
propagation distances.

1-11-14

1-11-13 Mot S ERBREBEHTF F 5 VAT 2 —HIC
£ BTGB COERBBEREORL = DT

Detecting the inside of Integrated Circuit by using one concave type
P(VDF/TrFEHransducer transmitting/receiving in air at MHz range.

OFtEfE Uiz RE)

FHRTIE. FEOHENSEICHESE. Mz FEHTOERERA
BARK( 20 bS5 URTa—H) 12k b, EHBEREE [ MENE(E
& L THARmEER/10_11229-12/ROCKIELL) ] O3S BEHERZALI S DLV TERE
5. IEEDEBYFERLE b UATa—HE, EESSFHEO
P (VOF/TrFE) T 5. HORRREDEIR &35 1=, X {ERIREAIE. # 2 Hz
TiTo1=, BEBEAICH SRR, 135 () PRSI E Y.

BERTRILTOMBEESBEI RS 5, ERERAEAXDESE.

FARRMEREN LORERLEET SLELSHY ., MAT, BERE
REVATLTRET B/ A AOFELBETELNERERN/ 4 X
PITEES HRRLFELET D) . FFAETIEL, MEED P (VOF/TIFE) b3
VAT a—HERERERARERL Figure Ik IC OF
BEGERA-C L ER/ET B,

RF-Source —» P'i',',,gr

- ' T ' _small-signal
2 WHz-BST -

Y

P (VDF/TrFE) - 1D .

Transducer . __:ch'P L _
T t Oscillo-

yyz Sample (10) scope

Figure 1 shows ultrasonic system to transmit/receive
by the one concave type P(VDF/TrFE) transducer.

1-11-14 HIFU FSURT2—HIRIC&E>TEL
EDOHEETFEICET 2R RS

Basic investigation on an estimation technigue for particle velocity induced by
HIFU transducer excitation

OERMZE (FLX-T), TFE (HALARR- THH,
BAE— A L AR - ETHH, RA)IEz (@ELX-I)

HEFHEZR(HIFU: High-Intensity Focused Ulirasound )i =61 T,
HIFU B F S ATa—0#FIMERE LTRAL, SHREMI - SEREIE
FMASHIET, MROUVTHEELSE, TORBEECUTH0H
[ZESWV-AREEOTHEFES R ESh TS, £, NEEEME
EEEENICELEEHI LT, HIRRICERORENNS 28T 5
EfFELSE, TOREBEOLIZE SV -AEGIROHEAELRITE
hTW5 WTFhOETHARICELTEH, £U0Eu%: & UIERKICHTE
THILEN, BREEOFHR S EDBER LICDEALEEZ NS
FIT, ARRTIE AT HEEICAL NS BCHEBE ST
EOMRETHETL TUWAEHEZ AL VZ 2 KT ERiEEs & # T 5.
Ff=, HFU B S VAT2—9EMERE LTAWT, £LEHAE
HETS.
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1-11-15 ~ 1-11-18

£1H 98B10H (k) HIHH (27)

1-11-15

1-11-15 ERETRERO SREIRIEFHEARITICES
(T2 EIEEIERA NV LS DHERER
[CEIREEDIRET

Removal of high-intensity non-speckle signals based on non-speckle
probability image in envelope statistics analysis for medical ultrasound image

OF HFE(EALKARR T, 5% TFEILAR T¥H - AR ET
FW V=T EIE2—T1PR)
¢ ERETREROSEREBHFEHHN BV TTELRESTHHIER
~y2)L (NS) ESERET HAFEEREIL-.
®NS ESOA#EHE - [RETHILEBMIC, NS (ESHEERETHE
HL, —EEELEOESOAENSES L LTHREL, AFEIC
DT, Field Il 12k ABERER I aL—iaVIchYRIELT .
ONS ESHENFELLAHIEE NS HEEAZEE LI-fnE Lk
MG L= (Fig. 1),
SIEEETIEINS ESORELER TSI >T-BFEIZHE LTS, 12
FEIZE Y AEORITEOIEREAALD C & TNSIESORZEEER
TEDHAREEA RS Sz,

10 - 100 10
—_ —_ — B -
o —
E 0 EEzn Tz fn
£ 1 & = = E
£ . T £ L =
£ £ 50 =1
230 2 B 2 B
a 408 a 2 a
E 25 o
40 < 2 w0
-10 ] 10 0 -10 Q 10
Lateral Pos. [mm] Lateral Pos [mm| Lateral Pos. [mm]
(a) (b) (c)

Fig.1:(a) B-mode image. (b) Probability image of non-speckle (NS) signals.
(c) Positions of NS structures.

1-11-17

1-11-17 BERBEWREO =00 EFEHEELE
BEBUIRFERZEDHE

Estimation of sound speed and frequency dependent attenuation of
biological tissue for ultrasonic microscopy.

HHEER, BPEEEHINR

& EREGARERIENEGOT-O0, EB0EEL FRTTEIEEE
ETAHEICOVTEET LTS,

¢ ERBEOEET, Fig. 1 SRS &1, BEOHEMEENDRT—
MEOII—ZEEL L=, HHERE L EEOTI—OEHEEEN
LR$HoNS. Ff HEEEENLOIIT FHHORIRSETTR
TOFEERTTVS.

& (GiRESRE & AFMEERERE, To—EL VEHShBIERIER
Ry LD BHEET D, AR TIE, ERIERARS FLOETILEL
TRAZRL-=.

R = A2 (k e )" + 2,2 (k;%e )"

R(n) EEFRMIERAY BIL, A4, 1R, ko, ky EIRMIREFRE,
6,6, {EHRES I 2 120t L - firte @i
SHEMII A L—2aVtdY, BRERTEEZALTEEOEE/ NS

—8 (A Az by, k2, 00, 0,) Y TESH T L ERERLT-

Ultrasonic Pulse Propagation Time -
A B
Without ti P time
A B
tissue With tissue P time
ty
stage s

Fig. 1 Basic Principles of Ultrasonic Microscopy
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11116 BEGIRIBQRHEHRITIC& 5/ I
SEHE Y R DRSO RS

Basic study on tissue characterization of lymphedema mise
using super-resolution echo-envelope statistical analysis

©FBT%, Joceline Theda Kadarman, FLH #4t, =)I| {EZ(FHEX),
Cameron Hoerig, Jonathan Mamou(Weill Cornell Med.), 1% (#d4LX),
&HE ®E, WO E T8 man (FEX)
¢ BT REEROIREDMEHET (ES) BIZHNT, INERROITHER
TELI-ERZ[/H10IC, A—EMIZiKE L -ER0ET HEGER
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Fig. 1 Box-and-whisker plot of 3rd-order-moments of steering angles of
0° (a), and proposed method (b).
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Two-dimensional sound speed distribution measurement
by ultrasonic microscopy assuming a high-frequency range probe
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Fig.1. Sound speed of blood vessel . (a) Two-dimensional
distribution, (b) normalized amplitude spectrum at point A, and (c)
normalized amplitude spectrum at point B.
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1-11-19

T4 ARICEDEFEMA =

BREERANBABTEI DD
BMAEETILEERIZKARET

Thermodynamic Modeling and Experimental Validation of a Liguid-Piston
Thermoacoustic Engine with Orifice Load

FHEREN BERK ARKIER ARFEH, AERSA
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SHEET U OEREGT RO EBIEL TS,
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exchanger exchanger

Fig.1 : Schematic diagram of the
thermodynamic model.
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Fig.2: Relationship between the
hot solid temperature and the
output power with various area
ratios of orifice.
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Measurement of dependence of sound pressure distribution
on transducer driving power in standing-wave sonoreactor
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MEEAERORE
Design of thermoacoustic refrigerator
using particle swarm optimization

FAE, BHBEAAS, B (RTX)
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WLtz Ff- TOHRIZEOSWTKEEZSZEMREET o4
AR L, FOMAEEIHEL - AEBOMREER T AER hE
HBEBNOLETH S C0Pyy, DIER(E(L 0.5 &4 YFHERHERD 0.9 &

HEARTNEMEE o7
Driver 1
system 1 Bra:-\c:.ed tube Looped lube
) -
f-c;rn Straight tute
[ Cold side.
Spear Regenerator 1| Pl
.
Hok side ¢

D, (regeneralon positon)
Fig. 1 Schematic of traveling-wave thermoacoustic refrigerator
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Level dependency on Bark scale
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Fig. 1 The breakpoint of the perceptual simultaneity range V-curve.
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1-Q-2 1-0-3
1-Q-2 BERNICHTHEFRERMLA)LEEBES 1-Q-3 ASMR HFROEFEMMIICHASFEEREIR

DEfRDERIBIRET

An Empirical Study on the Relationship Between Music Listening Levels
and Environmental Noise Inside Commuter Trains
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Relationship between sound quality metrics and
spectrum-temporal modulation
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Fig.1:VIP scores obtained using SQMs as dependent variables:
(a) loudness, (b) sharpness, (c) roughness, (d) fluctuation strength.
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Analysis of changes of perceptual impression and acoustic factors
induced by acoustic modification of ASMR sounds
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(b) Long-term average spectrum of rice crackers,

Fig, 1: () Results of subjecti i
(¢) ITD of the original sounds

1-0-5
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Cross—Domain EHMfIET L DEIHE
~HEEE TRETARVUSETM~

A Novel Deep Neural Model on Prediction for Speech Intelligibility and
Quality for Persons with Hearing Loss

OMHBFENIE, BS08 FEE, AF#k WS FuLX
¢ EHHREOEETREEZ FATE 2 EHHEEEOMELBIEL
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Fig.2 : Speach intelligibility prediction

results of DeepPIQ on CPC2
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Fig.3 : Speech quality prediction
results of DeepPIQ on CPC2

Fig.1:DNN architecture of DeepPIQ
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1-0-6 ~ 1-0-9

1-Q-6

1-Q-6 REEOMT T XEERFHEDHTE
~Eh, HEEALAIL, BRESAREEIRIE
RV -1&RET~

Estimation of speech reception thresholds in noise for normal-hearing
individuals: A study using age, pure-tone hearing levels, and temporal
resolution indices.

OmgEth, FHARRS (JF2), IWARRE (ERREFEUR), ANHFE (R
K. ARIERS (FEahRiFE/ BEX), AMNGR (ERERt2—),
FEE (K

¢ ChFETIRERETHOREMBRNBEL YBoh BRI L
NLBLUHEREOFR S Y, METESHIREEHET S L&
EtLTER (NFmodel).

¢ REETE, BEESLUSHMEEEOT—42 £ALVT EHF #iE5EN
LALEZ F=ET )L (EHF model) , 2 FEAMESREISAREEFEE (GDT,

TMTF) £FhFhinz =EFIUGDT model, TMTF model)ZsHE L.,

NF model (23 LIBEEFARERMIZE LT 5 EhGh oz
*—7F, HEEREEZEERBEOT S ZRAVTIHEL-EC5 NF
model AYSTEIFFE L = model DLVEh &Y BN o f=.

Table 1:Results of multiple regression analysis.
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1-Q-8 DeepGESI: #FEEE THREZ TR 518
DIRAZZHEET L
DeepGESI: A Deep Model on Intelligibility Prediction for the Hearing-Aid
Speech
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Fig.1:Scatter plots of speech assessment predictions of DeepGESI on the
Seen (left) and Unseen (right) datasets.
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FHEET )L GESI-GAN
Speech Enhancement Model “GESI-GAN" for Hearing-Impaired Listeners
in Noisy Environments
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FIL TGESI-GAN) #IRET 5, HEMBEEFLMETANEL,
THREE (GESI) & UEHE (PESQ) OEEIZEEFERFIZEME L= GAN
A—RIZKYFEEETI.
SEREETIVZ 1 DDERMSEE 2 DOMBIBH LR Eh, BEBE
FLHALT, ¥EORELEEH Lz, BREOMEHEES
TF—Aty FERVE-RIIRBTIE. TOFDELF RSN,

Ref_speech .
(L f LA ]
— EMAEF-F RN (WEELDENLEADF)
Cioan_speech - — [T -
— RN DUt " e P e cresovs
A Hﬂ)

[”ﬂii?
[.‘-" o - e
II'(X‘!'!P p—— = y

(MREC LD FRLERIT)
aTmEnEoRs
| s i ‘

R TREDRS

==
,,,,,, SEmMANORE

Fig.1: Overall architecture of the proposed model GESI-GAN
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Derivation of speech intelligibility estimation functions under simulated
hearing-loss conditions with limited speech samples.
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Fig. 1 Comparison of estimation functions by speech level.
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1-Q-10

1-Q-10 Mamba ZFL\-EEE D T-5HD
BEE THRETFAZEDHE

Study of speech intelligibility prediction model for hearing-impaired
listeners using Mamba

OIFRE, BER— (Y1 \—T—Txh)

@ SEATHIR : Transformer ZALV-BE TREOTFRIETIL

> Fllm ) T 7 LURESTECELVFRERE
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Figure 1: Binaural temporal transform block by Transformer-based model (a),
and the Mamba-based model we proposed (b).
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1-Q-12 BE T TOOUN—FEEA SRR
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Investigating the effect of Lombard speech under noisy conditions on speech
perception ability in simulated hearing loss conditions
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Fig.1:Correct answer rate for each word and mora

1-Q-11  Integrating Frequency and Temporal
Resolution into Speech Intelligibility
Prediction for Hearing-Impaired Listeners
¥r Xiajie Zhou, Candy Olivia Mawalim, Masashi Unoki (JAIST)

# Aim: To investigate how simulating frequency and temporal
resolution deficits caused by different types of hearing loss can
improve the prediction of speech intelligibility.

4 Problem: Hearing-impaired listeners often experience reduced
frequency and temporal resolution, impairing their ability to
understand speech, particularly in noisy environments.

#Solution: Frequency and temporal resolution are simulated
according to different types of hearing loss. Frequency resolution
is modeled by broadening the bandwidths of the Gammatone
filterbanks, and temporal resolution by low-pass filtering with cutoff
frequencies reflecting reduced temporal sensitivity.

# Evaluation: The prediction methods were assessed using the
Clarity challenge data with two metrics: Pearson correlation
coefficient (p) and root-mean-squared error (RMSE).

+ Summary: Compared with HASPI, the proposed method
improved p by 7.3% and reduced RMSE by 15.1%.

"w:‘;p'\l."\;’."mw-ﬂr | Cochlear Micrisg Temporal modulstion . Preformatting .
rr | .- tramfer functisn S iy [ mm
| ) | et | L B }” p ] i
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T | ()| Uit J (= |
s g
T NCC: s Spoech insnlligibility scone
Fig.1: Simplified overview of proposed method
1-Q-13 BEEXFSHEOBHABRERLCET -
aﬁﬁﬂ&xihmmﬁ

Investigation of Speech Enhancement Systems for
Improving Intelligibility of Bone-Conducted Whispered Speech
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Fig. 1: Oveniw of the Speech Entancement Systen Fig. 2 Changes in Percephsal Confusion Patiems by
[Enhancement Processing for Artificial Bone-Conducted
Whispered Speech Vowels (Subject 3)
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1-Q-14 ~ 1-Q-18

1-Q-15

1-Q-15 ERMBHEEDETAIZBELT:
AE—HTR) IRV AT LDFAF

Development of Loudspeaker Matrix System
for Measuring Spatial Perception Function,
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Fig.1: Configuration of System and Prototype

1-Q-18
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E
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1-Q-17 EE 0.5m [2HHEHED
BEARHMEDIERRE

Investigation of trends in perception of radiation direction of sound sources
located 0.5m in front.

KRBEE (REX-FHALT), AKESHE (REX-THA2 D),
LA (A, AR (REX-NRT Y A)

(&a] BEREHAOSROBETARIL, SESREEEICHELIHIT
H5. BEAROMEEREFBELMNTIE SEEHEEEOTRHE
2 EGRSAARORERHSEFMOZ LHTES.

[BfY] IEM 0.5m 2083 HREEDIES AR EERENED L S
METHIMNIEBL, NELOBESREEZRET S

[FER] BEEMAMZE 30 EZ LT LS EB-RHEE/ A/ —FILT( Y
O TR LI=(Fig.1). ChLRFEMSEESTEIERL, HERE
IR LTz REEATHRITHNEE 5 BIFHE S 1. BEEIC
ELEEICREFEL TS LR LA EEFERT B 5A -

($R] -30 N5 30 EfHATIERAA DE (T WMERDTRE iz

(Fig.2).

g

2

Loudspeaker Position

2

&
Discriminable Ratio (%)

Orientation of 2nd siimulus (degree)
2

=90 60 =30 0 30 60 90
Orientation of 15t stimulus {degree)

Bmama; \{mophmbe Position
Fig.1:Layout of loudspeaker and Fig.2 : Average discriminable ratio.
binaural microphone.

1-Q-18 AYREYrBIUFTI—AYRFEEEIC
B[T%EEEE%DEO)H:?

Comparison of Perceived Distance between Headset and Dummy Head
Speech Recordings.

LR, INRERN, SEAR(EMIN

KR TIE, REEEHEEINE & OREAEH <G U B REOT L E
ST A=, HEEOOTIZHAH~NY FEv k (HS) IZXHE/Z
WEBEEBEFHERRELEAI—~Y F DH) I2&k2/131 /=3
BESEA & CRIEEM TR 2EREHEATL, BEARELET B,

®Fig. 1 ICREFHFOBBENETT. BUICKESZGEL, REH
SHE <AL BXEEL R L =87 % HS & DH TR &S L=,

& TRETIIS, $E LI-HEEEE (530%) £ HS 84U DH THEL
F-EERSE L=, SMETHL 104 (FHEH2128) T,20m
FHAEL LTIRRL, MIELABEERE LT 551,

#Fig. 2 &Y, 1.0 m LUAOD;RIESETIE, DH i HS R E U 9T
0.72 m KE# RMSE %75 L1z, Jhuld, DH REEH Y DZRItFEA D
Y hIESANEI B A 5 A T-ATREE AT B,

BT

Loudspeaker Sound level m oS~ 1zdm
{a) Calibration tone measu rv-mml [ §pﬂ‘rh mmm ing

o 2 4 6 8 10 12
Actual distance (m)

Fig.1:Recording setting. Fig.2:RMSE of Perceived Distance.
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1-Q-19 ~ 1-Q-25

£1H 9B10H (k) KRRIY—=5 (33)

1-Q-19

1-Q-19 BEE —HLEHFIEICH(TEBEDOTZE:
THILIVNMEEREEBE R HEDBER

Influence of native language on auditory-speech motor control: Relationship
between formant compensation response and vowel distribution

OL:iTigesh, #k TEfE, fiok EA, #8K #E (JAIST)

SBH: T NERERE D 1 —F/A\v Y (AAF) TTSAT-IESR
EEESTHROBERETERIEL. F1#ETESEOEEERAEL -,

¢ FE BFE - fEE - A MFLEEES 10 2 5HRIZ, Bl
4% F1 B8 AAF EREEHL-, FEEOERSHHE FI1F2
TFETHHL, BEE S mOREERILT 5 REEI £HH L=,

SER  F1-F2 FTEREOBESHISESHETHE T ERL. AAF
WEELF-BIEILICRLAHTFER L. B sh - EE .
COMEROER E BB —ELT-.

S ER  FEHFE0OBEATIEEN T4ILT L b AAF BEBICHT S
WHEFREL, BB I 2y MERICH D (BB L SFHIRED
RN SITERH - R S A R AR T B,

0 450
o 00
o
50 v A "
= ¥ 200
] A
§ A 2
2 3 ~
] 200
= r v
E vy
bl v 150
A
0 A 100
9 %0
10 | | 1 o
up down Fup  idown up  down Fup  Fdown up  down  up f-down
JPN CHN VHN

Fig.1: F1 compensation amounts (. upward shift, 7: downward shift, dark color: native language,
light color: English) and influence index | (upward and d for each ge group.

1-Q-21

1-Q-21 The Origin of Sound Symbolism: an
Articulatory-based Approach

O Tess Spiteri, AHidekazu Nagamura, Kohta |. Kobayasi (Doshisha Uni.,
Fac.Medical and Life Sciences)

#Sound symbolism involves non-arbitrary links between speech
sounds and perceptual meanings. While well studied through
perception-based tasks (e.g., forced-choice, ratings), its
articulatory basis remains underexplored.

#This study introduces a production-based method using
articulatory synthesis, grounded in the motor theory of speech
perception—which suggests that speech is processed through
inferred articulatory gestures, not just acoustics.

423 native Japanese speakers used a slider interface to adjust, in
real-time, 7 articulatory parameters randomly (e.g., tongue height,
lip rounding) and generate synthetic stimuli corresponding to the
resulting vocal tract configuration, via an articulatory synthesis tool.
Each trial targeted one of four concepts: small, large, round, or
spiky.

# Results showed clear trends for size contrasts, but weaker effects
for shape. Vowel-only stimuli may not reliably frigger
shape-symbolism. Some articulatory effects (e.g., velum position)
may also reflect volume rather than symbolic association.

#This work proposes a new framework for studying sound
symbolism that bridges perceptual judgments and motor
representations.

1-0-20

1-Q20 HRBEEHENZEFTHEFOHEEIC
5588
The effect of congruence of virtual image and reverberation-induced speech
on speech intelligibility
OREFHE AFMEEERX), KEEEAIR), BRE—-CUSEERD
& REEHN CG THHRRIFERO—BES, BETOREFREE
DEFHREICS A RS EREL:
@ Table 1 D 5 FEHTHEIEBREIToI-4ER% Fig. 1 (TR
S ERERS B L RESREFOPERESHE T TRES L
B - BRI HOREFHEEORRE
& RERD CC THHRERIFERD—BE L. SFHREICEEEs
Alihotz
Table 1 Experimental conditions

iy Visual Audio RT (s) RT (s)
Condion Condition Condition | Recording | Listening test
A Without 1.5
B reverberation 12
C(_cﬂngruent) Larger room | Reverberation 12 12
D (incongruent) Iikiced 15 1.5
E (incongruent) | Smaller room 12 12

100
90
80
70
60
50
40
30

20 -
10 D
o
B C

A

Correct rate (%)

+]

E
Condition

Fig.1:Mean correct rate and standard error of the target words.

1-Q-25

Q25 BEEEEOELGHERETOXE
BHlC BT D REEE DEREMN
B (2) WERIREREZXNRIC

Prosodic features of speech sounds in the reading aloud of sentences at
different speech rates by hearing-impaired people(2) : For hearing aid users

OFRith (REK-£)
SRS E 4 A TR, BUAEECOXEEROER
EHEL, FEEEE - 5 - BRERMOE ER L.
& TORR. UTORHMBALMNE T =,
S OEEAECGDHIIONT, 1 E—FHY O REAREHI L,
FEE L U R—XBRIDBIEHRE LD T EARENT
¢ QEVFEETEER VAR LS A SERASRENTZ,
SOAIHNELEREOERMHRL L, B2 &rBHom o1,

(Hz) OFast ONormal BESlow
300.0

250.0 |
200.0
150.0
100.0

50.0 F

0.0

E F G H

Fig.1:Fundamental frequency at different speech rates
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(34) F£1H 98A10H (K) HKRRY—=I5 1-0-26 ~ 1-0-29
1-0-26 1-Q-27
1-Q-26 Mt EEREEDEEBE A8 T 1-Q-27  NSA—AMEBFHETIVIZKZERHEL
B4 DS TFHA SE Y SRS EREEEEOAR

FXEVATLORHE

Development of an Inclusive Design Rehabilitation Support System for
Visualizing the Recovery Process of Age-Related Voice Disorders

KRR, EREN (KRTILAREE)

& IR Presbyphonia) lSBERE D T 2 =7 — 3 UREHE
ETFSEHEZTTHL, SREhiO—EEHTY, BEEGICERS
T5.

S FHETIE MEESHEEEICHL, Al &4 2 IIL—TFHA VI
HSYNEY B AT LOWEXBIET

@ R TIE, VFE(Vocal Function Exercise) BB D EEHAED T LR
FHROBAREORTOFETOENEHET 5.

SVFE A RENERESE & B AR EOREHHE LS
[ R THROEEEHS DB THREST-.

@ RO N AN EEMEEEC BB eSS h, COHRY

AT LD UEED—BIE 10D,

Fig.1:Patients with presbyphonia Fig.2:Patients with presbyphonia
[Humming] [Difference in pitch ascent]

1-Q-28

1-Q-28 BIRHPIKAEZEREIET LA L= long—form
BEREOA IR HEERRIFTE
An experimental study on the effectiveness of long-form speech recognition
using selective state space models

O, SHEA IWRET BREK— NTT)

& ERERETET ILO—FETH D Mamba ZEEREOI L a—4
& LTERAL = Mambaformer [Z2ULT, AU FaSLFEERANT
BREAICEE T2 OFRERER LT T LT, longfom BFE
I AfER L2 B L=,

5T - {fEty & LT, BUNEEOEEEZIEL 1z EuroParl %
B/, 2—/ AL A 2 MERIZEDWNTES A > R F—4
DBIEATL, ThEA—AIZRERORLELT—2 Y FEERLT=.

@ Mambaformer 17 [BI= & 2FTEATIE, RERORELT—F Y M
#HLTHYF2SLEEETS T LT long-form BFEIZxd HIRHEHE
EEUES LI ENTERLS ChoDT—42 %2 LEabEz0—
NATEEETOHBEIRLELRELEMTE . (Fig.1)

@ Ff=. Conformer &MELEITIE, #9 60[%]LALE IR EHEEL D2,
I DR 2 R L =,

mtim_epoch

curriculum | e -
coneatl | concat? | coneatd

Fig.1:WER of Mambaformer using curriculum leaming

Synthesis of Intelligible Speech for Individuals with Spinal Muscular
Atrophy Using a Parameter-Weighted Averaging Model.

FAARBK, SRR E4RTHEC, EOTh
(HFAE IGEAE, CRERREEEASE)

& FHETIE HREEE - L OIS AT SEED23 a2 r—a
LEXET B0 TR FEFER (TTS) ETILOEREBMET S,

& HFEHEEEROIEREEEFE Lz TTS TFML EEEEOFKIEHE
%79, A3 aH—La vHRICANELERESRT AL LS EEN B,

® FHRTIE HEEELH LG 5 S HiEREEESED TS ETIL0E
NG A=A %, ETIVOEEERILICMETFHL, FHLL TTS EFIL (135
A—AMEFGETIV) ORTA—R LT EFEFERT S,

® SEATIE TTS ETUZ VITS #HERAL TS A—SINEFSETILEERL
(Fig. 1), FOEKSHEHEEEHHFLODBEEOM EFERLTLSNES
e, BIEHRS LUT 45— Mok AEEEHEZE L TREELT=.

Winvefoom

Phoncens Sequence Noise

Fig. 1 Synthesis procedure using a VITS-based parameter-weighted averaging model.

1-0-29

1-Q-29 T 54 A2 hZBUVEL Transducer A—2
BHGEESERETET LVEEOKRE
A Study on Alignment-Free Training for Transducer-based Multi-Talker ASR
FE B EO K FO0T7 75, B =
IR #F0, &E & il FF, =# EA (NTT)
S AR I EE O EEN S TN L EEEOREENER LR
[T HMUGEE SRS (MT-ASR) 2RV ==
& ABFZE TS Transducer (RNNT) A—ZD MT-ASR ETFILEHESE
@ TR TIEEEEDHASTAILDE b= VEB A LARTD
IEFIZLTzA > T 1 DORINMVER - ERT—2 ZANTEE
F5F%E (MT-RNNT4SOT) %%
X BRI C(EEERADERRE AT LERAVWTEST
—ADMT 54 * 2 bOEFEEFHNE
X HREIETOEBEOE A b—0 UHSRET S BEER YR
HiafeegY, BEETIL M) #RLSCZ LHEE
SAETIELT 54 A2 FERWTITEERRETHY, HRIHIEES S
L OFEBERA I NTRELTFE (MT-RNNT-AFT) %128
> SEERIZ & Y MT-RNNT-AFT [ MT-RNNT-SOT & RFEEMZHME
BEEERL, 1IREFETHSD MT-RNNT-AFT OBEIMEEFEER

Table | : cpWERS [%6] (1spk/2spk) of
each MT-ASR system on LibriSpeechMix.

System Offine | Steaming
Single-Talker ASR 27645 414666
MT-RNNTSOT 2640 1265
MT-BNNT-AFT4KD 2637 4167
+HM 2434 4063

Figure 1 : Overview of the MT-RNNT-AFT pipeline
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1-Q-30 ~ 1-Q-33

£1H 9B10H (k) KRRIY—=5 (35)

1-Q-30

1-Q-30 KIRHEZEFIEEE BEEAHETILIZE DL
CTC 7S F&FARALEBATSA A DR

Exploring Time Alignment Using the CTC Branch in a Large-Scale
Multilingual End-to-End Speech Recognition Model.

OAIEE —RiE ARKER B8 V=——F1L—
r“r"\

(—‘ O[smﬁma«r»bfu:w J

V== N—T O EBIEHEEEEHE Whale TY !
140 EER-HIGL T, CTC o THET !

LU EBESITSMAVFAOET L ERNT 20T KRE.

!
FIAAVFRADETILLSBEAHOEER ! L o0 3
Whale [Z(3BEI-#EE - S BECTCETLLHS ! !

8 Whale-CTC & Whisper-X

09
08
o7
0.6
0.5
04
03
0.2
0.1

Acc, (%)

100 200 300 400

collar value (msec)

Fig.1: Timestamp accuracy on CSJ data.

1-Q-32

1-Q-31

1-Q-32 N XRBFEETINE
BERE AT LIZHEA
Application of Bayes' Deep Leamning Model to Speech Recognition System.
VIR HFRIREARR), RFF(RIER)
& SEEENBEFREENICR L LTWAY, HEEAT TERZE
HRELZE L ETT 5LV SEENFET 5.
& —MICIE MERECTEMMUEZEEREICITI LA B
¢ R TIEERZSORBER LE 8L LT, BEFEETILAA
AEREERAL, o AFEBFEETIVERET S
S EEFENTHELERT HESLEANGA—F 2HEET 52
ISk S HEDR L EBIET
& EEZEEREND SIN LA ENBIC DNBHEDET#ERTET
WHIEMD, FFEOFIMEL R TES.
Table 1: Recognition

N Word Proposed Comparision | Comparision

method method 1 method 2
HHLE 86.7% 100.0% 100.0%
El4. 100.0% 93.3%)| 100,02
1 ] 100.0% 100.0%)| 100.0%
htks | 100.0% 100.0%% 100.0%)
Average 96.7% 95.3%) 100,0%
HhobE | 33.3% 2000%%| 26.7%|
Em | 100.0% 100.0%| 93.3%)
173 e I 100.0%| 86.7%, 100.0%,
Fikb~ 100.0% 100.0% 100.0%]
Average 83.3% 76.7% 80.0%)
BBLE | 333%)| 13.3% 0.0%]
El4: 93.3% 93.3% 86.7%
173 *B | 100.0% 46.7%| 93 3%)
ik~ | 100.0% 100.0%% 100.0%]
Averige | 81.7% 63.3%] 03]

1-Q-31 BEFREOAEWEZERALI-EEIHMKEFS

End-to-End B E R DIRET
A Study of Speaker-Independent End-to-End Speech Recognition
Utilizing the Invariant Structure

Y EAR, PR, EH{EA (IR

*HRHBONI-FEENSEREXFU, REENEELTW TS
512l LIsHE

®End-to-End BEEESRICEVT, RESESICHT A ERAERL
FiEOE

& FEIHET USRI AIRA S [RTHE) LI EERHEE
*EM

@ 30 Transformer @) Attention H#Hl 2451+ HPREEHH & T EHRE &
OEMMEICHER L. =7 Attention HEOISBEZRET (Fig.1)

S EEEE 1 AOERT, —SOFRFEIEEISNT HIREEEN R L

— —_—

Mask (opt.)

Random
Projection

input x

Fig.1: Proposed model architecture: direct feature extraction based on
invariant structure (1S) similarity

1-Q-33

1-Q-33 TS-SUPERB: HRIGEE B IR I(ZELD
BEHMHYFEZETILOALFI—Y
TS-SUPERB: A Target Speech Processing Benchmark
for Speech Self-Supervised Leaming Models

@EREM | Peng Junyi®, Delcroix Marce', #&3E ', Plchot Oldrich?,
ERETF ', Cemocky Jan® (NTT, 2 J L/ TRIAS)

& E7 SSL ETILOBBICHEL, TOBEERBRTOLOOFMEER
iF - ST A1=ODAR U FI—o hMRIZESA TV,

& LML, ThETORLFI—I [LEICHE—FENHERET THEE
THUFVAIESAEFLTTLAS

SETIE, MERNT CIEEGEENEET 54 URBMIKRZ8E
L. TOREEFL - BMEEOEHEEHRAMET 22RO (TSE -
PSE - PVAD - TS-ASR) TR & B~ L F 7 —% TS-SUPERB %12
=9 B(Figure 1).

SEBAS, TS FRVDFEEERIE, BET 2H—EE2 R0 OFRE
{Em & AR AR AR S AL 2 EABA S M E AR Y (Figure 2), BEFFDA
UFI—VIEOAHTIE, L YEBRERRYISELT- SSL ETIL
ERET HIOOHERIEL (T Y BRSBTS hs

SV ASR  Sep PVAD TSASR TSE  PSE

PSE TSE TSASR PVAD Sep ASR SV

Figure 1: TS-SUPERS system Figure 2: Speamman's rank comelation
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(36) £1H 9B10H (k) KRRF¥—=5

1-Q-34 ~ 1-Q-37

1-Q-34

1-Q-34 Early Exit [2H(THREBADTEHIE
WAL HEERBOBRI
Speeding up of autoregressive speech recognition by introducing attention
mechanisms to exiting layers in early exit

OiAmE, IEEA, HARRE BhEX BE HEHESE LR

HEHF(NTT)
@ Early Exit
> HE—RHEEE OFEEATTILOE T4 —TJ0vsIZ0 LT,
IBILEHEEEM

= AUy b FEEAVTIEL {EERTE SEMEHR TNEL RIS 5
CET HEEHS LT EEROEE bR ER
& EEFE
F EUEICEIT SBILEERORELTEL
—2 | VETHREDET 2 Z EATELLOEE EEAYEL
*EFA—Lay
> BIBEHRED, 3T A — SN SR EE LU Early Exit| = & SEEE
O35 VD ADFER
* BEF*
> BMHEHE S FEFAETILOMIZEEREES AT Tansformer
Decoder Block Z3B/0
» Ay I a—F—OEAEBELGALBMBHETHEETE DL
32518, BEEEEOCL TS A—EHMERE{T LY L35
[ HEORELRADS
&R
> ELVEORER S EUEE bR ER

Fig.1:Left figure shows training with conventional exiting layers.
Right figure shows fraining with proposed exiting layers.

1-Q-36

1-Q-36 CTC &EWFST ZUL =/ Tk
AT LIZE B MERRE DS E R

Speech Recognition for Individuals with Cerebral Palsy Using a Hybrid
System with CTC and WFST

*RBH, R BRE—C EO0Eh ', ABRD#EH’
(PR (SEEH, CIGERS)

& AR TR E R E L-EERE2BMET 5,

S HBEREEOTETHTETILOFEEET IR HEREE0EEEX
BIOET L EHRBTHLE VS FREN DS,

SAHRTIE, Ron-BFT—2ZUEMIZANSZLEBMIZ,
EHTEHRKEE S AT 21— (Weighted Finite-State
Transducers: WFST) #~_—R & Lz T v FEEZEETIVIC
B“BT 5, F£f=. CTCWFST OF 7o—F%#HAL, SHETILO
TEREm DI B T H U FEETIVEERT %,

& T—ATREORBEITHING Bz, EEAKIZLSHT—2IBRETL,
BEEETIVOBRBEE D 74 »F1—= 25 %575 (Fig. 1)s

SHNTIE BEFEEEZEETETICLVESEETRT.

D Phone label D Phone label D Phone label

Quantized representation 3 (TC Loss 3 CTC Loss $orcios
. Recognition result Recognition result Recognition result
{)c Loss ' 4 Fy
Context representation | Linear I I Linear | [ Linear ]
Iy Y ry

: =
| wav2vec 2.0 W | wav2vec 2.0 | Copy I wav2vec 2.0 | Copy | wav2vec 2.0 |
—— +

- f— synthetic
Unlabeled speech Labeled speech I;;.a::::mm a usler spe:l")'eflf?ﬂ:%se
without disorder without disorder with disarder with disorder

Fig. 1: Our acoustic model multi-step training procedures.

1-Q-35

1-Q-35 BEEEN—o DEEEIEEEN
2B 2 HTHORHER

An Analytical Study on the Prosodic Encoding of Discrete Speech Tokens
© BHEAM (FAERH), RUK (FERH, A F0ME0 (FER
@ #HEk < EHEE

This WAS leasy for us wesEossm  dsifl) — SYBBCRS
THIS WAS EASY FOR US =msttemmizsam cexi

@ SSLETIOEMFBICHITHTRIFRONR BERK vs EHD
* Self-Supenvised Learming

HuBERT o data2vec
o = Wockwten | g5 100 chisters
= Sonchmen et
oMy - 3000 chatery | 9301

[T 028

=om]|

gowf - o —
018 [Ey e
018 T = a10] e
oo . s

R T T R f‘ié S dowaz ™1z 3 4 3 f,‘i 8 9 1011 12
1 BRRZEAE~DIEE (TER = Token Ervor Rate) .
HUBERT (B0 — Z5ARBAAZVIELEL = IISRATLEBNEERAS

data2vecGliSE) — JSASHMAUNSNEL B = KYFARSMENTEIRINBLEIEAS
* f=f2L, EERHEOA. FRETIEELI - HR

® K-means £ AN EE TP ET HLERE~DBE UP
@ sSLFEBICBETY — HBRE~OBRELFE~OMEEYE UP

.
B~ OEE ) EEEA~OERE
0308 —=— 100 clusters are =
aire] — 300 chuscsrs ces) )
aisg| —— 2090 clusters — —
.| e "
i S e —
B cam - - o B )

G S | asel . .

- . | nasi. e clusters
. — 500 chusters
nars el

= 2000 clusters
non6 U 3

5 7 ] n 13
Window se (frame)
DSAREM 2000 — 9~11 TL—L(=200ms) THEIFI9E M THE,

B~ OERE 1 & EEME~DERE | Window size=1 LM HED

5 7 3
Window size (frame)

= FEEBETILAQGE?
1-Q-37
1-Q-37 Parakeet-TDT Z L=

BEEEEFEHOSHEL
Improving accuracy of dysarthric speech recognition using Prakeet-TDT.
FALIEERE, BB EHFE, EWEE, LEAE (SEEER

@ FFTIL Interspeech2025 Speech Accessibility Project Challenge (2
T—{u&Ef@F L WE EEOOOBEEEHTTIVERST 5.

S HEFEEOTEL FEREOEEEIZL Y FEHEOEMA T
LBz, T BRI FRAMAEAET Lo,

S HEESERZETIE BC8EHYFEETIVERVE7 J0—F
AE B ENTULDAS, Whisper 75 EDOBIIRTE T & DITEHHAE
DHEHHE VITHhNTLVEL,

¢ TIT, AHEShTWSIEEREOSL BIFEEAAETILVEREL,
ZORTHERSEER LT, HEHEESBVETILEA—RE
TILEL, finetuning L= (Table 1),

@ EETIE A—RETILE LT Parakeet-TDT 1.1B Z#FAL. AL
BEREDF=hDT—2IRRY, Roh iR TRBEET 571=0
DT 2— FEREOEAIC & HREHRREOHE AT o <.

Table 1:WER and SemScore for the existing models

trained on standard speech.
1ol Dev Testl
o WER SemScore WER SemScore
wav2vee 2.0 large (fine-tuned on LibriSpeech 960h) 32,55 6412  N/A N/A
HuBERT large (fine-tuned on LibriSpeech 960h) 2546 7116 N/A N/A
Whisper large v3 21.66 8149 2364 8338
Canary 1B 15.35 8243 N/A N/A
Parakeet-RNNT 1.1B 12.88 82.64 11.02 85.73
Parakeet-TDT 1.1B 12.79 83.15 10.40 B6.T5
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1-Q-38 ~ 1-Q-41

£1H 9HB10H (k) KRRF¥—=5 (37)

1-Q-38

1-Q-38 Whisper & LLM |2 & B4 RLHIESVIEIEIC
R OEEEEETFRHE AT LDEE

Development of Dysarthric Speech Recognition System Based on
Generative Emor Correction Using Whisper and LLM

OREEE, BMas EMEE SEERD

t t
% \nisper MITGRA o R
t t n proen
1 et e
15t Stage 2nd Stage

Fig.1 Overview of the proposed system’s training.

® Whisper & LLM ZRU\zERMIEEYIELE (Generative Error
Correction: GER) ZHEBEEESHEHIEMA.

® 22T —IUMFHIZHWT, T—F v NEIRE LoRA * QLORA
ZEAL, KRS EFHERIR G L TERERMICFEE R THE(Fig. 1)

o ERELT, BEEEESHRIMOIEEZRD INTERSPEECH
2025 Speech Accessibility Project Challenge |Z T 3 fiflC AE.

Table 1 WERs and SemScores on the SAPC.

testl test2
Method WER SemScore WER SemScore
WLV2 (baseline) 14.97 82.26 17.8 75.85
WLV3 10.38 86.26
+batched inference 9.65 86.99

+LoRA (1st stage) 8.84 88.19 - -
+GER (2nd stage) 8.43 88.89 10.90  84.42

1-Q-40

1-0-39

1-Q-39 [t RFEIC LB EREEEDODERS
BHES AT LIZH T RERF MO tHERET

A comparative study of speech characteristics in an automatic speech recognition
system for dysarthria patients with dysarthria due to cerebral palsy

AFMELEEA-E), OMEHh (CIaHIER-HE)

*FRFR (S, EEEEEEDFEECSFNDE VEH OTTE NS
IR EDFEH N BBl AT SR DRAE T DUV,

SR 1o G, EEIEEDE N'RI5EE 7 ORI
-BE STEE (AJRIIRDERL CH)
AT 7RI 3TEE (SHERERL CRE)
- (EREAS) & 135 [BrhSISFhUs CACHTEELE]
- OV REESE 10389 & SEmwr ET 10180

S ELEDEETERISFEESIETS, SR0EHE ©° BEEE
DIESHE hiEREH= AT LADMHEI AT D atiss.

Table 1: Acoustic measures and keyword recognition accuracy

REE ODK [syll/sec] EEEEE [%)
(o]
Jitter Shimmer NHR[dB] | /pa/ fta/f fka/ Cmd. Mum,

Spk1 1.56 . 1840 3.07 287 240 16 20
Spk2 040 293 2522 464 532 512 60 72
Spk3 198 866 16.14 253 290 250 16 26
Spkd 047 305 24.50 493 453 400 92 94
SpkS 037 223 2944 6.27 823 6.83 94 80

Spké 068 243 26.03 093 077 07 30 24

Spk7 077 6.06 1934 450 373 270 84 86

1-Q-40 Wild-card CTC IZ&k 5 F—7— Figi &
FfEE/ N1 7T RAERALV:
BEETRLGHIOESFRE
WOCTC-Biasing: Retraining-free Contextual Biasing ASR
with Wild-card CTC-based Keyword Spotting and Inter-layer Biasing

@ rhiA{E, Michael Hentschel (LINE WORKS)

# End-to-end B85 T4 SZMBEIFE T— 2 POERICEEFL.
EEAEGERLVBOTHERENMET I 500D 5.

& FHETIE, BNMOETILFEECEFEREANSZ LK, CTC
ETILOMIEESRELR LS5 FEFRET 5.

& HEREFICEET Lo —AOFRBIZHET, F—7— FEBHETL.
BHIh A —7— FE2I a—4EFRICEHDSIT5 I LT AR
F—D— FOTREENET S,

& HUEOF—7— MEHIZIE, BEA—HC L ER TS, 5iF
HETSATRIAEAS Wild-card CTC AR LT=,

& AREDEEDHESERICHE VT RSB 5 F1EN 20%AET

HILERERL.
Frame |5 6|7 8|9 [10[n[12[13[14]18]16]17 18] 19|20] 21/ 22|23 |24]2526 | 27(28 29 30| 31 (3233 [34[35
Baseline _ | l ) D Alo]f-]-]- _!I_ | el |- !._
were [T (=] [ [ [.]= N_|FI#F|_|_[8]|_|_[_[*|*|*|**

Tokens

o

0 20 40 60 80
Frame

Fig.1 Wildcard CTC decoding path for the target keyword “SA/ VF4y".

1-0-41

1-Q-41  fhfEEIZFH+5 Contextual Biasing &
LIRS T
Intermediate Contextual Biasing for Rare-word Speech Recognition
©Michael Hentschel, BiAE (LINE WORKS)
@®Endtoend BEEZR VAT LIZEIT 51— —EREROEELH
~OERGIE, e L THRABRDIFETHD
S ILIEEOFEIEERET 5F A L LT, neural contextual biasing A%25E
ShTlhag
& FHETIL, seff-conditioned CTC E#B#4E 4 1=, neural contextual
biasing DFT-THCAERET 5
@ EFMICIE, £TO self-conditioned &< neural contextual biasing %
WAL, HLEOPEHEORLEZRES
S EFEEET A EAVEERICE Y, AFAIHIOEOZNREE
25%~62%Mm a5 EHFHER LT
#Table 1 79 CSJ. Common Voice (CV). JSUT. TEDxJP DT—%4
ty FERLVEERICKY, REFEOFUMEREIL:

Model Evall | Eval2 | Evald CVv | JSUT| TED
SCCTC R—2R
Z4 5.1 42 4.0 222| 136| 175
R 49 3.8 39 20.7| 127| 16.7

Table 1: CSJTHE L-BFHETIIZHITHgreedy CTCTa—F
(DCER[%]

BEAEEZR% 1540 (20 25FUF) ARERS




(38) £1H 98B10H (k) KRRIY—=5

1-0-42 ~ 1-0-45

1-Q-42

1-Q-42 BEREICEITS
EHBFAXRDT=HD Tool-use
Tool-use for Proper Noun Handling in speech recognition.
OB, ke, EARME, ARREE,
AFEEE NHK), EEEE (CMU)
S ERITBETEGLV EELRAOHEFETRE
®E2E EREETETIV BHEETHIERRATHRENEL (%L
S HIRT 2EERFEHIMEETESHLE — Biasing 1 Finetuning Tt
HATHE
SHRT IERLANEETELLEE — FEXE
> BREICEENIEEREDEIEEIFE (Named entity recognition)
> BEHEBFRD ) HHEFE)ELEA (Phoneme recognition)
> SMEBOAEGRER AP SIE LL\RACEEUS (Tookuse)
@A TR A MR L CERRRADZRREONRE S

API eall .
with pp

. API respanse
€allyer > Pper / Bper <feallpey >TF

p

r PR "
Speech J | Textoutput:

| “lperson_name} T4~ | Encoder Decoder 1 gt o

.

Fig.1:Proposed method

1-Q-44

1-Q-43

Model-free Speculative Decoding for
Transformer-based ASR with Token Map
Drafting

O Tuan Vu Ho, Hiroaki Kokubo, Masaaki Yamamoto, Yohei Kawaguchi
(Hitachi, Ltd.)

Transformer-based end-to-end ASR systems like Whisper
achieve high accuracy but suffer from slow autoregressive
decoding, limiting use on CPU-only devices. Speculative
decoding (SD) speeds up inference using a draft model, but this is
impractical without GPU support. We propose Token Map
Drafting, a model-free SD method that uses a precomputed
n-gram token map from domain-specific data to suggest
candidate tokens. This approach accelerates decoding in
structured, low-perplexity domains with minimal overhead. On the
CI-AVSR and internal datasets, our method achieves up to 1.37x
speed-up without loss in accuracy, outperforming CPU-based
Distill-spec by 10% in decoding speed.
EEEEE =

First token after

malehod portion
15558 (15550, BOTET, 24113, 26T, 1541)

s (FEEEE) FERE
i Tififif

N INEN GRS, NN, DA NPBIS, 4605}

10786, 227, 407E) (887, ZTEM, ZINT. 238, 15T)

[ Encodar cross snemml :

1-Q-43 BAREFHSLBEEOMBEERELL:

EERHO-ODECHEHYFEET
IVOEIGFiE

Adaptive method for self-supervised leamning models on automatic speech

recognition based on shared knowledge of Japanese dialects and standard
Japanese

WOE)EEE, ABIBEE, PEXE, b)IE—BEX)

@ AHIE T, BAEOHSE(COJADS) HZHEEDmEISEG L-F
EEEETIEEDT=H, SSL EFIL XLS-R OElitFA=DLVTHE
Lt

S EITHED IR I 74 oFa—— VT FFREA—RIZ, FELIZHE
RBEREICEEICAVAGTE TILFRARAIEELLTITI>HEHE
ICYTFSIRILERAVSFE, JREET—4EvrELT
ReazonSpeech Z#i1=IZALVAEED 3 DIZDLVTEE L=,

O E LIBEEFRABICRLATETIY B EOT I RERET—
AM 1 AFEHEG-YDEREICEhESLICkY, AEEETIE
28.5%, 1EHEEETIL5.5%0 CER #E—0) ASR EFILGER L=,

Method CER[%]
(Training Data) csJ COJADS
adapter-based ft (full ft)
(CS.J:0h, COJADS:63h) 11.
(CS8J:3.7Th, COJADS:63h) 5.
(C8J:60h, COJADS:63h) 4.
(€C8J:230h, COJADS:63h)

(11.1)  29.2 (28.8)
(6.6) 28.5 (28.8)
(4.7)  29.2 (28.7)
(3. (

2
5
3
3.7 (3.7) 29.4 (29.3)

Table.1:CER of a model trained using both standard language and dialect
speech simultaneously in the final stage of a three-stage fine-tuning
method

1-Q-45

=

Figure 1: Overview of our proposed speculative decoding with Token Map Drafting.

Mel-spectrogram

A Unified Speech Tokenizer from SSL Features:
Disentangling Content and Style with FSQ-VAE

1-Q-45 SSHEEICED & -0 1
FSQ-VAE IZk BRA L 221 LO5HEE

¥r Zhijie HUANG, 7ifR A%, 44 (583 (RAPRR - BRRLY)

Motivation complex, inefficient
SpeechLMs often rely on 2-stage tokenization.

Acoustic Waveform
SpeechtM| OO0 | o oo | CTT | Do coder Wl

We propose a unified speech tokenizer for SLMs.

content
~ Va OO0 Yokens N\ .
W\ Tokenlzer\ style Detokenizer | w/\/\n
[0 token

Design Unsupervised disentanglement. Multi-task training.
SSL Feature L2 loss

D Content rgq 8 Feature D
En O De

SSL
En
Style s Mel —
IEDICEEEAIE
""""""" e TP

Results

Single-stream 25Hz content tokens rich in linguistics and prosody.
Utterance-level style embedding for speaker identity.

High-quality reconstruction: 4.06 UTMOS, 2.66% WER, 300bps.
Voice conversion experiment shows effective disentanglement.
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1-0-46 ~ 1-0-49

£1H 98B10H (k) KRRIY—=5 (39)

1-Q-46

1-Q-46  EEHEEE TTS TR FEBEEIEDHIAH
FEERV-EAEBREHEEEDRE

Estimating speaker identity preservation in multi-speaker TTS
using features with deep speaker embedding.

ik B @ E— FoEuux)

SIEMEERTIS BN L-AREROEEHERE BREFDEE:2E
WTETLVADY) ZHE Fig 1)

¢ SBEFEH Sl L-FEEFEIROAMFH (x-vector) &FEEHEIH
HENE LI-OCR T v ER @b YUEE) *EE
> EEEEBIE (Table 1, 4,507 {8) : SREFLEHEFEEML,

MELARTEHRTES
@ ANEBEOHRE 21 S THIR (x-vector MATTEDER)
& EAZE0. 65, ROC Hh#R AUC EHE 0. 70 (10 HEIRE=HED

ald
ERDTEZ-
FEARRAR

e AR
il

Fig. 1:{BRFED2HE
Table 1:H0IC + SEEETERITOERER(O—/ (ZRPER)

J—INZE BHOK | BHENG | &
cs)' 177 423 600
Jys? 143 857 | 1,000

JNAS? 483 | 1,317 | 1,800
»R4 338 749 | 1,087

Xeno-canto®| 0 20 20
i 1,141 | 3,366 | 4,507

" hifpsifidoi org/10. 1508400001357
2 hiips:fiandvony/abs/1908,06248

3 higpsfidol org0.321306rc JNAS

* hitps:fidol ong10.32130krc GSRAD
5 hitpsiwanaEno-canto oy

1-Q-48

1-Q-47

1-Q-48 R EESHIMMEICH LS8 E
BAET ¥ RMEEARI—/ SADRE
A Study on a High-Difficulty Japanese Text-to-Speech Corpus Specialized for
Sequence Consistency Evaluation

OFH BF, HF EA &F BIL P HFH (Parakeet)

+ BCERED TTS FHAIEEOBANI BN —AT HIEORY
R LSRRy T EORFINIFESHHEE BRI Y HTL.

o BFREICBWTINLZTHET 57D 2—/ SZAHATFE L ELV8,
LIF® 4 204 Tt oS S5l —/ A EEL -

Table 1: fEfE Lz —AADEY 71 v FoE Eh 5 308H

Subset Samples
short T27) "M T Th= ) T3y
=5 Aok, Aok, Aok, Aok, Aok, Aok, Aok, BAKSHT?)
repetition

Fh, bbb, Bz, FAZOLDLS, BHEHAL
"EtoaiT, WEROIRBELRAT S0, REPMMEhE.
MEPEEDBITOH TS oVT, MERTHMEL B 0T W £ 2+ MR, |
continuation laz, #heH-7T) RAORILIE. MER, i, HERAEH0)

o FERELI=a—RRUZ kY, BREISHELTWAA—TVY—ANE
CENFE! Zero-Shot TTS £ T # % CosyVoice2, OpenAudio S1-mini,

rhyme

XTTS2 Z&Hffi L 1=
+ ERERNS, RIESHELEFHETE SFHBA— \RERHE
TERIEEMEALE
Table 2: fER L2 -t 2E MR Zero-shot TTS FHONE
Model [ _short J___repetition | rhyme [ continustion T Cos. |
[eorb | cora [corw corb | corn | corw | corb | corn | corw | oorh | cora |corw | aim |
| ComyVoice? | 2041 | 6945 | 1173 | 7841 | 1409 | 2770 | 01774 | L0 | 4647 | 0.4614 | 5386 | 1560 | 07072 |
| OpemAudioSl-mini | 1575 | 14.40 | 42.52 | 1216 | 3553 | 8060 | 05320 | L343 | 3.081 | 0.4614 | 1202 | 2.340 | 0643 |
*TT5v2 5299 | 1465 | 39.92 | T.494 | 12.03 | 18,11 | 0.1774 | 1099 | 3.081 | 06084 | Lees | 3114 | 0sana
| FunBpeech? (J6UT) | - | 8661 | - | - | aeve| - | - |ewed| - | - eosmer| - | - |

1-Q-47  BMEBERELZTIS ETILRME
KA ETILN—Y &
5 27 BifiDIRE

A study on model merging and task arithmetic
toward training-free TTS model manipulation

OEFEA, SHETE, HFElIE, PHEMR (Parakeet)

¢ FXANBEAHT. BHOEBEAETIOEHERLSIET
A7 T, BINEELZUICH L WETILEEZETILY—V O
Bl = o)
+ BHAHRD - =TILA EB S, FREIOETILEES
FM=(0-a)*A+a*B
¢ HAIRGBRIL EFILAICRT C L TiEE ST 3
> HBHETILBE, BHISHOEHE OB task #EZ5
> TB task - By EZ0EEERIARY ML (9RIRTRL)
»M=A+ B * (B task-B)
> BIZIEM = A + (B_IEE -B) TA ILRES5TESNE?
+ S2ER | BSEE VITS € AVi—%v b EICREETAT
~¥—3/ (Text Encoder, Flow, Decoder, Duration Predictor)
* R
> BRI T, 55N Decoder MEEEHERRIICE L
& EEEMERLT A, MiEB. OXSEBTTS EFILHENS
> BREY IR0 ML TOEE 4565 21EEMTN

1-Q-49

1-Q-49 BhEEHEEFHIEATEEL: TTS ETILICK SR
VI T INRAZADERTFLIZET B85

A study on the generation method of pop-out voices
by a TTS model with controllable dynamic features.

*r EEFS, RIS, BRI (BEAR)

S HEMEN SIS TBIADEFER Y T72 b4 RERES,

€AY MLOEREETTIEECTHAMMNEREOENARENES
X KYURYTFIRLOTNIEADM TS

®TTS EFILTHS JETS D varance adaptor |ZBIE SR £ Filld 5
DF predictor Z3i8A0L, ChZEHHHRIRELZTTS ETILOMEET 1=

® ERESN-BEEFER L -NREBFEETILEREETILET
KELEHBEMN T

¢ EREFEOMMSHEDTYELHET 5L, BFEETIE
BRETTILTREGEIRLNT, BIRILIMRE-BLTWAS

Average Dynamic Feature D with 95% CI

04 0358 0%z

0m:z

035

re D
I

2 o
58

Dynamic Featu
=
g2 o
& R

o

°
2

0

original JETS custom JETS

Fig.1: Average dynamic features of speech signals of the original, the
original JETS, and the proposed custom JETS.
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(40) $#1H 9HB10H (k) KRRI—=H

1-Q-50 ~ 1-R-3

1-Q-50

1-R-1

1-Q-50 WTNet:2x—TF7—TJILERIZE DLV
B8H=a1—F)Ra—4
WTNet: Lightweight Neural Vocoder based on Wavetable Synthesis
*REHE (BILKRFEE-HS HEESTFH. RE FEHES (@BLX)
* [ BREODBVERT= 1—F)LAR0—4 - WTNet #4125
& JL—LBIT-ASOEREL DV —TT—JILEHEL, [l
EOWTOz—TT7—JILSEZRY T C & TEEEEM
S EREE BRI BRAAAR T XTI FYEFATHILT,
INT A—R ORIFIHF & R E AL
@ HiFi-GAN 4> Vocos 7L EDBHFETILELE L TEETHY GHS,
EERHEISRIC ST S o OETIVICIEE H5HE 218G
& TEREHEEERICHE LT, f, ZEILEERLERT MOS {E 448 %52
gL, IEEETILEEROVRHDEREENAHETHAHZ EEHR

sl ey
-@

Outpu

Fig 1: Architecture of WiNet Fig 2: Examle of Generated Wavetable

1-R-2

1-R-2  #HIEFERBICKDTILFF I
ANC ¥ AT LODEEEEHEK
(BT A #HEARET

Basic Study on Expansion of Zone of Quiet in Multi-channel Active Noise
Control System Using Constraint Optimization

OER fitk (REX)
@ FHTIE, EHOBETA O RV ERWNVEILFF e RILT I T4
T/ 4 X3 ka—)L (ANC) AT L (Fig. 1) (ZRELT, ;EE4as:

DUKFEERIT 5. % — s

@ Fitered-x %I =35 < ANC & 3 /@‘\ P
AT LIE, BETA Y OK Bt
SARIZH 1 BEE AR /-

ERAESIZ, BBEHI T  Fig. 1 Structure of proposed ANC system
1ILAEBEHTH. ZDO1=H, 10 dB
DESFEFRDRELF LN SMHEEIE,
RETA Y ORI ZhDISERD 10
A0 EEOEEICREShS.

@ FRTIE, 2 DOREY AV ORM
ATOBE AT—ORMEERIR | @ Ememmees
e LThl EREtbic kY,
BRI D - DEEEHIEH T
JLAEFHFILIY X LEHL

SHEBEBROBE (Fig. 2), 2 DR
EXA U ORHEAT—EDHEES
BEhEond LRS-

I

{b) Error microphane 2
Fig. 2 Time waveform of error signals

1-R1 FOMADERERDEHEEDEREE
BRI DB 0 ER S Il O R E

Convergence characteristics of active noise control by observing emors
at a node and an antinode of standing wave in a duct

fe SIS, HEER(EIR)

S EKHIRTIEL 47 MROEEROEEBTERELRAL, hod
ESEMELT1 2OBREES LT HELESHIEET o

@ EERERT A5 FNESHIEIZH T AIGEERER D=8, AH
R TIRET SETCHOE LEIRE T 28205 2 +ARlcLEF
e, BEEQRERRSA #ICEATET, ICRIEHEELELE

4400 Hz DIEEEERRISHTESHEZET o= EEROBEOH T
FSEA IR LI & 2OIGERNX6.57 s THY, EEROEDH TS
EXEHEILT- & SOIEESMIE 10.33s Thot=. Ff- TIEROE
LETEIRELRAIL - L SOIGESHIL5.72s THY, EEROER
DHOEE & LB LT 461 (446 %)D5ETE ST

UMicmphone
0.:’:0 0,?0 1.90 1.05

Source loudspeaker
0 | (Sine wave 400 Hz)

—

Nl;dl' — Antinode

o —
} | Addition
Error signal ———
Fig.1: Proposal method of FF-ANC
by observing emors at a node and an antinode

1-R-3

1-R-3 KL—HTao0Fk ERL =
TIFFRINT4—RIT4T—F
TOT47 /AR A=)V AT LD
BEHERBETICH T2 REETE

Performance evaluation of multichannel feedforward active noise control
system with optical laser microphone in various real environments

KB HE (IaiEAR). SEEA (REX),
PN, FEHEE CGIenfEXR), BEES (ER

® J4—FKIHT—F7HF4T/ A4 X2> FO—)UFFANC)> R
TLIZE T 5EREBEORHERNT 510, XL—¥T4 20k
V%RV FFANC A4EESh TS,

& LWL, RLRATFLTIEShA2E8BESITMORMFHEES
FLV=, BERS FISTET, RERE T CILRFFANC &
AT LOFEEERMEENSIET 5.

& KT, BERNEERT S0, BRBIA ARV ELT
SIEHT A /R FBILETILFF I FFANC AT LA
(Fig.1) #RET 5. BEVATLIZ, BREOHNEENT L
FIEFZ, HERS EELSRESOMSNIFTES.

¢ SERBOBE SUERET CREVAT LA RLEVESE
FREEE O EAVRENTZ (Fig2).

Fig. 1:Structure of proposed (a) Soundproof (b) Office
ANC system environment environment
Fig. 2:Waveforms of error signals
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$£1H 9B10H (k) KRRF¥—=5

(41)

1-R-4

1-R-4 FaT7IL ANC SV RTF LD

CIVFF v IALICBET S1&Et
Study on Multichannelization of Dual Active Noise Control Systems
FlLFRIRRE, REHABEX), SEEAREX), 12)IFE(REEX)

@ ANC LR T LIFEESITH L CRIRIE, SAAEOEHUERS 4/ L, B
ELEREHE L L TEEERAEZTIVATLTHD.

@ FIETIE, TaTILANC VATLETILFFYRIUELTE, <ILF
TaATZIANC VAT LERERT .

@ T21FILANC VAT LEL \—T 113 LTSI -R TR
[2H175H, BEVOEREE TN ENERICHIEHT S 2 EATREETH
B.

SREVATLTIE, TaFILANC LRTLOEZEREIZESED~ A
I OREZREREHET 52 LT, EERAICHELTHEEOMS
TESERZRREE T 5.

®Fig1 ITRRVATLOVAT LIEHE %, Fig.2 1722 2 QR
LB HEFERREETRT. BEVATLTIE EbodimlzHLy

TH# 15 dB OESEFRNRMG -
—— Pantition
- o V/ D”f"'mw“,m"c ii gZO —Microphone 2L — Microphonc 2R
2ot mNHhmbﬂzm.\i.\-nmm IR ': 15 Acrras~
| 210
+— Panition o
stem -3 5
“km"mmp ' Microphone 21 é 0
dary & (Ol Mirophons 2R 0 60 ]29 180 240 300
= Pantition Tl]ne [S]
Fig.1:System configuration  Fig.2 :Noise reduction at the desired position
of the proposed system. in space 2.
1-R-6  REBNERSHIHZ BREL-HEERIIC

HEOCRBFEEAVV-BESETDOERL
High-speed sound field estimation
using physics-informed neural networks for active noise control

HENRIE ePRT, AEE, hEMEN (B
L 35

o ZAAEMEREHIENE A ANC)HEHFENES EERTES—A,
FEHEE(RONAD <A ¥ ORIk YiTEIAHR S5,

o MIELA|CH T 21— )Ly FT—2(PINNs)ZFLIT ROl
SOLE= A aRUh S ESHEEITL, ANC ISFIET 5F&
MBRESITINS,

® GEED PINNs [ZIEFBIZZ  OBEEET 2:800H 5.

*IZEFE

® PINNs BRI BN AREHE D+ — F D4 7— KRy hO—
S ETIUELM)E4EHE - PIELM £ UL TSSO £1T5.

®3al— 3 ER

® PIELM ZMLVT 200Hz IFs&RE &4 5,

® 4B BTHEEEET L, HREHIEIZHE LT NMSE TH -105dB &
BIftfERER L=,

==+Ground Truth ==Estimated

-

Amplitude
o

L
0.005 0.01 0.015
Time[s]
Fig.1:PIELM THEE L =38R = & 11 DR

LN
o

1-R-5

1-R-5 ANC VAT LIZEITET14—FI\vIBRE
FUZRBRD BB A A ET)
1289 Hi&Et

Study on Optimal Online Modeling of the Feedback and Secondary Paths in
ANC Systems

YoitiRES, EHARIER), EERRAREX), #)IEEEEX)

®ANC LA T LIFEEEICH L TRIRIE SEHanEHEES #4L. B
ELEREDOE LI L THESERETIVATLTHS.

O ARETIE, FHEEAEEREICENT, SREBRESLUT — Ry
TEBREL 54 L TEFISHEERIEELS ANC VAT LERET 5.
SIREVATLTIE FfzIZ8ALEET L2 Hz)I&Y, 8T
B2 NAERANDIELRL, T4— P\ EROEEITSEAT S

NEESEHHETREL T 5.

SHEEDFLTA TULTE BBLIALSA LT 0—
Filu ORET) LI EBAEHE LI LT, EEROEE B
ARETHS.

@Fig 1 [HRELRTLOTOYIEE, Fig2 |[SArEHhEIchTo8EE
EREETT. BRIATLTIE 2 DOEMES%E59 10 dB D8

EiERREMF L

—Conv —Prop|

Fas

= @

Reduction [dB]

tn

0 40 80 120
Time [s]
Fig.1:Block diagram of the proposed system.  Fig.2: Noise reduction at the desired position.
1-R-7 RDEwFEImERS

NRABEESI -5 DEIR
Towards the Next Frontier: General-Purpose Audio Encoder Trends
OZRKHE TAXE £A85L VIV EL Iy, KEEE REE NTT)

@ICME 2025 BEES T o a—4 F v LU DIERFEFECEESH
IZRELLEVERS - BIRE - BEOESE 27 OFHBE2 7260
TARERMES T a— Y OUEEHET 500 _F4 30T
BB, BHESN-EBLET7 TO—FIZLBBEENMIL. B&E
BT 24/ A & OREIZH T DRI ORE EHAFEL =,

SERITAFHETEEEETIVAMTH S Quen2-Audio #EHIE
BOI a—FLLTHATHEENNS VAR BIMEREETR
L=

¢ F v LUVICHERIRINE (EFA. Thdl2EIT5MHEEEN
BLWIEABETHY. Whisper FR—R(CHHEOERESE LAM
DA TEETHIEHPDRUTHLZ LA RS-,

*EESOTE. +oLBMSREOLEE. TRE—ROT—4t
w bk AudioSet T 774 »Fa—=FtE, EBHARTIZH
WTHRMEHEE G -OOMEN GO N,

S Fr LR AEEMSIE, BEQEERS TILFE—HFIL
LM IcHiFEShDEEDHRZ 5.
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1-R-8 ~ 1-R-11

1-R-8

1-R-8  /ILLGIFS - R/ S—RIEBE{TE KL B4
NMF O #BIRRECEICE D<&E L

Awgxiliary-function-based optimization of KL NMF
with norm constraint and sparsity regularization

LSRG dbF K, SR (FIEE)

ONVF [HES 2R UFEE LTHE{ ORRAMERESNA TS

S HEEECHI T RS BBLERLVAZ £ T, BB BEERIEEME
ZFEIL DDA T Y TH4 KO TRELEHERAIE OIS,

OL1 /ILLIZE TR/ S—ANMF 182 BEShTEY, Ry—IL
R CEIIHEIE o LA TRE EFEN AL B,

S EWETIE, /ILLGIEERT Z L THEEOF N0 Z HEHE—%
IZfBRT ZREBHFRFIRREL, FRRICKYICEER LT 5.

& CORR, IRERGRERCEAMEROZ I3 LER SN 4
LD, ERELFEOMRELIGRERDREEER L

Normalized SNMF

,x10%

i Vo 'cmst;am‘ed' PP

Objective function value

10° 10! 10 10° 10*
Iteration

Fig. 1:Convergence behavior. Proposed norm-constrained SNMF
achieved stable convergence with comparable performance.

1-R-10

1-R-9

1-R-10
BRI BB HE O BRI £ 5 RERAMAET
Iterative phase retrieval with partial updates in local frequency bands
O WHEx, FHEETE (RIX)

HR  (EET: SA0hEREASNI FRIFT LIS
fEEEEET T 5 5
itk Griffin-Lim 73U X L @ 22 B 415
o FREDIRBEI DAY F0S 7 LOES~DHE
o EBFRELASAI FOSTLOES~OHE
EFECIEIBRAFAEE L L TiThha

RE REEREEZNLEFELCEZEN
+ R AR B I & ICER ER

- @) EEIE T PESQ - ESTOI A'la
PESQ (1)

ESTOI (1)

. Prop (B 3
274 |—Prop. (B

——————— (.78L
0 100 200 300 0 100 200 300
Iterations Iterations

Fig. 1 The transition of averaged PESQ and ESTOI over 201 samples
from TIMIT dataset. B denotes the width of frequency bands.

1-R-9
TR EERMBEERREHT D
BEM&TE ZX/¥— X audio declipping
Reweighted sparse audio declipping with sequential update of data fidelity terms
v AERE, WEDE, SESFET (RIX)

A= R ik &9 < audio declipping
> BREEESAS TOIN-EEFET LT
RIEEBIBIC L Y EAFIRIEEET
HRFE  FIVEEEERURT S
BE»TE R /¥—2R audio declipping
b RIEETBRAICKEL THOICENOERREHRZ1TS
A RSEFBEICERT S LERORETIE (TEHEL

REFZ: F4BXHEEEREHTS
BEHTE X/¥—2R audio declipping

b HIHOEHESFLT 4 OEFICEML, REBRET
BEICHERINIREEZ /NS S TESFELZRE
motivation comparison by method

o e Over-estimate amplitude

True signal Proposed method

Clipped signal .
" Under-estimate amplitude

Conv.l  ---Conv2 —Prop.

Fig. 1 Motivation for audio declipping (left) and
an overview chart comparing conventional and proposed methods (right)

1-R-11

1-R-11
BRAES O RIREHRIEICE S <
AR ZEAWEIL 7 4 V2 DERIVIRE
Experimental study on adaptive filtering with
time-varying metrics based on the spectral characteristics of observation
o FEEL, WEDY, <BIEET (RIX),
RE, BIEH, AESE (venikRait)

ReEE EREEROETICE VL CEAESD
U BEBEEOR Y PEEREEOBICORAS

RE REZLOBHAAZRET S5tBEHATES
Fix BOHTELBDEEZAVCESORMEEZER

%% | HDA YNV IGEEEH E LIERDONLMSE
L) bBUWHEEMREEERL

121 -
|—Proposed ---C ional (NLMS) - C fonal (weighted NLMS)

T~

Norm of Relative Error
=) =3
L= [=]

(=]

Iteration % 10“
Fig. 1 Norm of relative error per iteration
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1-R-12 ~ 1-R-15

£1H 9B10H (K) RRY—R5 (43)

1-R-12

1-R-12 BEE-MEORMBEMEESEL:

Double Deep Priors &= &3]

Speech Enhancement Based on Double Deep Priors
Considering the Uncorrelatedness Between Speech and Noise.

T, PEES EER— EUSH

4 Double Deep Priors [ZE3<, 2 DM Deep Neural Network %
AW-EEEITFZE (RK) [IFEaTEEL L TRl SRz
FRTLH—H, EEERICESTHTES O ENR LS.

SFW/TE, RK ITBITHEERENRERZEDHZ LEEMIC
clean & noise MFABREEEN T HIBRIAE RK DIEXREMIC
BT HFiE (RKC) #ET 5.

SEE LY, RKC & RK [CHATIERREGFEORAAY FLEhE
g 5 LhiTeE, HEREOREENMEL- MAT,
BERORHEITOVWTHHELNR oIz (Fig. 1,Fig.2) .

i\ B i

17

ASI-SDR [dB)

APESQ

—

" W D @

0.0 . =
F & D

Fig. 1: Evaluation of SI-SDR and PESQ Fig. 2: Spccircglams of
for RK and RK.C with varying correlation  estimated clean.
weights.

1-R-14

1-R-14 INIZAOR T LAZ AL
HEHNESATLOEE)TILEA LI

Real-time I1SSS noise suppression system using a small microphone array

BEEH (LR85, ARDHEE, ATEREXR ARETH(UFK-I),
INETE] (LEK-15

& ER HERIRARYS MUEEIZE D AR MLEE (1SSS) &I
S HJEE (Ozawaetal, 2018)
— T LA RN -RENE TN

¢ By ISSSiEF VIV —FavEa—4IZREL, #EITESE
BEAEHET L.

@ 753 : Raspbemry Pi4 model B [Z%f L TEEX1T>7= (Fig1). <4
SORVDANERES12 ATEICYYHL, N TEE
Wt EERIEITH——5 v TEELEHS ISSS EAA
HLYTILE A LOHAETT-

& 2 . BiEICx L TH 10~20 dB OMSINESEN R S hi-

(Fig.2). {E5x1FEALL (SDR) £$910dB MEEH R S5hi-.

& 5% . AL D EEET HEMOMEI ST DT LR

HEEDBIZ, RAX— I+ ~OEEFBIET.

o i . Target

4 Before processing

Relative level [dB]

0 1000 2000 3000 4000
Fig.1:Overview of the Frequiency [zl
apparatus for implementing the Fig.2: Amplitude spectra of the
ISSS method. observed sound.

1-R-13

1-R-13 (IEZECHEMARIMVERITHT S I
ERIEEICE DT T DRE

Moise Suppression Based on Image Restoration of
Spatiotemporal Spectral Images Including Phase Information

AMAAROLEAR - 840, BEEH, B (LSRR - £5)

SLEE  MENTICHBLT, EFVURSHLERETIHEEET S
Y, BZEHAARY M ILOIRIEEROAH 8D IEEFETI3NE
BORELRENHL <, BRI CEEMENELOT L

+ B8 IRIBICINZ THABRSEERERS LIRS bLEGE
ALaSIET HENEMEREDRLERES.

5% T4 0ORT LA /o h-BESTRERI L 2DFFT
ZEATLN, RIB, 48HRAE, cos(HEXHIAR) & 3 F v FILEHRE L,
EEEROIMETIVIZA LT 5.

SRR TEEFRICHA, HEER (NSL)THEA#48dB, SDRT
BX#52dB DAEAEFED (Fig. 1, Fig. 2). &R OB
) B S OLRBIEA R St

# 5k : NSL T—20dB DINEMHREZ BieT & L 112, 1HHGEE - 3
HEFHA~OHSRIZIR YR

i
H

20-Distortion Ratia [dB]

Moise Suppression Level [dB]
| )

Signat
H

-® -0 -3 [ W @ %0 -0 -&0 -3 [] ) &0 %0
DO of noise [deg.] DO of noise [deg |

Fig. | Performance Evaluation Based on Fig. 2 Performance Evaluation Based on
Moise Suppression Level (NSL) Signal-to-Distortion Ratio (SDR)

1-R-15

1-R-15  BAIREY ATV ERAV-M/NES
R FEDRE

A Detection Method for Subtle Anomalous Sounds Using Time-Frequency
Masking

ORIEIFARL ARPEE, ARKBE SFEABTA)
& UERIS CIIMEOERERIC L AREOATHUENTHOATE
Y, ML BEHEIC & ZEEROR EARO SN TS, FRTIL
SFIEH SR T AMINRB(IENE) R T 2 AEERETS S
@ GEETIEERITRE S (Hamonic/percussive source separation:
HPSS) Rl B o f-HTERS AT RESOBHET TV -,
LML, HPSS 8111 CIEF T 5 M ERnE i <y NRE R
MELNTLEL, REORHEAEMTHT-
@ TCT, HPSS [CLHITERSHHICING, BiFd 2 MR EBERMS
I SETEERS T AL EBRT 5 LT RENSOH
T AFEERE Lz, REFRICLINEBERE Fig1 ISR
SERFRLIBRFAT EET—HOMEE 30 ARHEL LTRE
BRHMREE LS LR, BRHEIREETH Y hts, REFE
TIHETOREZHRETE, RUBEOR LIRS

Anomalous sound Extracted anomalous sound

C>
EL:
w

Time [s] Time [s]
Fig.1:Extraction results using the proposed method
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(44) £1H 9B10H (K) RRY¥—=15 1-R-16 ~ 1-R-19
1-R-16 1-R-17
1:8:18 1-R-17 SRS -
S BRI & R L7 o S
End-to-End B A ST D RERRIFF(E Sy UME
INAIR—INFGA—51&5T

Experimental evaluation of end-to-end speech enhancement
with guaranteed perfect reconstruction

O MM, AL (RITX), PHEE (ERH)

TR TasNet 7T—F F 7 F &
FMFESES = B 40 40 TR ICTRE, w25
FEBICEERAAHEZRA VDO, TLBMAEERIEL &V
TAFTELEVWERETLANESETLEETLES
b opiE, BRRAPAREERAOCTHENICEEBMAEERIE

SE REFERCLITLERREOREEZFE
D MaskNet L T—2 v FEH L‘Tﬁ%%;ﬁt&ﬁ;ﬁ’&kt&

Encoder, Decoder D TL R EPE A 3#H
OEEERE

> REFEHICLIEE/WAMESERERICRIE TR DV

o Thadet | VoserBlank-DEMAND (8 kHs) Comrv-TsNet | EARS-WHAM (8 kHs) Coe-Tasen | EARS-WHAM [16kHz)

kX
Wl o
-]

A

T S )| S A S S —— T
2 4 B 16 3 64 128 236 512 1 4 8 6 3 64 128 26 512 2 4 8 15 37 64 118 26

ASI-SDR [dB]

o Otol (share)
=&~ Comv. (r = 1)

1 Sl ]
"3 4 8 10 m e msmenz T 4 8 16 W 6 B 2 4 8 18 % 6 1
Impulse Response Length |ms]

Fig. 1: ASI-SDR with various impulse response lengths. The rows and columns
represent the results for different MaskNets and datasets, respectively.

1-R-18

1-R-18 EREHE~DOERZEMELT
ARGRILFIBEIZ LS Deep Prior BHFE5®E

Deep Prior-Based Speech Enhancement Using Spectral Flattening
for Robustness to Real-World Noise

YorPEET EER— (ELEE

® KBEOT—R2EHNBEHLRT T RMESOH TERERE
475 Deep Prior 235 ¢ EAe4IRT % (DP-SE) AEATHS.

& H#4IEDP-SE OFEEFRL LT, REVOESAIFETHS
Iterative DP-SE (IDP-SE) %42 L7-=.

8 Tld DP-SE, IDP-SE MFERFME~DERAZEMELT, R
A% FILFELBIE (Spectral Flattening: SF) #8H AT 5.

O35 L Y, SF EWALI-F5THS DP-SE (SF), IDP-SE (SF) 1%
DP-SE, IDP-SE & i L TSIRBIMEE~DIRED AL L (Fig. 1)
SEEREOEEORENRE LT (Fig.2).

1 DP-SE = DP-SE (SF) P clean 105y
I 1DP-SE ER [DP-SE (5F)

~=
=3
—=
—
—
[kH

051015 051015
Time [s]

Fig. 1 Evaluation results for each speech  Fig. 2 Spectrograms for
enhancement method at 5 dB SNR. PSTATION noise.

An investigation on hyperparameters of semi-supervised
monaural speech enhancement using positive-negative-unlabeled leaming

@/ FIEER, BRAZ, LM, TN, BEEER)
& EB 5L LIPNUEEB ALV - F80nt & 4
> LEOYEITET 2T HY - L LEBEOHE) & KBOZETZ L
FAMEHYBEOMNEEA
@ KFZ | PNU B0/ A 1$—/35 A—4 1), 70p ZEEEI THRE
&R
> BEMTENRT—5 LEER LA - e T — 2 TRGHE
B EAETE T TSES. a0 TIRES)
> SI-SDRi[&n=02, =025 THEA{EZE o=
<+ mp=0.25 [3EMs LIET—2 1 5EE Li-fE

» n>0(Fig. 1 Aff)Hin<0 (Fig. 1 Zf)& YELVSISDRi &R L=
+##:5I-SDRi; scale-invariant signal-to-distortion ratio improvement

[
5
4-
3
2

SI-SDRi (dB)

1
0- o
=14

=T 0.5 00 0s 10
n
Fig.1: Validation SI-SDRi under mismatched noise environment.
Symbol % indicates cases where validation SI-SDRi was negative infinity.

1-R-19

1-R-19 NSEE-FEFBHRBROBBEXE
ST)EL-BEHNEFHE
Target Speech Extraction Based on
Para-linguistic and Non-linguistic Descriptions

OFF AR, FRRER, \LA—1E, MAER, \LERE, FREHERD
BEEZT (RR/EX), WEF(EXR)

+ BNEEHEOEE FENa TR 0RR
=RARTIANERANSFZIEREELENETEORORE
EAAAIVIZENELAHIETHREET28<
< PNTP-TSE: BB B HEICE TR IFRE
= NSEE-EEEHERORXEITVELTHA
= EITET AL TERULHAEER
< PromptTSE: BMEEHED-HDTF—2yr &R
>ERVTVERAVV:-BEMEERETOMNAEEE
> BB /\SEBER-EERHHEEE
+ EHRAFEEIZLYPNTP-TSEDH LRI
> PNTP-TSE I3 4R T BB RESE R

Of=40|
[=
Fig.1:PromptTSE dataset is available from here.

™ ~_Speech mixture Extracted speech

?; W —{ PNTP-TSE > £ w
& 4

(" A man speaks with a normal pitch, high speed,
Prompt and high loudness. The speaker’s emotion is anger.

Fig.2 : Overview of our proposed method.

HASEFRE 1540

(202 55MF) HRRERR



1-R-20 ~ 1-R-23 g£1H 9H10H (K) HKRRY—=R5 (45)
1-R-20 1-R-21
1-R20 ZEHEICHIT5 3 B~ OKRY 1-R-21 7RAITLAIZED
7 L1 DEEDRE ERPUEEIRIILF—AIRIEIZE TS
Investigation of the three mit:r\':pl;glt'::1 :;'iroags configuration for sound source ﬁi@ﬁ@#fj L—Ls E(D *ﬁ;;d-

wRFET, BEER (ZRIN)

SFHRTIE, A 7 ORVOBHEEATIZTA I ARUT L1 D
FEEETL, SREEDRBER LEBIEL -

S HERFERL TV 38, 5@ 2 Bt s, #Hi-IcHEL-28, 3
&, 3{E0 3 BHERO 2 FBED< A ¥ ORL T LA ERLT, SRl
TEDHEE SIS N L— AR AL L=

S ERMEET ITEMERBYLGLTARETEDLSI1Z, 7IS5HE S (Large
brown cicada)& = > = L4 S (Robust cicada) DI EEAFET B/
BZE—H%E20 EfIcEEL, BREEDREERD-

@ T THEEE L= 3 BEERL T A 7 DR 7 LA (34630 2 BEHERL & besk
L. $EOETE L AASIRENIHT 2 LTS

Previous microphone array New microphone array

Sound source: Sound source: Sound source: Sound source:
Large brown robust cicada Large brown Large brown
: - .
00 = 300 w0l =200
100’ ) o = L . 2 100 = 100 _-Jn
Dl 10 oY o3t 100 0 Y 100,
90 o ,,,};l: = 200, *"%:: S r;,,:;‘ . o0

@ : Microphone

10 20 30 40

Distance error [mm] Bad

]
Good

Fig.1. Accuracy of sound source estimation using each microphone array

1-R-22

An analysis of optimal frame length for visualizing spatiotemporal
acoustic energy by using seven microphone arrays

Fr LR (RAE KRR THEE), LA ISR A- R, iR (R R- THH

(B=]

HEREERRIE AT AICB W TERECEREOAER] (T EF ]
RTH-oT=. [REEEATRE ORI #1120k 7 L
A THERMEHA L. BEFRIEROBEEIRIILT—0EA#TE
TETAT7IZRINTVS. BREMO:HIHEESW-EELS
LE—0HlE, TOFERFAFEFMEZARE LIz OEAET I ENT

[E %g] FHETY TILE A LA EORE D L—LRERET L=
FHEMNIZHLFEHNIZHBEL 7 L—LRERDD.

(EPmFER]

Eﬁ;‘i%‘#l?db#’—éﬁﬁa)&ﬁﬁw@mmﬁi&
EREBOI L A—ELE V—REBOIRILF—ELERAIL.

[Z L—LEOEHEHE]

200ms ClE, AEAnFR—XRERI=HiG L TEE L TULHETR
400ms TlE, —DOIE(3E L TEE L TULAENE

(D L—LEOEMEHE 100
Fig1 (3% 7 L—LRT T =09

ST LT RILE—B J_
MIZEALDIBREEDA T .0 Ef‘ 5
ave : 0.95

=
o
n

#3&9. 200400ms @
B, HRSIEE 0.95 %R
ATV, 0.90 o
€5=0))
SEEEFBMOE=21) >
121 200, 400ms A% s
WU THDC EHRE e
=ha. . pation
Fig 1 : Correlation for each frame length
[1] L+, {S5HER,124(271), pp.1-6, 2024.
[2] T. Kanbayashi+, GCCE, 2025, (in printing).

1-R-23

Similarity

1-R-22 R —hI7+ RN -ERGEBERRIE
SRTLIZBITHFILUEHA
Measurement of hand tremeor for visualizing
a cicada sound source using a smartphone

YILEFIEE, BEEE (ZHIK)

& HE2IERGERE AT LEER LTS, EREEATRIELR
ThL&ld ARRE 2ch v 0K EFERL, SRAAZEERELIC
FRTHEDTHS.

A MEL SREETRE S AT LOBRERICEFEERIFTET
LEEHEE L=

¢ E@AROHNEATHE@PRIZF LGEA S AYHRFRERT HEE
T, FILEEFAEL FILEE 2mthESOERLES B
FIEEEIEE CHI L=, F7LOFHMEIE 0.9 om, Bkl 31.1
em Tho71-=

& EH{EIIEE 1 BHTHDI-OMRRGL VDY, BB 5 Loy &1i b=
o, FILMENDETHS.

35
E 30
=25
S 20
g15

Elogal

S 5

Iollii
D

Fig.1: Deviation from the target due to hand tremor (per subject)

1l

Subject

1-R-23 Development of Sound Localization
Evaluation System Using AR
Technology: Sound Localization Test
with Real Sound Sources

#Mur Fakeehah Binti Rusli (Tokyo Denki University) /Yumi FujiiYasushi
Honda/Yoshitaka Murayama (Cear Inc) / Yuko Watanabe (Tokyo Denki University)

#In sound localization test, distance is harder to judge accurately
compared to direction. To counter this, we developed a new test
method using AR technology.

#To see its applicability, we compared it with a conventional method
and visualize the data.

#The results shows that the proposed method produced less
deformation of the perceptional space compared to the
conventional method.

@ As the proposed method offers higher accuracy in localizing an
object, it may be applicable in sound localization test.

: g
i ~ L @

Conventional Method Proposed Method
Fig 1. Deformation based on collected data for 0.7 m

BAEEF2% 1540

(202 5FMF) MRERR




(46) $#1H 9HB10H (k) KRRI—=H 1-R-24 ~ 1-R-27

1-R-24 1-R-25
1-R-24 FEFBZRA-T /0K —KE 1-R-25 FEFBZAV-REEBEREICH TS
RAE—hDRIEFETAIZK DA BHE MEFEDFE
Positional estimation of microphone-integrated loudspeakers by The influence of singers on automatic singing transcription
simultaneous measurement using deep leaming using deep learning.
*BFREVA, T, BH, FEINR, hBRESREERK FEERE MRER (LR KRR ETE
*LEE S HFEIL, PEEICL > THEHCIVERBENERL S0, TTOIIE
> MFEERMICELT, FRETIIEEMICAE—hERETSE FHITHG L -EDIEREETILOERIZE#H L EEZ NS,
HWMEELHY, SEFE~OEAD-HHERI-A E—hitEE & LiL, 2L OENTFEFEOMETIE, FBICAL-TNEE AL
BT O ENEETHD, TULVEWBIESICE S L T-BERIEL HHOMRE S TV
> A9 Ry~ E—h TEEDEREE AL EEOE S FHETIE, BEMTEETILOFSICAV-IEERY D—X)&, B
FrbiEEshTL \éﬁ‘ﬁ!ﬁ@#&iﬁﬁﬁ“’l‘ﬂ LT, DR TULVELRIBE (A —T)TF—2 51152 LT, TBED
SREEFE EUOHHEERECE S L - R EE A H0O0RET 5.
¥ YA AR —FRRAE—DEMRLEICT 4 LICERE LRI ¢ BEHFEEOANICIE Ay FERMSERGSMEE TRE L-HEE
BE - IR L-EE AV TFERSS THEREHEE, REERT .
» oy b= TF—FT O F o [IBHRAABRE= AT SHERE LT, BEHFRETIVEEICSFHELFRLIEEEZAVS L
J—7% (CRNN) %, T, SRS LT A L ERERL-
®SaL— 3 58 Table.1: Transcription results with the proposed method.
P 30MFy kD—H F—XF 5 F v CEIEDHEEIERE L S (I and TI are group names for the three singers respectively.)
> FEROFEFE. CRNN ZMAU\AC & TREEESE(X 0.03~0.1 m hod Data o~ F-measure [%]( T)
. . te
FRLUBREESERL Test  Train Frame  Note  Notewioffset
e oL [ dese [ sis0 70 5543
L&, S0 .
t 2 @ i ﬂ CRNN Otﬂaﬂt Egg;ri'nt?gﬁd I open 7294 61.16 34.96
hR. Reference (x,y) I close 82.47 71.95 58.45
.. @- position I
3 I open 80.50 66.36 49.23
Fig.1:Overview of the proposed method.
1-R-26 1-R-217
1-R-26  FERMAFMDRARIN LGS 1-R27  HYFBRARICETHMIIESY
RS E RS C R AE v F T TR D EITSAURHEE
Pitch shifting by frequency-directional squeezing and Semi-blind estimation of independent low-rank matrix analysis
instantaneous frequency interpolation for bleeding sound mixtures
w HPECS, FAEE XEEETERIN wABEEL, LHXN(F)IEE), SRRE, \LERE, REEREX),
b, RS, ALLNEA (=)
ER MESOREERATEMELRSNE SEEDSA TRETIE, KNl Vo) FARAVIZHOEBORE

FEREAEIRIER RS OS5 LEBET DE Y F LT b —hOE EWYB HEA (Fig.1).
- SV R4 L DRYEMEFAE LTS IS4 > FRIIES V517
ARG FOYS LIEBSO A 1 0—TJiES, BiEEAmICEA S
’ ” I3 ILRMA) 2B L, SBEDS 1 J/\H R THE LI (Fig. 2).

@ = Target sound

g T S e . Bleeding sound from Dr.
[ BELEFREYF LT MIBLTIE ]

non-target sources

_ _ Ba. | : Monitor
EAYY LEEIERSh, ERERTS8N0 He } amplifier (e
: N - Gt
B 141 CIRE 3 E Sy o -~ Monitor
' loudspeaker . ]\«éumt:l{ -~
1 ouds| er 1 5 [V}
%‘D& :"I:CDX’\? = 77-&@]‘]&%/7 J /Vﬁﬂfﬁfﬁ FoH 5 lUuMdggletglEe]’ Ioudspcakcr
loudspeaker
RS Fig. 1:Spatial arrangement of close microphones and sound sources.
> BHUES | AR FLDIEAY £HIZ HERERD 307
> EIES . —EMbFEE LESERERLE g5 | o k!
532 WYy
- SERUL - L
= £ #5o
o7le! h 8% of

Fig.1:Squeezing of Magnitude spectrum in frequency direction . IL NMF ILRMA Semi-blind ILRMA
Fig. 2:Violin plot of SDR improvements of the Vo. source
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1-R-28 ~ 1-R-31

$#1H 98B10H (k) KRRIY—=5 (47)

1-R-28

1-R-29

1-R-28 BB D ZE1kI=E D < Early Stopping &
AL TR LEESRRMTIES
175 i O EEERR T

A Fundamental Study of
Cepstral-Basis-Decomposed Independent Low-Rank Matrix Analysis with
Early Stopping Based on Changes in the Cost Function

KA, KBAR, PIL{B(EBTHARR)

& ChETIC, SEESOEYILUVESITEEL, AT MLigE
OEFEEHCCEEBME LIz TR FSLRESRR (CBD) #8
A L7=CBD-ILRMA 48R L 1=

& CBD-ILRMA [FREA DS AR B SREE IR L 1A%, DN
ET LI IHERESOEMBEAARY MABEOTIRAML <, S5
HEEN A RIES M TULVELBRRA B 5.

& CNERBRT 16D, B 78 LT ERWEFRCERE LA 2
L—3i 3 UITERELT-REIZ CBD T B FEEIREL -

& AR CIEEMBMOZE LIS/ 5% (B £ RS I & & A3 - 1%

FREL, JUBHECEROMERRTALE2ENETS.

I8¢ 18

16

SDR [dB]
SDR [dB]

3 T E T

Bascline nools 000175 000z Baseline ool CO0ITS
Threshold Threshold

Fig. SDR comparison with and without Early Stopping

1-R-30

1-R-29 WBIESBER T7 ) TR MVHEEE
ZRAW-ZERERNEfT ERIIES >
1T5IRHICE T HIERMETEO—ARIE

Generalized regularization for spatially regularized independent low-rank
matrix analysis with auxiliary-function-based steering vector estimation
OFMIEK, BRAK, IWMHE(FK), A KM (E)IHE),
W (RX), B, GRS (v
S FAEThETIC, ZPREFHEICL > TG AR T XENF-RTFT
TR R (SV) FEIHES 217554 (ILRMA) (23931,
FEAMETEE LTERLE,, 0754 2 FEMEANLFE ILRMA
(FBSR-ILRMA) EWVST54 ¥ FERSEFEERE L
& FETIE EENESEHTIIE SV OREER/N—RIZES] £
SERARERICEDE, R/ —REAHLE~O—MEEIRET D,
@ L, EAHEIED < p < 2)BLUZZERIEFR Student's t HFIZEEE
R-IEBHEIR® 2 By #1R%EL, MBNESMEE ~E (B ZETT 5.
& HERRI<LY, AN—RAEANEIZE 8RR L EREET 5.

[E % =01 BB w =1 B = 10 22 M = 100

__8H __ B
3, g

7
£ sl il g
1R
g AR
= (1 g
2 4 i B4
= =
g A
g- | i B
o~ O
a2 78 2]
7] IR

4

)

oll | 15! il

075 1 125 0.1 1 10 10° o
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Fig.1: Average source-to-distortion ratio (SDR) improvement of
FBSR-ILRMA with (a) L, and (b) Student's t-inspired regularizations,
compared with conventional one
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1-R-30
GZARE »TIZEITNT
Blg#rsiE % 7'V — 7919 KRS IVA

TreelVA that groups frequency bands based on clustering
O FEFEHER, LFNE, SEPETE (RITX)

AHEE IVA (3 152 @ HinRas TRE)

RiESHRE L —TH L, FEEEER - 2EEERT S
BRET 74 FERSEEFE

* BAEECHBEFEEBLHS THITEHEIBTEICL->TELASD

BIE BMAESICER LAY Z 7 0EREERE
® AFLTF 4 BBIEANE (B BREEBRO S - TR ET S
® 7375 25K KROND EL I MBS H 7 (Fig. 1: %)

SE RAREBRSEIIAZELTIN-THUETE55 7 2%/
© MEMHEHEEBOMIC S L — 75 THE (Fig. 1 : )
® HEI L O¥EE L) RRLADELEEO LTS EER

8 Conventional Method 8 Proposed Method Mixture
)
26 16
E‘ n {4}
S
E ]! {2l
ol Tpl | -
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Depth of Tree d Depth of Tree d Time [sec]
Fig. 1 Visualization of generated graphs (black lines) based on mixture

and grouped frequency bands (gray rectangles).

1-R-31
BRET AV FEESBEICHITS
Projection Back?®/¥5 X — 4 K38

Parametric representation of demixing matrix
after projection back for determined blind source separation

Yo TN, A, RBEEFE (RIX)

fHE TBREEEFYILELELICKDEE,
BREHI L OHETHOBHRE
RE L EEHE T2K?

BR Projection Back®i2{EZ a1 & L 7=
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1-R-32 ~ 1-R-35

1-R-32

1-R-33

1-R-32
EREBSSDI-HD
=i ADMM 7 )L ) X LD RERRYST
Experimental evaluation of fast ADMM algorithm for determined BSS

O EEWT, LRl SEEET (RIX)

¢ HAFLE, ADMMICE S CEREBSS 7LV XL ZHEE

» BRETIEHOBHEOSIZ#SFLENS,
PDS ICE S FEOEmELERR

» ZERASLOERERVWSI LT, T5ICHEL

& FHETIE, ADMM-IVA ¥ ADMM-ILRMA % & 523031k L,
2, 3, 45EE OB RICH T AEBNFEEIT o1

> RO ADMM-BSS DEEIL - HEIEHER LE R
» WICAEEOBSICE VT, MBEREE LE 2z EMR

wom- ILRMA-IP
— - ILRMA-ISS
—y—ILRMA-IP2
=x= ADMM-ILRMA

i Fast ADMM-ILRMA

0 100 200 300 400 500
Iteration

Fig. 1: Average separation performance per iteration for 4 sources

1-R-34

BEURBHEOEATEISRE)LTIC
FARTLEYMFEFEROBKYSHIE
Bleeding-sound reduction for drums recording
using weighted clustering of volume-ratio features

SRR, A (BB
& KSLDTAFUITIE RS LOBFRITTA & Ok EifiE
> HYBORAEN CHOTHINTA LT TIZHLL
® FSLDRA XU TREREAREVE LS HEERD (Fig1)
SHHEEAVTERLLOBEEMEEML (Fig2) 75X42) 0%
TLRY BINEESRT 5

S0 .ﬁ\

1-R-34
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Fig. 1 Relative volume levels in multi-channel signal.
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Fig. 2 Feature space of the observed multi-channel signal.
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BICLDBE—FrorI L EEDMTFE
Single-Channel Speech Separation Using Knowledge Distillation
from Multi-channel Models
H DKM, O—S2RNILE R, RS- (RREER)

* EESHHENIL, BREECERMEO O FI L FELTHAS
NLERGHMTHY, iF RBFEORRICLY, KEHESL
TLha,

STULFFr oRNBEEARETIIEROIA /074 VEAND
Z& T, EFREPEAT (DOA; Directionof Arrival) OfigELED
EMEREEATSE, MUOEHEELERT 5,

*—7, BE—Fr U RLETIVIEMEHRENATEY, Hi - @k
TR RTFT 7=, HREIES.

S FHRTE, B—FroRLETILOMEREREZBRME LT, QLT
22 S ETUREN-ZIFF ¥ VRILVETIVH SEMEERT
BFEFRET L,

=) : Output (S5I-SDR) Loss

............... i ifncyim ) : KD (MAE) Loss
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Fig. 1 : IREFAOBIEER

1-R-35

1R35  FAUHLAHIESGEABT I
HFARORTLAEEA B

Application of Dirichlet-distribution-based nonnegative tensor factorization
to stereo music source separation

O/, LKt (F)=mE

L =10
> NSV TEREN- AT LA BRIESOARAEH - DLTHET
S IREFL T ILHREANETE NTF
> NTF OFE# Z DEFN=T 1 )7 LSROERERETILEEA
< TR Z DEIIOEN 1 LLEDHEY (L ILLEHK) FBRE

<+ T Z OEF)% one-hot A FILE T, dense A9 RJLIZE
> T Z DEINIHERRS DELT v R IA~DDECEAH ZH
< one-hot Bk dense T R ILADFEA RIS B2 (R
® 2T LA BRESOHLLBER
> EEREAEOTHIE A2 SR4E ) L TH676dB, BEFE
HY11.88dB Liiof- (IBEEHT).

X T

Z \%4

| |_|_J

_. chlularlzc cgch

- i column to be
ﬁ.. Rightich. one-hot/dense vectors
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1110 o 0.5
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Fig.1:NTF decomposition of a stereo spectrogram into channel-partitioning
weights Z, spectral bases T, and temporal activations V.
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1-R-36

1-R-36 /NMREETA9OKRU T LA D5 =B ZER
ARIPVZE DR IN—ARA X E B B

Sparse Bayesian Sound Source Separation Based on Spatiotemporal
Spectrum Obtained from a Small Microphone Amray

AR FAROLEKER-#50), BE @il O/NE HWE (LFRIKMR- 46
@I ORUT LA o BohdEHEEIRE LTIRA, TORZEM
ARG B2 RFTARY BV EFB LS RAETEEIRET S,
SBTERHARY MILOSEEEREE VCHEWT, EHERCELTE

BYBHEMARY MUTHLT, R —AAL KEEICL->TERA
MZEDARY FIVERHT 5. ThESTORMEREE V-0
TV, BRARC &ICHRERESH T >THE~5Z & T, BRS
EDARY MIVESD, BEEIT—) TERICE Y HEERT 185,
¢ 7170/ 8{E%2cm EETHESA-EHRKT7 LAIZDWT, 58
RICELTEEM S 2 L—2 3 VERICKY SDR E5HfiL 1=
(Fig. 1), EEHE O SNR /340 dB IEEHNE, +H7105EEh aIRE
Thd. 10 BRDHETE, HOEEOIHNTTRETH S,

Fig. 1. SDR of five
separated sound sources as
a function of SNR, with an
angular spacing of 20

)

§ degrees. (D-2 to D2 indicate

@ 0 —#-02||  thedirections of the sources,
—&-0-1 i

y S po || Wwhere DO is orthogonal to

D1 the amay. Emor bars

“ S 0211 represent the  standard
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1-R-38

1-R-37

1-R38 WP EEA V- ERERIMDIO0
7 —SiEF R ORE

Exploring Data Augmentation Techniques
for Machine Leamning-based Music Source Separation

R [RH (R KRR EIRE TR, RS (faX-EiRET)

& WP E ARV -SET RO T EEES0OBERN S FIATEES
BT/ RN, ETILORNLHAENSEETHS.
& AHRTIE COEECH LoREDm EEENE L, SENES
HEER LT AR EERE L=
® SEEETILIZIE Wave-U-Net & HT Demucs #{EfH L, BIfriedh
DERERES UF LICHE LEAEHE HEAFE (random
mix) [ZINZ, BEMNESHEZELI-LUTOFEEHELE.
- Method (A): RE#EM
- Method (B): v UILEEE
+ Method (C): v ULEREEER
& Table 1 AART & 312, T—2BRITDEiIEREEm ESE, HHC
Method (CYA\EETILHEIZFREEREN M E L=
* CORRND, BETAEERT AT, SENESHEEETD
Z & THEMEREOM AR THD EREh=.

Table 1 Comparison of source separation performance
for each data augmentation method [dB]
Model | Method |SDR ISR SIR_SAR
detault 173 615 285 382
random mix | 207 658 4.14 3.60
Wave-U-Net | Method (A) | 206 666 427 354
Method (B) | 211 646 402 365
Meihod (C) | 217 6.90 438 3.74
detault 506 939 730 440
random mix | 547 9.97 814 479
HT Demucs | Method (A) | 4.86 978 822 4.41
Method (B) | 547 1013 834 483
Method (C) | 5.57 1022 878 483

1-R-37
ORBLICEDICHSREFTRAMEICE T
X R 7% ERA R OERE

Dominant source direction selection method
for underdetermined source separation based on convex optimization

© B, REBET (RTX)

LREFRI B
m BEICEMETAEERT DL TCORELMBEE LTHRAS
» AEYBRALRENLTR (REERH »o0REEEE

R

'-é--q_
" SEHOBEINLREEAONE SN S
B IFAF—OBWEREEELER % &
> AAOSEHREATHEAR b HEL 68 '-
REE

u SEHOBBTRLRETFE~ONE
m BEAFNE -7 L EOREEFFEERR

> HEaX FOBRE,
ftseik & FRE QSR

ron) +— I+

i) [ 7 8 0 20 40 G 80 100
ASDR [dB] Time [s]
Fig. 1 Comparison of separation performance and processing time

1-R-39

1-R-39
5 EIEHR%E AL V/-/EA Differentiable Digital Signal Processing
ET VK DGR \GA—HEEFEDIRET
Investigation of Synthesis Parameter Estimation Method
Using Musical Score Information for Differentiable Digital Signal Processing Mixture Model
YoPT AT (BOK/EAED, P RE (B, BE ¥ (ER
¢ ;EE&DDSP ET/L [Kawamura+, 2022] [, DDSP B2 AF51EE% [Engel+,
2020) EHBRL, BEFEHRENLEEROENIRY, SENHEE
SRR (BRUAZA—3) ZERESTE
€ —/T, RS DDSP ETIUSERU T A —2 OFHAEISETH Y,
THMEIZBUOTEEREFRIRE L35 E
ST, FENREE LIRS TUVELESTLRATE S,
BaEsifeiEE OTW) ZRV-&RU S A—2HHEEERE
¢ ERICLY, FRAMFEZAV S CRIFEES 5158
[T, IRRESTEREI TR TH S L MR

Synth. Params.
Musical Score Estimates
-1 tee

Time-Aligned
MIDI
DTW —
Observed —
Mixture

Fig.1:Schematic of synthesis parameter extraction based on
DDSP mixture model using proposed initialization method.
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1-R-40 ~ 1-R-43

1-R-40

1-R-40 SoundBeam with KD: JEERETILHNSD
MBABICE ST ILE/ LBEE T

SoundBeam with KD: Real-Time Target Sound Extraction Using Knowledge
Distillation from a Non-Causal Model

OFEWEE, IREF HERL, TLIOTY—0, (EBE,
EAWR TAS5h FAFEFNTT)

S EETESHLIEELESTISADESEYTILAA LTHET S
BEEHIH (TSE; target sound extraction) AT LERET 5.
@ ARATLIE, FEERM TSE 7L O (KD; knowledge
distilation) 2k >THEEShi-ERA SoundBeam 1ZESUTLVS,
® Conv-TasNet TSE Tl&, ERMUGEETELAHMEREETZNA S
T2, & YUEHRSERRMEETET LA D KD £8A,
® 5=, FERHLE Conv ELIFFEEM LN (layer normalization)
TR S h DR HEERRAEETETILIZ & D KD A%,
® FHD7 FO—FTYFILAA LTSE EFILEME(Fig1 85,

Teacher KD Loss Student
fot KD foxt
Extracted signal X, € BT 4--mocomeom %% £ RTExtrac;ed signal

il Parameter transfer (PT)

T r 1-hotvector  1-hot vector T
Mixture signal y € BT o "' g ZV gl=tot ¢ 7N y & BT Mixture signal

Fig.1:Semantic diagram of "SoundBeam with KD".

1-R-42

1-R-41

1-R-42  IRMOS |2 &5 FIEF IR #EZE AL V-
EEREFEEM L DBRE

Investigation of Distance Estimation Accuracy Improvement
Using Simultaneous IR Estimation by IRMOS

*{EE F(NBU), BIS HIRNBU), FHE FIANBU ZE(ER NJMC)),
IRE EE(J-Tec), 188 F(NBU), ALK FHEOQ, ¥ 143(ars))
& SHRREER
IND—ZAARY bIVIZEESH <G U - aiER 2R 55 B
7— TR LERRRERDD AT FL)
QOUER LAEVES (/4 R) hOREREEEE 5
FERERAY MILICTRE LGV IESOEEEZEL S
® 1 LRARE (R) #EEFE
DLR : 7ORRAARY bLi%E (CSiE) TEULLEEEH
IRMOS : 1 F#DEES 2 FHEEES IR LI=Fik
FEEE (R) A2 SHANEIZS L<FET A &ICER
E=5hvib DLR & U IEREL IR HEEARTRE
@ "hET T/ A XLAILTHHE Y E (cut only)
BT R/ A AL~V EESAME L - L CITEH Y

noise subdeut

0 o1 02 03 04 0 0.5 1
discrete time (N) time (s)
Fig.1 The difference between Fig.2 The result of Estimated IR

DLR/ARMOS and CSiLeft) (h+noise), cut only and sub&cut

1-R-41 BREERABEDT=HD
FEETEEROT 2tk
Dataset containing non-verbal sounds
for cinematic audio source separation

OiizEthth, AT (UNE Y27—)

& BEERSEE (cinematic audio source separation: CASS) |3, BREID
T—T+FEEE BE PRIICHET LEITHS.

KD CASS T—4+tw ML BEOATLELTHALTERD
HEBATLNAT=E, $ELT- CASS ETILHENEDLUUEE LY
ShFEEEFEERL LTHBTEA

@ FHERTIL CASS ETILHNIEEESTFLER L LTHETED LS
2, BEATLICHA LITER LEEEEROMAEEL T2ty

+T#H% DnR-nonverbal #1249 5.

®IZETHT—4 1ty MERALVT CASS EFILERESEHILT,

AMEEREEMESROVTIIZENTE, ESEEFESLE

BEOSERE LT 5 EETRT
C
inagggg Proposed Dataset

| Laughter |[ screaming | .

Speech Ftsasding ityla
Non-Verbal Sound

Music Wﬁ:"fsiims

Foreground Background
Effect [ Effect ][ Effect ]

Conventional Datasets
Fig.1: Comparision of conventional CASS datasets and proposed DnR-
nonverbal. Unlike conventional datasets such as DnR-v2, our dataset
covers non-verbal sounds often observed in movie audio.

1-R-43

1-R-43
H 7 &R LAY TIHZERWE
REET DR

Investigation of vibration measurement using
color structured illumination and ellipse fitting

v BT, REESEF (RIX)

FiE  H7—1HE(EE (RGBIR) 2R W -RREE
JEHERL T OIRBIEHAI A AT HE
b BOERCL > THEREINET

HAE BEIRoME (71404, BHIE, THE) &
FIAHH#EE Fi% (3-step algorithm, HEMANTIEH) ©
HAEHEIC L DHTHEE S L

fBR HAmo\ERAVWTEMAIICERT 2L
ARfLIcENFETHE L e MR LT:

No Filter Color + Soft Filter

Jestep (y=1)

HEFS & color correction

Fig. 1 A hemispherical shape estimated by 3-step algorithm (top) and
ellipse fitting (bottom) without filters (left) and with lens filters (right).
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