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JVS: 7Y —DBEFRFEZHHZEFTFI—/\R

Fl AT SR KRR 7R AR BRI A FRE M mIE

BE : BEPE 28 0BMEEEMORBIZEY, EEARIIEHEE XA 212hoT 05, SEAK
TONMED 7= DIz T % 1%, EHEEZ T TR BGENL S BB BIZT 7 AR HARGESH 3 —/%3A
EEFELTE D, FO—EE L T2017 &2 JSUT 2 —R"2Z2 AL~ Zda—s2lk, end-to-end £
TEGEIZATT, B—3EHIcL 5 10 BH0FALTEET— 2280 &SRSz, THEHPLI
HHEETV VIR EDBERLEHEABREONEE RIEX, AR TIX3 ARV GEE, XIPE,
BIUHEA) - 100 5FHEDEHET— X280 JVS A= N ARMELUEREHMETS. 20—, 22
RO Z LIVEA LT EE 250 30 BEOEET =360, Aa—nR2F, 7Bz s hR=JIZT
AFTES.
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HIROSHI SARUWATARI!

1. LI

HEFEICEAEEX, SHGREEE (T A Mg
AER, WEAHK, BRAH, SE/fFEhRE) X, Zh
FTICARVAERREEE AT TS (1], 2], [3], [4], B
FERRATIDOELDERH>TWS., BHLT 7 A ek
HHEI—R2X, TOLS RHEEZINESELEDHM5T
WROHEM 2 ESE22DICAETH S, 2017 HFIT
K~ l, end-to-end TFA M EFEEHRD 72D D KB HAR
FEEAEI—NAJSUT ZABL7 [5]. Zoa—s"2F, B
—EEW K B 10 M OFA BT SR & EHET 6] 02
TOHEAEBOCEIBE TN, TRV I bR= 7]
1%, 2017 4£ 10 H OB S 60 A7 [EHLA E - 6,000 [ ED
77 A (T5%IEEN, 25%XEN) 2% T, JSUT
D= N2, SHOHARGESFABRMEICS S EER T
FOA—=NALIeoTWS (8], [9].

LD SRR OEFENEE MBI S 72012, AFTIH
72728 3 — /%A JVS (Japanese versatile speech) % HEZE
T5. ZOIA—=NAFUTOR R ERD.

ERE7 A=<y b HET AV, 24 kHz V7Y
> 7, 16 bit &k, RIFF WAV JER CTIR{FEI N TV 5.
BEERS: SH7 7L, ToSSERICXEET
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TR IZ TR SN2 DTH B,

ZHEEE: R — SRTFEE - JHER Y O T OFEE 100 £
DODHAFEFSEZET.

ZHRY 1) ZiEEE, A ETEROA LSS, &
PEH, HEEZHFGELTWVWS.

KIFE: A2 — XA EEH T30 HEOEET—Xh 5
55,

RS LIV VRS LIVREEE: K68 1E, EERTHE T
LB TR ERFTH LTV,

ZEDY T Ka—RRL, FET—ZDARST, A
EFTFEA - WRIER - By LY - GEERELE - &
ETIAAV I EED.

AR TIREME: Aa— 2%, I5ERETHIIEEMN
BEZ TR BRIV THHHTRETSH 5.
BRICT VAT Aa—R2F7ayzs hR—
Y 0] ICCTAFTES.

DT, Aa—NADHEFIZTOVWTHRRS,

2. A—NRRATFHA Y

ARI—=NRRE, 420 TI—=NRNAN S5, T 3—
NAZ/FIE [NAME]INUM_UTT] @7 # —< v b Thi—
INTWS. [INUMUTT] \3&5GEDHGERTH 5.
parallel100: /8% L )LEiA LI 100 FiE
nonpara30: / V8T L )ViEid EIFEE 30 Fah
whisper10: X X% &7 10 F&3
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falsettol0: FA 10 &5
I—=—NRADT 4 L7 MU REEZATIZRY. SFEAR
& jvs[SPKR_ID] ® 7 # —X v FTH—I N TWb.
[SPKR_ID] &, 155 100 DIEZHLZ5GE 1 >~ Ty 7 AT
H5.
0O jvs001
| O parallellO0
O wav24kHz16bit
O lab
B transcripts_utf8.txt
| O nonpara30
O wav24kHz16bit
O lab
E transcripts_utf8.txt
| O whisper10
O wav24kHz16bit
E transcripts_utf8.txt
| [ falsettol0
bD wav24kHz16bit
E transcripts_utf8.txt

| O jvs002

| O jvs100
| =l speaker similarity male.csv
| =l speaker similarity female.csv

| F duration.txt

| =l gender fOrange.txt

2.1 #73—-12

KEITIE, 42D T I =2 DONTHHT 5.
2.1.1 parallel100

EEMTHINT 235G (NT VIVFEEE) &, FEZE
f[11], [12) PEEHEET Y V78], 18] R T N
5. F’xlk, JSUT 2 —RADY 73— “vyoiceac-
tress100” 2> S FHFENT VA 100 X &ML, 5551 FEE
TR, RYTI—NRAE, ZOFFET—RDARST i
A BT T ¥ A N (“parallel100/transcript_utf8.txt”) & % 3%
7 I A4 AV b (“parallel100/lab”) & & L.
2.1.2 nonpara30

EREETRRDHE (/v XT VILVREEE) oA, N
T VRO TR OBRENLRRETHS. KL
1%, JSUT 2 — /82D “voiceactress100” At Y 7 3 —
RIS T VRN ERIRL, SEHEMIZRLS 30 X x5
&Rz, AV T a—8R0%, “parallell00” & [FIRE, Fis
EFTFFANEEFRTIA AV NEED. 72720, Ra—
NADXIE, “parallell00” & #E7zx b, FFENTVAX TR
WZ EIZTHERT 5.
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2.1.3 whisperl0

TIREHIE, BHBEHANOHRRANEEET Y1 L
YhAIa=r—YaVOFETHY, TNETIZHZED
SR [14] - G [15] - Rk [16] - £H [17] BliAsE T
TW5., RYTI—-RADKRAID 5 X%, “parallel100” D
B 5 XEFRUTHS. 5,5 5 XL, “nonpara30” Dy
HMO5XERMUTHD. Tbb, FafED 10 FihlL, &
IREF LA LTHEHTRILLTHS.
2.1.4 Falsettol0

HEIL, FALTEED ) LY VRBALKETHY
ZOFRFEFEIL, FiA EFEHEORBE B b Z e s
TW3 [18]. AY 7 I —RADEMID 5 3%, “parallel100”
DEMAIDO S5 XL THD. %5 5 XL, “nonpara3d” @
5 XL F LD “whisperl0” @ 5 X R s, T4bb,
KEEE D b Feah %, HAE LA LIFEFETRIVILTHY,
5HEGE, IIPESHFLERATNAILVLLTHS.

22 %57

AEITI, I—NRAIEENDT /T =Y a v elRD,

e Fy LY (gender_fOrange.txt): HLEIFA72 Fy il
#7 [19], [20], [21] TR Fy ROV VY2 RETE 5.
ZDFHREL, AMBEOFRERIZUVITUITRVEEZE 72
59, KI—NAUE, KifEOHA LT ERICH LT
FHTHNEGEINE Fy LYV REE.

o SEEMEHELLE (speaker_similarity_*.csv): &% [H
DRFFPELE X, §6E (b U IIFEHKAEET V)
B [22] XERE EMIME 23] ITHHEI NS, Ka—
N, BRI OREFEHMAG DRI 5 BB
PEAIT 2E.

o fR (duration.txt): A3 — 320X, WK (57—
RYAX) LFEFREEL. HRLVAOVOMERIE, &
KT 7AAY POFERPSFHETES.

3. EERNEOHER

3.1 ARw Y
I—NAMFEIZH720, RAIFHARGE 7 0iEHE 100 £
(Bl 494 - &ME51 %) 2EMA L. 2FEFOINFKE, 7
O H RO T CINRERIZTERL 2. &iHE DI
X1 HMUWIZERLU 2., E51%, 48 kHz %> 7V 7T
k= 7212, SPTK [24] #H\WT 24 kHz 12X D v ¥ v
TV U, BEIT77AMVDT £ —< v MZIE, 16 bit
RIFF WAV X% L7z, A Bk UTF-8 Xk T
A7 U7z, BEXDHRE, i LI EHE ORI
ST AMBEICANG L2, XO7NVIAVFFANEEHEZT
~)LIE, Open JTalk [25] Z FIWTHBIAERK L. HHRT
FA4 AV M, Julius [26] Z HNCTHEIER L. Fy L
ik, FHIZE2ER [27) 22FICFHTHNE Lz, F
T 13 WORLD [20], [28] 2 U7z, 354 RIEHALE 1L,
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F 1 FHEEBOMGROME R, ZOHEIIEEFXKELEEIND I LITHEET 5.
Mininum [min.] | Average [min.] | Maximum [min.] | Total (100 speaker) [hour]
parallel100 (100 utterances) 10.11 (jvs020) 13.11 18.24 (jvs084) 22
nonpara30 (30 utterances) 2.12 (jvs099) 2.62 3.86 (jvs036) 4.4
whisper10 (10 utterances) 0.95 (jvs045) 1.24 1.69 (jvs018) 2.0
falsettol0 (10 utterances) 0.90 (jvs045) 1.18 1.61 (jvs035) 2.0
Total - - - 30.4

TERES OWI%E 23] 25, 279 RY =Y VI —E R
Lancers [29] Z{iH U CFHli L 72, &FME T, &FEE
NOBEMEAIT % -3 (B RRDZ) 26 +3 FEHEITM
TW3)D7ERBETHEIEZ. BRNRAITIE, FE
NEIZ2FMEDAIT 2FI LD Uiz, KahE N
DAATIE, 10 DR DFEHIC KOG L. BN
7R A BUE 1,000 N7 o 72,

3.2 o
3.2.1 #ERk
SEEH O EDOKEEHE % Table 1 1Z/RT. AT —/32
I, BT 26 BOHA LIFEH, ABMOIXPEAH
SHEBEEEA, REZHIZOVT, EH 157 DR T
T, L.2USDIIPEH, LI8K2EL. Y7 3—12A
“parallel100” TIXFEEMOFA L@ 528, %
O RIXFEEHCHREIZR R Z b h 5. HlZIE,
FHE Gvs084” 1XEEH “Gvs020” IZHEAR 1.8 fFEL FEE L T
w3,
3.2.2 FEHMFEEBRLUE
FENEEEELE OFH % Fig. 110587, #lzE, &
H EHPNEM U AL, 3 4vs019”7 & “vs096”
THb. £, MEEEPSHREANICRD RRDEEHIE, &
# “4vs010” TH 5.

FEH

ARETIE, SHREEPEICAT T, JVS a—1X2A0%
AR iR R Rz, KaA—=NADTFFAIT—XDF
4 >R, JSUT 2—/3Z2D LICENCE 7 7 1 LIz E#
INTWVWSE, RI—NRADXTE, CCBY-SA4.012&-
TIM1RVAINT VWS, FFET XL, DTOHBAIZR
DEMHTARETH 5.

o THTI v IEETOHZ
o JEMHEMOMI (HFFETOMELED)

o HATORH (Tursizad)
7B, TV s b= [10] TIEEGHRIIZEET 5
ERAEELTWS.

EE

AWFED —HRIE, & 3 AREEAN IR ¥ O S 5% 2 52 1
THEMU 7z, &7z, KBFZERFEIZREE SCOPE(ZNE S

4.

5.
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(a) Full-matrix

(b) Sub-matrix
(10 females)

jvs002
jvs004
jvs007
jvs008
jvs010
jvs014
jvs015
jvs016
jvs017
jvs018

1 Speaker similarity matrix of 51 Japanese females and (b)

its sub-matrix obtained by large-scale subjective scoring.
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