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Section 1
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AR AR & R

» http://www.sp.ipc.i.u-tokyo.ac.jp/~saruwatari/

» (YRTLBERE—MARENSLENDLDICA>TEY)
> FAEETA

> HER

» LR— bR (2O0REI%E)

5/76


http://www.sp.ipc.i.u-tokyo.ac.jp/~saruwatari/

SHBELT B

B - e mmBEL T SR e ?

TNeEDINAHTSE?

6/76



Section 2
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BEEK : BF 2 ALRICEY B9 5l

> FEOBEFEK
> TF¥XKNEBFEEM (Text-To-Speech: TTS)
> LEDHR A (XX-to-speech)
> TEFRANEBES
> BEEZEH (Voice Conversion: VC) - RA AF IV ¥
» BEREE A (Concept-To-Speech: CTS) - #& — EFBEMK
— BEEAK
AT - BERBTyEV S RAEHEEM IR
> RIVFE—SILEBEEEH BERLEEEVCERE
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FH2ANEEARE EELS

> FERNEED

[ERaN=]

Text —

B (Text-To-Speech: TTS)
> TERARNEDOEFEEMN

» ENUADE/ DOAZI2=H5—230DD

TTS

Z 1 (Voice Conversion: VC)

ERERFLILITFE/NSESE - ESEBHRELTH
DREREHWNAEZZ/-II2=2y—23avDid)

il s

VC

S T
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A—/RAR—AEFFEGDIERR

b IL—ILR—AEEFS
> BERERBORAICLEZSZSEFE
» 7AIITY NEFEEK (-1990)
b IL—ILR—ZADERMFBEEICL2ETFEH

> I—NZAR—IFEHK (1990-)
> TS RY T TEEAREEE
> R - RATOHBEHAREIC
» AHAT—4% OREFKRMEZER T 2 HREE
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HE KD

LS (1) M

- BEER (RELR): RGDEECLDEAN
HF XKD B XKD
oA & AL

> HEFARL.. XS LILT—Y5L
> BEEHK: BEDM or SEMFEAL L
> BEEH (GEEEHR) RENBTOELDLZIERS R
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OA—/NRZAR—ABFEARARDESE

> Y TIR—ZBEAR (RAEREEK) [1]
> BERE - NSAXA—S%REFL. TOER - I TEFEK
» R BICAFRROGWVEHRE
> JEFT BEEHIELICCW, 7y KTV RHAREN

| 2 %)il:an'l'E’J 'l:IL\ﬁr(: [2]
> BEREE - NSA—FERETETITETIVIE
» BAT BEERELY TV, 7y R T RN ETN
> JEAT BVWEE (ZE2£BIKAYPTY)

Text L |
Text analysis Acougtlc Speech %W“
Modeling

Waveform
parameter

h thesis
; Speech 08880 | | generation | | syn
"‘“ analysis @ %WM
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T 2 NMEM

» BASEUNIETY NI
» Saaakhl (Language identification)
» TF X NEFIE (Text normalization)
» TERERFRMT. Part-Of-Speech (POS) tagging
> WX, (RY R TN

HEANME ONIE
> BE (BR). RELK (BEREY)
- BERXEBOA : ZIK(LJ&A,) =& (
7oV RAMNLAR, 7OV MEA.
o UV MEADA :
120 + A—FJL — [ZDe<A—R L
p R—ZMIE - RIMRE

*Aﬁh)
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BERESDETIVE (}tEI:, WJEI:JI_‘Z/J?) [ ]

NIVRFEBBE ) A ZADEHMTEHT, LY ESHBELRKRR
» STRAIGHT [3, 4] & XN 2 DFTBEERENE R

v

12
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~
=}

L L s L L L L L 1
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GMM IC & 2 RFEERDETIVE

> ANHFHEE X, HAORHE Y,
» Z,=[X], Y]] ®pdf & GMM TEFILIL
» HMM ERFRICEM P T Y XL TEETRE

P(ZA) = quZ)N(Zm z(qZ)), (1)

¢=1

e 200 50V
n = Py | =0 = (Y)o ( v) (2)
Hq
Zt ”q(Z)
X
Xt .uf, )

18 /76



DNN IC & 2 5HET8 (7]

> [ BHEHOBNEDOH A b = fl(Wlhl,1 + bl)
> (f; () IEEMEACEE)

THX MFHE EEEE
t=1 m
a1
LFER B B R NI
(binary) -0 o I (numerical)
i~ - { SBIHEFO
7ot a0 U (numerical)
(binary)  3F1 B - EBE
o j
E-SHhE [ (binary)
(numerical) BHFHETHE L.
TIL— LB . ) INSA—GERETD
(numerical) t=T (53 BRSBIRHETE)
BRERRE i
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R/ X =Y RIIDHED ERDH

> E— HMMRREBICHBT 27 L — AT, B—ORETE
> HMM RREED'ZED D T L — LT E, ETERIER
> COREHMETIIER §, = By &Y TEfi/akRol
> BIMFEEDOEAICL BREAELDOETIVE

“Sample”

J

Text
analysis

HMM database A

- Hq.1
S
MqZ,Z

“l”

%

q Ey D'
Z7
!
”lh,f Et_l
Rqr1 EEI

Mean vector

Covariance matrix
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HNRFHEDTA

> BRAZLZRITPNFHELZEAL. HUM 228
> 1ROEHRFHE Ay, = 0.5y, — 0.5y, ,

Y w Yy
Vi 1.0] 0 V1
Y1 ] 0 0 T
Ayl 0-5 | = |
- j ) Yt
y ye| | 0(1.0/ 0 L]
‘| Ay, 0.5/ 0 |05 L7
¢ o
yr 0|10~ @
Yo ] 0 0 11
Ayr -0.5( 0
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BRIL/INTA—FEK

> BRHEOHRINO T TRAKE
> Yy = argmax P (Y| Ey, Dy) = argmax N ( Wy| Ey, Dy)
> ERXOXBOMA%E 0 &BX, REXDFELND

BRI EEZ BRE USR8 A — 2 B

delta oy Staticy

Temporal
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Section 3
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L

mmBEFE

> DENEZNE
» STRAIGHT [3, 4]
» WORLD [8, 9, 10]
> Auto-encoder [11, 12]
> BEETIENRE
» Trajectory model [13]
> Additive model [14] / hierarchical model [15]
> LSTM [16]
> BENASA—SEHRENE
» Cepstrum emphasis [17]
> Global Variance (GV) [18]
» Modulation Spectrum (MS) [19]
> Adversarial speech synthesis [20]
> BHREY 1L ERBICNE

> Direct waveform modeling [21, 22]
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DG RE

> EDVDDEMBRIBE?
> FERHE (AR MLERKRE) EEFREFEHE (F, L)
BRI IC DR
> HOWBEFEICK L THEEICEE
> METIEFE AL, STRAIGHT [3, 4] D& L F THEHE
» TANDEM-STRAIGHT Tl Fy ICREI L& 2 DO BEH = F A

> http://www.wakayama-u.ac.jp/~kawahara/
HowTANDEMSTRAIGHTworks/ (2 Quicktime)
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STRAIGHT IC& %2 2R MLE#& [23]

> T TRARNSLETI, Fy D ARYT MILERICEE
» —7A, STRAIGHT TI&, Fy DEE%ZRY L {BRE

120¢ —— FFT power spectrum

100+ —— FFT + mel-cepstral analysis

STRAIGHT + mel-cepstral analysis

80T,

601

401

Power [dB]

20}

0_

-20

4
Frequency [kHz]

26 /76



WORLD D %15

» STRAIGHT [Z4FEFAEC DT, EZIISALDOSW
» WORLD &MEN 2 BSD 54 Y RADY AT LDES
» HMM BEEHICEWT, STRAIGHT &R&E [24]
> http://ml.cs.yamanashi.ac.jp/world/index.htmlC
C++ hR - MATLAB hR%Z AFHEE (2016 FBFR)

> BNICEDZD, BICESRAIMERELH S
» AhoCoder [25] (University of Basque Country)
> Vocaine [26] (Google)
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http://ml.cs.yamanashi.ac.jp/world/index.html

WHEBEN—ADRHFHEMRT

» {5 (STRAIGHT WORLD % &) 1T & 2 HsiH

> BERF -> ESNEBICL 2 ARSI MLEK & RITHIE
> HWHEEIC & D5

> BEEF > BEEBICL 2 RTHIR, Fo HH

> REBFBEOREICLYIERL

» PCA, auto-encoder [11, 12]
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SEETI

> ANEHE S B NRFHEZ NIRRT T2 ?
» Trajectory model [13] ... 8 - BIMGFHEZZERB LERINET
7
» Additive/hierarchical model [14, 15] ... REETILIC L 2 INERE
&

» LSTM [27] ... BIMNRIBEDCBHFE
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2B - ERICBITAFE

» HVM B EAMRTIX, ERFICHDN - BINEHE2EET 2
DICF L, FEFICESFT 5.

Actually observed ~ Window
speech parameter matrix
sequence y w

Conventional training of HMMs 4

A = argmax P(Y|X, 1) I

Modeling of Y

Speech parameter generation

Inconsistent

y = argmax P(Wy|X, 1)

= argmax P(y|£/’, X A

(X: actually observed
context label sequence)

Generation of iven W
L Y9

Trajectory HMM training Consistent

A = argmax P(y|W, X, 4) I

Modeling of y given W ]
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HMM 55 trajectory HMM

» Trajectory HMM: 58 - BINFHEDHIK (175 W) DT,
R5%=ETIVE

> P(Y|X, ) D5 Py W, X, \) (SERATHIICEHATEE
» Viterbi IREERFI g T

PYIXN) ~ P(¥I&, X N) =N (VB D) (3)
> Y=WysFIHELTEY
N (YIBq, D) = 2N (yluy Bo) = JPGIW. XN (4)

-1
So=(WDJ'W) =%, W D;'E; (5)
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NSO RMN)ETIDINTA—F

> 4, BRSNS A — S ERTRONBAS XA —F Ii—
> HOEITH S, (FEMREE 5 28 L BRI & KR

Mean vector (Inter-frame) covariance matrix

o,

5 g Time
g s Covariance
o & Small BT L arge
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NSz N)ETILOBRER

» NSV IR HMM ZREY & LT B/HRANSD T
M)ETILDPEREINTVS

Trajectory HMM [13]

Trajectory GMM ([EBF [2] - ST [28] - EiD)

Trajectory DNN [29]

Latent trajectory HMM [30] / GMM [31]

» Factor-analyzed trajectory HMM [32]

> BAEMRELT. 74 L9BEEZRETZETILEDH D
» Hidden trajectory model [33] ... RN ZEERFID moving average
process % {R &E
» Autoregressive HMM [34] ... BEFERFHERFID autoregressive
process % {R &

VVYVY
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MBEBETIV [14]

> TFAPNSEARTRZELRIVTFRAMNDBE
> BE, AVFFRAMNEEICH L THEDBWERTIE R

MEDE - FEDNIWVWER (BVWIVTFAN) HER
Ih3

> AVTFANDOHSHBNMEBEICELY, HH5WZIVT
F2 b %%E%: — %%#%ﬁ&% Y = Yactorl T Yractor2 T "

ACOUStIC space i N Complex region
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[EEE7T IV [15, 35]

> F @:t 5 @#ﬁﬁﬁ'ﬁﬂ@ﬁﬁ“ﬁﬂi\ RUVLWEHBIXBEICHET S
YRWIZ L —XBAT F) ZRE)
%G) SRBEMOTALY RVWEBEBMATOFALINEM

(m SE(ZHZE

> BHR-T7—RK-ISTII - BEFDOREEETETIVC F) =R

Syllable-level FO
Phoneme-level FO

+
State-level FO

|

Al |

(8 l

D

[ 1]

o || o | .

(standard modeling) &SSO DSOS S

Il
Observed FO

[\

(/\/“

I
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VALY MBEEZF > LEEETI

> DALY MEEEFE > =2 —SIbxy hT—2124&Y
FHNRHHESEARY N7 —JICKRE
» Al :

Recurrent neural network, Long short-term memory

T
Output Features

yﬂ! rﬂ!’rﬁl

*
r A F_|IA E T

\1- ﬁﬂ/

0
( Input  features
Text Text . Input Fe:?ture
Analysis Extraction
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EEAK - THICH T %87 DNN #iE

MEEm LD/, ZHk7% DNN EBEIRTFTINhTWDS,

v

Uni-directional LSTM [27] ... {E:EBED & R ALE

Simplified-LSTM [36] ... /€2 v R TV b - BREE
Three-way RBM [37] ... &€ - B - FERFBRORAKETY V7
Attention model [38] ... HMM 7 1) =725 % X b — &7 alignment
Language/speaker LSTMs [39] ... &5 & 55& D factorization
Highway net [40] ... &) deep RETILA

Complex-valued net [41] ... ERARY MLDETILE

Dilated CNN [42] ... ik

vV v v vV V. v VY
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/T A —5 DBETFIBIL

> FRETEVERLIBICE T B FELIEE. ERER/SA—F %
BREICEBESE, BEEZSEIES,
> EBILICLYBRLEAD ZETTHIETEELUSE

Natural speech parameter

EEESTT ST
¢—’ Speech
e o
- — Time
S ssssE

Synthetic speech parameter
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Cepstrum emphasis [6]

=)L R— 2 DRI
> NANR=NRSX =% §EAVT, TTRANSLEEF

¢y (m) = Ber(m) (B>=1,m>=2) (6)

100 T

80

Log magnitude (dB)

0 0.25 0.5
Normalized frequency
3 RARTZANZVTOHR (KRB RARNT 1)L

RUDTHE D(z), BB RARTANRUSTH
D(z)- D?(2),8=0.5)
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FIANZEH (Global Variance: GV) [43, 18]

> GV: BE/NTA—YERIIDIE (= central 2nd moment)
T
(d) = %’ Z (y:(d) — ?_J(d))27 y(d) = lT Z yr (d),

<

v
[t
ol
3
]]I|||
9?
X
=
S
5!
2,
B
R
B
<}

0 Pt nm/wwm
RGRTEE

d-th speech parameters y4(t)
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Cepstrum emphasis (CepEm) vs. GV

» CepEm . GV KX A VY TRBENA TADHR
S ERDT TR NS LICBEWTERHE
> GV & [43] . T TRANS LDORTEBISRAZENEL S
— BRABELEHMERERD GV ' —

1
~+= with PF
—*— with GV
o le-1 Ak, -0~ Natural
8 \
3
‘g
3
> le-2
3
s
&
le-3
le-4
0 5 10 15 20 25

Order of mel-cepstrum
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ZFHANRY ML (Modulation Spectrum:
MS) [19]

> B NTA—IRRIND (RE) /87— ML
- RBRIOEE (WO E) 2FZ(L

» IS DZPR:
b RENSXA—FRIE, AVFFRANHRTEE (BS5HARW)
» BRAEFIE. B—3VTFFRAMTERSLS
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TIRRARY NILDBF)

> GV, MS RXA YV TRZENLATRADOYR
— BB RERREICH W TEER

8
AV
S
5 4 |
g o natural |
7]
S 0
§ | HMM : :
-8 —2_ ( . o , HMM+GV .......
= -4} |
N\
=

20 40 60 80 100
Modulation frequency

av. Ay i

(=}
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» GVEMS ., RINDNIRT—%EtET 3

p =L, MS IZREEMERICOMBRICGTEIN, MS D=
GV IZH 3

GV
d-th param. W\/\_\WI v(d) (power in time domain)

Lo
Frequency decomposition ,

> Sum of MS
Freq. index 1 L Ni s¢ (1) components = GV

+

) MS
Freq. index 2 W1 s:(2) (power in freq. domain)
i
e T I s

Time
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CepEm vs. GV vs. MS

» Cepstrum emphasis, GV, MS [ FRODOBEF{RMEEFD
» (Mod. freq. = Modulation frequency)

‘ H Cep. emphasis ‘ GV ‘ MS ‘
Variable Scalar Vector | Matrix
Feature-dependent
emphasis? No Yes Yes
Mod. freq.-dependent
empbhasis? No No Yes
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GV/MS #ZEB LEBBE/NT A —YEK
(43, 45]

> EIYO>TGV/MS 2ET 2 ?

» BEETIVE GV/MS ETILD Product-of-Experts [44].

> EHETILO AND 7R —> 3 VICHEY
b BETILN WEHEILICEE, N R—=NRSA—4%, EHw

MS(GV) 2 F R U 7257 /8T A — X AR

¥y = argmax, P (y| X, Amvm) P (s(y) | X, Aus)”

> MS s(y) i, yICBET 2 2.RkK
> LROWEL 4 RK - REETHRE
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Example

> GV IRIEDY, MS [FIREIZ1ETT 5. EEIT MS > GV,

HMM+GV
_ 03 natural
ko)
g 01
o
[
201
g
3
2-03
(7]
05550 300 350 600 650
Time
HMM+GV
§ 03 natural
g 0.1
o
®
201
E Wi
3 ¥
2-03
(]
HMM+MS
0.5
450 500 550 600 650

Time
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GV/MS #ZREB LMz N)ETILES

> MS(GV) ZER LI/ X—%%KIF. amELED, REE
TR ET DIDEMICERENDN S
> ERBEEEZEPT &R MS(GV) DBERENRERTL
haunn?
» MS(GV) &l ED RS0 M) ETILEE
[46, 28, 47]
> ERTIEAR L ETIVEBICMS(GV) ZHAAD
> ERINDZBENSA—Y gHAMS(GV) ZETXTT DL IILHE
Z2EFI Anuu 2FE

MS(GV) 2EZR U7~ TV xr M) ETIVFEHE

Amviv = argmax P (y| X, Aaviv) P (s (y) |9, X, Ams)®
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HMM O H fEZERD 25 DA

> MS(GV) IT& > TEHERY MLRIIDIREIT S (KA D)
- TIDLERINDIBENTA—YELIRET S (EHB)

005 E== mean * variance

O:OO—M\WM
-0.05+ BSC 1

-0.10

Delta mel-cepstral coefficient

% m ‘ MS
160 180 200 220 240 260 280 300

Frame index
BSC: BE® HMM %3, TR): hS¥xV M) EE 49 /76
/
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ZTRARY NLOFHE

> BEFHEORILIE [48]
» BEARICES LAV MS 2RE
» RAKNT4IL% [19]
> B - B IR S TEARREN DIKIELE ( 125msec)
> ARY Kb, FO. #fERICEATTEE
> /NS A —5 R [45]
> NEBREEIFRVAEE S
> TTS AVARTHRAZEME (6 S5EH 3 SEEDEARM) [48]
> BEETIVEE (28, 47]
> BmENDEERAK - T
> SEETIVEIS
> PEOBEET Y THEMEL
> &’ﬁx?]l]ILE’D( BE/NT XA =9 [49]
» VC OAURTHAEERE GEEM) [49]
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R E DBRTBIERET D O BEIERET A

> RITHRHEOHEIENMIEY

— ﬁﬁ&g(])uxﬁi‘b‘%% I EIJ (Ti‘%) \/\)

— DR DREHIEEICEHE (25 W)
> RR R EHMEZ ICEEONAWDL?

— Anti-spoofing ICEX 3 2B E &M [20]

Speech synthesis update Anti-spoofing update
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Anti-spoofing verification (ASV) [50]

> AREFEICLD TFEORYTFHEL] &R
- EEAK - THROFREBIbICEVRE

> BABEREERBRA2REET -V LTHESBEEE
— BAEFEANRBEEFDEWE R DI THH

Discriminator True (1)

D()

—> False (0)

> ASV ZBRT LD ICERAKET Y TT—FThIERW?
— BAREREARERDEVZ RO THE

52 /76



ASV ICHNT 2BFEK [20]

Speech synthesis Generated Natural

Al o =] speech speech
H%ZI%H Parameter W params. Lg(c,&)  params.

S || generation
Linguistic|, . :
feats. |* ol c
%Z:% Feature LD 10
function 1: natural

Anti-spoofing

ASV IZHON 9 2 H A GO I A b B

L=1Lg(y,9) +wlpi1(y) — =Mt

C——

(=
(=

» 1IRBIEMRRZE = &/IME
> 2IRBREMNSA Y ZBRBTREHISES
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> FETINTY XL RIVFHY R EEIBHNES
b RIVFIRVZER - BRIRVDOHEBEREZFE
> BEHNER 20207 —9ty NODHEEDAD
M(IBE Proppsed

23rd mel-cepstral
coefficient

20th mel-cepstral coefficient
> RFHERE
> FRATHIREIE (GV ¥ MS) 2 B#EF AR
> BRETZDED%E DNN ICEE R Z & T8

» ERMEE L TOMNEE
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Text i
Text — .. [ Acoustic — ] Bt
analysis | | pogeling | | SPe%eh | | waveform
parameter synthesis
2 | Speech | | |_| generation |_|
| Seeech L4 CAS Bt

b EEI 1 -IILORBIENEDOREL & IR S A0
> BHEY 1 -5 EBRE(

- =

» Z Z Tl&, acoustic modeling, speech parameter generation,

waveform generation % BB &RE/L T 5 FE%Z BN

AR fed A
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Direct waveform modeling [21]

» source-filter ETIVEREL T, EM/NTA—=F yHh L&
LbN2EFEENY zDLE P(zy) Z&xK1b

Inverse LMA filter Inverse filter output LMA filter
=0 et =0
Xz e(t) ot=1) _et=2)_elt=3) M
W - (‘Xp{— > c,(m)z""} ﬂ— 1 Mth e - cxp{ > q(m)z""} . W
m=0 order m=0
I LQ delay
Cepstrum Cepstrum -
c dlogp(x | ) dlogp(x |c) dlogp(x|c) dlogp( | c) c
k] e (0) Dee(1) Dce(2) e (3) 2
© ©
& &
g ,—\ Derivative g‘
5 SRR \ 5
;‘ .f t ". Back propagation vector 13‘
g «»4«; ]
E == g
(=} (=}
w . w

) Sample-by-sample Sample-by-sample -

linguistic features s
linguistic features
Linguistic feature extraction Linguistic feature extraction
Text analysis Text analysis
TEXT TEXT
(a) Training (b) Synthesis
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WaveNet [42]

> BEREREEFLEFICNT 220 S AERMBERAD

> 7L —L9HE source-filter ETFIVEREET, 19V
WEBITR = £ /%

» Dilated CNN %I\ T, Autoregressive process % IR
1 T-1HYTILOEEREIS T7L—LBDEER
FaE)

Output
Dilation =8

§ Hidden Layer
Dilation = 4

Hidden Layer
- Dilation =2

Hidden Layer
Dilation = 1

Input
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Section 4

ESMHTE?
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IyaEkedl
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