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ZEASKRNDT T O—F (BBEFRER)

¢ L—ILR=X, T#IL2> M EFEE K (~'90s)
AFILBL— LI ESNTREENER E1EE

o« A—/NAXR—XR, B E#HRE S A& ('90s~)
EEF—IN-ZHLEEER (EBHEMH DR L EEL TR
c A NN ITATHEE SR

s WHACARUMN I BABRBES SR S
e 1—/8ZAR—2Z #hEH9EFE S K (late '90s~) | EELTIBOE
Y—2TALIETI + BEH T BE T FELL:
* HMM (hidden Markov model) (1995~) > s

* DNN (deep neural networks) (2013~)
« WaveNet (2016~) I E EARAD/ SST A LT h
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Text
@
r:/uL:'gLi_] ° /J\'7\\/ |\’7°|)‘/|\
o YRTLDBEEEE
7% Z MR REBEEHE - KEEKFMH
l o FERM | HIHM
HMM: hidden Markov model FZAlZBlE,
DNN: deep neural network \ |
XD N >
- A BEDOERBREZEE
(digital filter/WaveNet vocoder)
BOKET-GT >
B/ NOA—IZHTE HE/NSA—YITER / // TTT
EQDRAN
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BE GKRDOEARRE

TXRAPEAUSHIRT S BERREDBNRE I HHLT,
HEICEALNITFRAMIMRTZEE B E KDL,

oW;-:\:Z |\/ ] F_gN—2 ‘ x ~p(xlw, X, W)
« X: BEIRK i

- BE% Py
W EEDTIR (W W) :

x: EXBEKRE - ? W, X, w



B e DT E L (1/4)

FRID T DOHEEIIBHE TN
e ERET RS ANy IR REEA

p(x|lw, X, W) = jp(xlw,/l)p(/llX, W)dA

L ETIL/IRSA—%
e BDIIBH Tl
2 p(11X, W)ma—jiﬂz’c“ﬁ 9 & 3L

= arg maXp(/1|W X) € %38
x~p(x‘w, 1) € HE X




= e KD EEHEY E L (2/4)

 BE, EXET IR ET ILIIDEEINS

p(x|lw, 1) = p(x|o) p(ol|l, 14) P(l|lw,A;)

i fs, / \
TRV LV R Bt T 2 B 888

(Ka—-%) BEETIL 7% 2 ME

0. a;’g}FiﬁixO)/{’—})( K /7%1% (%%E&f#%i)
l TEZbw D ZEBFEH(GNIL)
— {AA1/1L}- -&L-ﬁk%‘?‘}l/d)/ N AXA—4 &
L BEETILD/INSA—F
A TR RANEEMTBRD /NS A—F
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BRI (SRIL/a>TF L)

Phoneme (or distinctive feature)
+ {preceding, current, succeeding} phonemes

Syl lable
# of phonemes in {preceding, current, succeeding} syllable
{accent, stress} of {preceding, current, succeeding} syllable
Position of current syllable in current word
# of {preceding, succeeding} {accented, stressed} syllable in current phrase
# of syllables {from previous, to next} {accented, stressed} syllable
Vowel within current syllable, etc.

Word

Part of speech of {preceding, current, succeeding} word

# of syllables in {preceding, current, succeeding} word
Position of current word in current phrase

# of {preceding, succeeding} content words in current phrase
# of words {from previous, to next} content word

U\I\/

(=)

- Syntactic/dependency information, etc. +7L—A4 I//\ll/O)%l_% u‘F‘ : 'f ‘|‘

#R

Phrase
# of syllables in {preceding, current, succeeding} phrase, etc. ‘I‘%E. EZ 9/{”/ \ﬁ %Iﬁ.
= 9 l\)\

: (CDEHNGIT - INILYHBI5E




B R DFLETEY E 1L (3/4)

c EXETNERDET IR ET S

A1 =arg m?Xp(/TlW, X) €& %25
x~p(x|w, 1) € E£BK

Wa, A1} = arg max f Z p(X[0) p(O|L 1) P(LIW. 1) A0 p(A)p(AL)

T yx

x~pr(x|0) p(o|l, A,) P(llw,1,)do €« HBX




B R 8 OMETIE L (4/4)

D LD R RALIZREE
> A LIRRDERBAAL T

A BRI REINATFIAMETES 2—ILD/N5A—7
5 argmax p(X|0) € BEREOME

= arg maxP(L\W Ar)or p(O|L,A4) orp(O|L,A,)P(L|W,1,) €
i = arg nEXp(mL,AA)p(AA) CEBEXTTILEY .
I =argmaxP(Il|lw,1,) € 7% R MEH .

0 = argmaxp(o|l, I, 1,) € BEFBEK
x~p(x|0) é BB IR E K
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: e sigel Training part |
| ‘ i
| Excitation Spectral ;
' Parameter Parameter i
| . .

i Text analysis |_extraction Extraction :
! Excitation Spectral ;
: parameters v parameters :
: » Training HMMs |
| Labels :
| — —
' AN |
Lo _ ggggg% B A N i
: TEXT : 08‘880 :
| ! ' E Context-dependent HMMs |
: Text analysis T ] & state duration models
: | Parameter generation :
| ool Excitation UEMD b Spectral |
! !
: parameters | - — | parameters :
.~ Synthesis part Excitation |Pcitation | Synthesis | | SYNTHESIZED
: y P generation Filter SPEECH |




HMME & & B DR &

Speech signal Training part

O = arg moaxp(X | O)

Spectral

: parameters : | parameters

Labels A=argmax P(O|L,4)

E y)

:_" T _-}E)(_-_I_—_ PR » _ A A T T T T T __:

i | Y=g m(z)ax P(O | | ’}“) t-dependent HMMs |

j Text analysis te duration models :

' i Parameter generation ;
- ro |
| =argmax P(l |w, A . A

gmax P(l{w,A) &~ p(a | 6) ;
: . 2 ED |
| Synthesis part R :




HMME & & B DR &

P Y

I::arg max P(L|W,A) |

Text analysis

Labels

TEXT
‘

Text analysis

Labels

f:arg max P(l|w,A) I

17
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i Speech signal
O = arg moa,xp(X | O)

Excitation Spectral

parameters 1 I parameters

SYNTHESIZED
SPEECH




AT T A NS LIZEDKART ML

e JO — o
1 — qe /@

M
H(ejw) = exp 2 C(m) e—j(T)m’ e—ja’) —
m=0

c = [c(0),c(Q),...,.c(M)]T € AT TS L

AT TR LOBREHTE: - —
¢ =argmaxp(xlc) < s«
C g 2 ,
-g_ ﬁ::' ‘;)i ﬂ:z X 75 ¥ 77‘\'7 Z i@*% 0) 2: % % — warped frequency
p (xl C) ,’i C ”: &ﬁ L/ T \{-_L, [Fu ka92] § ; , — :jl-zscale frequencyﬁ

Frequency w (rad)
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100

Log Magnitude (dB)
o1
()

0 | 4
Frequency (kHz)



MLSA 7 4)L % — (1/2) [Fukada92]

M
H(z) = exp 2 c(m)Z7™m = K - exp
m=0

F@)=Yemz"

1-a?

I 7 —®

Input

b))\

b(m) =c(m)—ab(m+1)

b(2)

\ 4
D+




MLSA 74U % — (2/2) [Fukada’92]

K@Pre)

M
H(z) = exp 2 c(m)z™™
m=0

L l
1+ Y71 Ax

exp x =
1+ Y, A (=)

« IALERZE <0.24dB
« O(8M) f&Fa/H>TIL
o ZEMDIREE

Input

F(2)

F(2)

F(2) -

F(2)f-

1+ ZL: A {F @)Y
exp F(z) = =1

L

1+ A {-F(2)}




HMME & & B DR &

Excitation | | Spectral

parameters parameters

e

A= arg max P(O| L, A)

Labels

Context-dependent HMMs
& state duration models
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PEVFEE
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Dynamic feature [Furui '86]
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/C:unvoice? )

C=vowel?
R=silence? |

R="CI"?

L=voice?
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HARIRE S E AR HMME & & X

Clustered
states

Sentence
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Mean Variance C —
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Three dimensional Gaussian
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e

I
Labels from HMMs

Excitation
parameters [ I—l

0

Spectral
parameters



EENNGA—9 (BEHB) ERTILTY I L

0 = arg mg:lXp(O‘i,iA) = arg mc?xz P (o|q,2)P(q|l, 1)
q

q: RREAR T

!

G =argmax P(q] 1,1) < REMEENRE

G=argmaxP(0|G,4) €« ZFFE/SSA—IDRE




i, 2

Frame number

33
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Frame number




— Mean trajectory (_;q

5227 M) HMM DN N

Ius”ll a ||||i || |d|| a| | |?i|||
[~ »

FHREEZED
/ FEEEEES IV
1 R _
~ p(ola.4) = N(cle, P,)

C

Z, = jP(o‘q,i) dc

5 10 15 20 25 30 35 40 45 50 55
Time(frame)

Temporal covariance matrix Pq
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« Speaker Adaptation (F % E15) )
o [Tamura 98], [Tamura '01], [Yamagishi ‘03], ...

« Speaker Interpolation (E %;8+'3)
e [Yoshimura '97], ...

» Eigenvoice (B % 2<5%)
e [Shichiri’02], [Kazumi ’10], ...

 Multiple-regression (F % #|{#¥ 5%)
* [Nose '07], ...

Only from publications by the HTS working group
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HMM/DNN

R |
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[RN~2ILa7ETIL (HMM) ICL5 77 a—F

STRAIGHT

p(xlw, 1) = P/(xIC) (ell; 24) P (llw,1,)

o (GV-based parameter generation [Toda '05]

»  HSMM (hidden semi-Markov model) [Zen"07] | —_——

* Trajectory HMM training [Zen '07]
 MGE training [Wu ’08]

« Bayesian approach [Hashimoto '09]
o Additive decision tree [Takaki '10]

* Trainable excitation model [Maia '07], etc.
A T L SR A N =LA
Only from publications by the HTS working group




—ONEIA-ILDBLES

p(x|w, 1) {p(xIC)Q'(lIWQ

Joint estimation of acoustic and excitation models [Maia '10]
Log spectral distortion-version of MGE training [Wu ’09] TR TR
Factor analyzed trajectory HMM (STAVOCO) [Toda '08]

Mel-cepstral analysis-integrated HMM [Nakamura ’14]

e Joint front-end / back-end training [Oura '08] |

Only from publications by the HTS working group




7 =a—SILAyr7—7 (DNN) IZL5

— F (1/6)

p(x|lw, 1) = p(x|c) p(el|l;44) P(llw, 1,)

/ﬁﬁm & -‘})iﬁz_*._ﬁk

(Ra—%) EETTIL

T % X MR

DNN-based speech synthesis [Zen "13]
LSTM-based speech synthesis [Fan '14], etc.




DNN vs. HMM

DNN HMM (=regression tree)
« T—IELLEREK? o T —IELLERAY/NT
e TS5y Mg « BERfFIT0H SEE
o NSTILERRHNH B o FMOTILEERNES
« EENKE o HEAHHEH
« ZRMEMCAFO MR FE | |« BRIERC AL AL T
BFIRISESHIATINS 52TV
o it 5 - D ELLIE L X T\ o It 51 9 BLLFE LIS\
ﬁ /b:.I:.FEﬁL j:)H'%E_ %ﬂ.’a ¢ Fﬁﬁ% glaaﬁtsj:aw'%ﬂgiii@'ft
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7 =a2a—2)Lxvyb;7—7 (DNN) 2L 5

77

—F (2/6)

p(x|lw, 1) = p(x|c) p(e|l,44) P(llw, 1,)

i N\

. BEBREOLEZEZRSET "
2. AEND EERDERFICET LTS

T % X MR

3. Za—IIIRyrI)—7%25F8BT5

Directly modeling speech waveforms by neural networks [Tokuda ’15],

Directly modeling voiced and unvoiced components by neural networks [Tokuda '16]




ZEEZETTI

/NILR %
p(n) BEAEY AT A & R
[T DT h, (1) v(n) = p(n) * hy(n)
(%
1 i W fwn
h,(n) = gj_nHv(ef ) el dw | B2
P x(n)

BBAIAMS BMIARY 254

e(n)~N(x; 0,1)

) 5

) =5 [ H(e) eom o u(n) = p(n) * hu(n)

AERD+EEXTNDESETIL
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7 =a2a—2)Lxvyb;7—7 (DNN) 2L 5
—F (3/6)

WaveNet, SampleRNN, WaveRNN, ...
(autoregressive sturucture)

p(x|lw, 1) = p(x|c) p(e|l,44) P(llw, 1,)

/¢%=1¥H$ & -s&ﬁziﬁk

(Ra—%) EETTIL

T % X MR




WaveNet

o fifeBIAH=a—FILAY T =7 (CNN) IZEDWABEEERERETIL
« EERENDERETETILIL

T EEEE h:BEfEor &5

p(x|h) = ][ paln]|2[0),.. . z[n — 1] h)
n=0 CNNIZ&LYET /LA

e Dilated causal convolution

-—”"‘Jﬂ

O / O /I / / Ll- [H|d;ernL: er
AV NNV ] R

©  Input 49
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r
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g idden Layer
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P.(z) Ps(2)
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efn] =t -
WaveNet
FmmFae 1 1 It works!
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Famous words In speech technology (1980s)

“Every time | fire a linguist,

the performance of the speech recognizer goes up”
by Frederick Jelinek

“Every time | fire a speech synthesis researcher,
the performance of the speech synthesizer goes up”




DNN variants for waveform modeling

o Autoregressive
« WaveNet, SampleRNN, WaveRNN, ...

* Normalizing flow
 WaveGlow, Pallalel WaveNet, ClariNet, FloWaveNet, ...

e Combining with source filter model
o LPCNet, ExcitNet, GlotNet, LP-WaveNet, ...

* Introducing signal processing technique
e SubbandWaveNet, FFTNet, ...

>>



DNN vocoder with periodic excitation
Recorl'los;rsuction ‘

« Autoencoder-type structure
extracts 3 dimensional periodic
signal

e Decoder generates periodic
components and stochastic
components

« WaveNet gives a constraints on
the intermediate variable

A

[Oura’19]

‘ WaveNet loss }4—

A

[ )
Outputs (25ch)
( \

Decoder Periodic signal

(speech generator) WaveNet

Periodic signals (3ch)

\ | J

Encoder
(periodic signal extractor)

Speech samples (1ch)

\ | J
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— F (4/6)

7 =a—SILAyr7—7 (DNN) IZL5

p(x|w, 1) = p(x|c) p(e|l,14) P(llw,A,)

A

i o SR
CERTY

AN

BEEEIL

T % X MR

« HSMM: #tfc&ET L 22D

e FFNN, LSTM, WaveNet: SpERIZfikfe & FiRIZR SO B




1'?): Phoneme-level linguistic feature sequence

AN
7 ~
Phoneme-level o) o o )
Fram e'by'frame From an external N 7=
duration predictor A S R

COﬂVEfSlOn 1'7) : Frame-level linguistic D [0 10| |

feature sequence

Frame-level
—gg i =

It needs an external duration

predICtOI‘ tO determlne Tied neural networks NN | [NN || NN/||NN e NN
phone durations Frame-level I a1 i
o o] 04| |0l C .. o)

N 4

o' Frame-level speech feature sequence
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DNN-HSMM A o2 [\$ OO0

architecture ([;] | | OORSURSEG

\\mﬂmav>ooooooooo~

logp(ol/) | )

| Z . : O —1ogZ{Hp D g, )ﬁ(dua ak)}
VAL KiSliL Resezeieiezezezezes
I B e s 000

It runs at state-level N | e
or phoneme-level R = 21 1Y ol SN e o - O-O-O-O-0O-O-0O-0O-
[Tokuda "16] ) \/ a0 D

Py
= —

1(): Phoneme-level linguistic
feature sequence
AN

=

(*); State-level li tic A, i
l ate-level linguistic T State le aussian o) f) 5 f) L. (f)>
feature sec sequence ration Gaussian 01 [ [©2 03 0y O
equence

_

State-level or ~
Frame-level .
phoneme-level o'’ Frame-level speech feature sequence
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7 =a2a—2)Lxvyb;7—7 (DNN) 2L 5
—F (5/6)

WaveNet vocoder Tacotron, Char2Wav, DeepVoice, ...
(autoregressive structure) (attention mechanism)

p(xlw, 1) = p(x|c) p(ell, 14) P(llw, 4,)

/ﬁﬁim & -‘}WfZEEk

>>

(Ra—%) EETTIL

T % X MR




Attentlon meChan ISm [from arXiv:1712.05884]

Waveform
TaCOtI‘On 2 Mel Spectrogram Samples
. 3
5 Conv Layer E WaveNet
Post-Net b Mol
Decoder l [ e
- 2 Layer 20ST™ LRIt OnTY
Acoustic feature Pre-Net . : g
tion == S bnesi) | o
genera (j | Projection op loken
Attention
mapping b/w

Location
Sensitive
Attention

text and acoustic feature

Encoder
= text analysis

S

feopsat Topnct Character 3 Conv Bidirectional
z Embedding Layers LSTM



https://arxiv.org/abs/1712.05884
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7 =a2a—2)Lxvyb;7—7 (DNN) 2L 5

— F (6/6)

WaveNet vocoder
(autoregressive structure)

p(xlw, 1) = p(x|c) plell, 24) P(llw, 1)

J

o P o - SRR 2
(£2—5)

AN

BEEEIL

é

T % X MR
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FENN+CNN+WaveNet |Z L 3 FR & & B,

WaveNet vocoder

p(xlw, 1) = p(x|c) p(ell,44) P(llw, 1,)

4/i;%mﬂﬁ%i;\\\

(Ka—%") EBETL

[Japanese] Diamonds

@ New (a cappella) - o 1
00:00 @ 00:15

@ New (a cappella) - o 1
00:00  @ues 00:21

T % X MR



https://www.techno-speech.com/news-20181214a

TDMDDNNEEL T —F 77 F v
* GAN
* VAE /VQ-VAE

e Transformer / BERT
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Blizzard Challenge

e TTSV AT LDMEEIZTT —IR— 238K TF
c RIMTZTDLDETFMTHILDEEL T

\

“Blizzard Challenge”
Evaluating corpus-based speech synthesis
on common datasets [Black '05]

Since 2005
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* Mean Opinion Score (MOS)
« 3h
e Degradation Mean Opinion Score (DMOS)
o BABRME (dictation of SUS, PCS, etc.)
. B3EERRIEEE

BERREEFSE A—FTA4F7TVvIIRI T+ Tldew




M Fwd: (onsel-mail:0432 g{ § Section 1: Part 1 x %\

&«

G A [} groups.inf.ed.ac.uk/cqgi/blizzard/blizzard2016/english/create_test.pl

Section 1: Part1 /17

In this section, you will listen to a short passage from an children's audio book, and you will give your opinion about various aspects of the voice you just heard. You might like to imagine
that you are choosing which of them to buy for a young child.

> & 0:39 o) o=@

You will then choose a response for each question below. Your score will be represented by a slider. For example, the midpoint in the overall quality slider should be used to indicate that
the quality is approximately half of the best possible quality.

Overall impression
How do you rate the overall quality of the voice that read this passage?

.|—|—|'—'|—'rl“l‘r| | [ I [ B | I 1 I ] l

bad excellent

Pleasaniness
How pleasant did you find the voice you just heard?

|||IIIIIII_IIIIII_IIIIIIIi'[
very unpleasant very pleasant

Speech pauses
How did the pauses between words and sentences affect your listening to the passage?

-ll—l_l _I I_I I I_'I 1 I__I_I |T_'r| I_I_I_I I II
speech pauses speech pauses

confusing/unpleasant appropriate/pleasant
Word stress

What did you think of the way words in the passage were stressed?

||IIIIIIIIII'I_I_'IIIIIIIIIII
stress stress

unnatural/confusing natural
Intonation

n n H A i 5
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 ELRA http://www.elra.info/

e ELDA http://www.elda.org/

e LDC https://www.ldc.upenn.edu/

e OpenSLR http://www.opensir.org/
e SRC http://research.nii.ac.|p/src/

e ARCTIC

* VCTK BEERRMICLERTECEN DL VDL
o LibriTTS, ... RIS X BB DUREEH S BERT-87
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 |[SCA SynSig https://www.synsig.org/index.php/Software

 |ISCA SCOOQT https://www.isca-speech.org/iscaweb/index.php/scoot
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VI b7 ) —IL (2/2)
MMDAgent X<

= Toolkit for building voice interaction systems =

Toolkit for building voice interaction systems

7 /

Open JTalk

Japanese TTS system /
/o

Training toolkit SPTK
Speech signal processing toolkit

Speech synthesis engine Sinsy

Singing synthesis system

Takashi Masuko, Noboru Miyazaki, Kazuhito Koishida, Takayoshi Yoshimura,
Heiga Zen, Junichi Yamagishi, Keiichiro Oura, Akinobu Lee and others contributed
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WaveNet based low rate speech coding [Kleijn ’18]

A Real-Time Wideband Neural Vocoder at 1.6 kb/s Using LPCNet [Valin '19]
Low Bit-rate Speech Coding with VQ-VAE and WaveNet [Garbacea ’19]
High-quality speech coding with sample RNN [Klejsa ’19]

WaveNet-based zero-delay lossless speech coding [Yoshimura 18]
Wavenet-based delay-free ADPCM Speech Coding [Yoshimura '19]
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* On the security of HMM-based speaker verification systems against
Imposture using synthetic speech [Masuko '99]

c EREE DIRE
» A robust speaker verification system against imposture using an HMM-
based speech synthesis system [Satoh '01]

e ASVspoof 2015

* The First Automatic Speaker Verification Spoofing and Countermeasures
Challenge



http://www.asvspoof.org/index2015.html

MIER)> Ial—a> ¥DNN

o 3K, BB DEYEHRFAM A E
 EEE BNV IaL—YarEifino| L

$

MIREYS 32l —as it EONWT
BARBETENT ST EEICRS?

o Il S IRENLETILHINDEKRTERIR
> DNNR—ZIZAFLDBEERYLTHEN?



T

Mt 7 70— FICLBEFE G K

o ABYHEMD X BN DN BLNILIELDDHSB D,
¢ F/-FEHLNRBENVHSE >
e ZENZRMTEIRTEH-DICELLFTEIMELHI I SE

FILELHLEFENMRE!

HYHHITXTWF L

>>



BE B KDKRK

BRLBEODZHRMENEHR*BIELT
FRELELHEIEE SRR

HYH LTI NELE




Special thanks

e Supervisors: Satoshi Imai, Tadashi Kitamura, Takao Kobayashi

 Colleagues & students: Takashi Masuko, Noboru Miyazaki, Takayoshi Yoshimura,
Shinji Sako, Masatsune Tamura, Junichi Yamagishi, Tomoki Toda, Heiga Zen, Kazuhito
Koishida, Tetsuya Yamada, Nobuaki Mizutani, Ryuta Terashima, Akinobu Lee, Keiichiro
Oura, Keijiro Saino, Kenichi Nakamura, Yi-Jian Wu, Ling-Hui Chen, Shifeng Pan,
Yoshihiko Nankaku , Ranniery Maia, Sayaka Shiota, Chiyomi Miyajima, Kei Hashimoto,
Shinji Takaki, Kazuhiro Nakamura, Kei Sawada, Takenori Yoshimura, Daisuke
Yamamoto, ...

 Collaborators and advisors: Junichi Takami, Naoto Iwahashi, Mike Schuster, Satoshi
Nakamura, Frank Soong, Mchiael Picheny, Simon King, Steve Young, Mari Ostendorf,
Alan Black, Alex Acero, Bill Byrne, Phil Woodland, Thomas Hain, Phil Garner, Masataka
Goto, Shigeru Katagiri, Hideki Kenmochi, Kazuya Takeda, Tatsuya Kawahara, Sadaoki
Furui, Seiichi Nakagawa, Keikichi Hirose, Tetsunori Kobayashi, Miko Kurimo, Shigeki
Sagayama, Kiyohiro Shikano, Hisashi Kawali, Nobuyuki Nishizawa, Minoru Tsuzaki,
Yoichi Yamashita, Nobuaki Minematsu, Mat Shannon, Mark Gales, Kai Yu, John Dines,

in random order. | am sorry but | may have missed many...



References

« K. Tokuda, T. Kobayashi, S. Shiomoto, S. Imai, “Adaptive filtering based on
cepstral representation —adaptive cepstral analysis of speech,” ICASSP 1990a.

o K. Tokuda, T. Kobayashi, S. Imal, “Generalized cepstral analysis of speech —
unified approach to LPC and cepstral method,” ISCSLP 1990b.

 T. Fukada, K. Tokuda, T. Kobayashi, S. Imai, “An adaptive algorithm for mel-
cepstral analysis of speech,” ICSSP 1992.

» K. Tokuda, T. Kobayashi, T. Masuko, S. Imal, “Mel-generalized cepstral analysis
—a unified approach to speech spectral estimation,” ICSLP 1994.

e K. Tokuda, T. Kobayashi, S. Imal, “Speech parameter generation from HMM
using dynamic features,” ICASSP 1995a.

o K. Tokuda, T. Masuko, T. Yamada, T. Kobayashi, S. Imai, “An algorithm for
speech parameter geeration from continuous mixture HMMs with dynamic
features,” EUROSPEECH 1995bD.

Only from HTS group



 T. Masuko, K. Tokuda, T. Kobayashi, S. Imal, “HMM-based speech synthesis
with various voice characteristics,” ASA/ASJ Joint Meeting 1996.

» T. Masuko, K. Tokuda, T. Kobayashi, S Imai, “Voice characteristics conversion
for HMM-based speech synthesis system,” ICASSP 1997.

 T. Yoshimura, T. Masuko, K. Tokuda, T. Kobayashi, T. Kitamura, “Speaker
iInterpolation in HMM-based speech synthesis system,” EUROSPEECH 1997.

 T. Masuko, T. Kobayashi, M. Tamura, J. Masubuchi, K. Tokuda, “Text-to-visual
speech synthesis based on parameter generation from HMM,” ICASSP 1998.

M. Tamura, T. Masuko, K. Tokuda, T. Kobayashi, ’Speaker adaptation for
HMM-based speech synthesis system using MLLR,” SSW 1998.

 T. Yoshimura, K. Tokuda, T. Masuko, T. Kobayashi, T. Kitamura, “Simultaneous
modeling of spectrum, pitch and duration in HMM-based speech synthesis,”
EUROSPEECH 19909.

« K. Tokuda, T. Yoshimura, T. Masuko, T. Kobayashi, T. Kitamura, “Speech
parameter generation algorithms for HMM-based speech synthesis,” ICASSP
2000.

SSW: ISCA Speech Synthesis Workshop



 T. Masuko, T. Hitotsumatsu, K. Tokuda, T. Kobayashi, “On the security of
HMM-based speaker verification systems against imposture using synthetic
speech,” EUROSPEECH 1999.

* T. Yoshimura, K. Tokuda, T. Masuko, T. Kobayashi, T. Kitamura, “Simultaneous
modeling of spectrum, pitch and duration in HMM-based speech synthesis,”
EUROSPEECH 1999.

 T. Masuko, K. Tokuda, T. Kobayashi, “Imposture using synthetic speech against
speaker verification based on spectrum and pitch,” ICSLP/INTERSPEECH 2000.

o S. Sako, K. Tokuda, T. Masuko, T. Kobayashi, T. Kitamura, “HMM-based text-to-
audio-visual speech synthesis,” ICSLP/INTERSPEECH 2000.

M. Tamura, T. Masuko, K. Tokuda, T. Kobayashi, “Text-to-speech synthesis with
arbitrary speaker’s voice from average voice,” EUROSPEECH 2001.

e T. Satoh, T. Masuko, T. Kobayashi, K. Tokuda, “A robust speaker verification
system against imposture using an HMM-based speech synthesis system,”
EUROSPEECH 2001.

K. Shichiri, A. Sawabe, K. Tokuda, T. Masuko, T. Kobayashi, T. Kitamura,
“Eigenvoices for HMM-based speech synthesis,” ICSLP 2002.



 J. Yamagishi, T. Masuko, K. Tokuda, T. Kobayashi, “A training method for
average voice model based on shared decision tree context clustering and
speaker adaptive training,” ICASSP 2003.

o K. Tokuda, H. Zen, T. Kitamura, “Trajectory modeling based on HMMSs with the
explicit relationship between static and dynamic features,” EUROSPEECH 2003.

* H. Zen, K. Tokuda, T. Masuko, T. Kobayashi, T. Kitamura, “Hidden semi-Markov
model based speech synthesis,” ICSLP 2004.

e T. Toda, A. Black, K. Tokuda, ““Spectral conversion based on maximum
likelihood estimation considering global variance of converted parameter,”
ICASSP 2005.

o T. Toda, K. Tokuda, “Speech parameter generation algorithm considering
global variance for HMM-based speech synthesis,” INTERSPEECH 2005.

* A.Black, K. Tokuda, “The Blizzard Challenge — 2005: Evaluating corpus-based
speech synthesis on common datasets,” INTERSPEECH 2005.

« K. Saino, H. Zen, Y. Nankaku, A. Lee, K. Tokuda, “HMM-based singing voice
synthesis system,” Interspeech 2006.



 R. Maia, T. Toda, H. Zen, Y. Nankaku, K. Tokuda, “An excitation model for
HMM-based speech synthesis based on residual modeling,” SSW 2007.

o K. Oura, Y. Nankaku, T. Toda, K. Tokuda, R. Malia, S. Sakali, S. Nakamura,
“Simultaneous Acoustic, Prosodic, and Phrasing Model Training for TTS
Conversion Systems,” ISCSLP 2008.

« K. Hashimoto, H. Zen, Y. Nankaku, K. Tokuda, “A Bayesian approach to HMM-
based speech synthesis,” ICASSP 20009.

o K. Kazumi, Y. Nankaku, K. Tokuda, “Factor analyzed voice models for HMM-
based speech synthesis,” ICASSP 2010.

e K. QOura, A. Mase, T. Yamada, S. Muto, Y. Nankaku, K. Tokuda, “Recent
Development of the HMM-based Singing Voice Synthesis System — Sinsy,” SSW
2010.

« K. Nakamura, K. Hashimoto, Y. Nankaku, K. Tokuda, “Integration of Acoustic
Modeling and Mel-cepstral analysis for HMM-based Speech Synthesis,” ICASSP
2013.

« K. Tokuda, H. Zen, Directly modeling voiced and unvoiced components in
speech waveforms by neural networks," ICASSP 2016.



« K. Tokuda, K. Hashimoto, K. Oura, Y. Nankaku, “Temporal modeling in neural
network based statistical parametric speech synthesis,” SSW 2016.

 T. Yoshimura, K. Hashimoto, K. Oura, Y. Nankaku, K. Tokuda, “Mel-cepstrum-
based quantization noise shaping applied to neural-network-based speech
waveform synthesis,” IEEE/ACM Transactions on Audio, Speech, and Language
Processing, vol. 26, no. 7, pp. 1173-1180, July, 2018.

e J. Niwa, T. Yoshimura, K. Hashimoto, K. Oura, Y. Nankaku, K. Tokuda,
“Statistical voice conversion based on WaveNet,” ICASSP 2018.

* T. Yoshimura, K. Hashimoto, K. Oura, Y. Nankaku, K. Tokuda, “WaveNet-based
zero-delay lossless speech coding,” SLT 2018.

e TYoshimura, K. Hashimoto, K. Oura, Y. Nankaku, K. Tokuda, "Speaker-
dependent WaveNet-based delay-free ADPCM speech coding," ICASSP 2019.

o S. Takaki, Y. Nankaku, K. Tokuda, “Spectral modeling with contextual additive
structure for HMM-based speech synthesis,” SSW 2010.



HTS Slides
released by HTS Working Group
http://hts.sp.nitech.ac.jp/

Copyright (c) 1999 - 2011
Nagoya Institute of Technology
Department of Computer Science
Some rights reserved.

This work is licensed under the Creative Commons Attribution 3.0 license.
See http://creativecommons.org/ for details.

(G



http://www.nitech.ac.jp/
http://creativecommons.org/
http://creativecommons.org/licenses/by/3.0/

