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Beenexne

38}18‘18: nepeeoq nNocnenoBaTeNbHOCTU CNMBOJIOB B pe‘-leBOVI
ayano-CurHan ¢ MakCUManbHO pPE€aNNCTUYHbIM 3BYYaHUEM.

LLlnpokas obnacte npumeHeHus:

» ronocosble accucTteHTol (Apple Siri, Google Now, Amazon
Alexa, Yandex Annca),

> MHCTpyMeHThI accessibility gns niogein ¢ npobnemamu 3peHus,

> O3BY4Ka I'IepCOHa)KEﬁ B KOMMNbIKOTEPHbLIX NTPax N KNHO.

Mo4emy Hy>keH CBOIA cuHTe3?

» Amazon Polly, LIPT VoiceFabric — He becnnaTHbl, ganeku ot
naeana (Ha pycckom),

> OTKPbITbIE PELLIEHNA — HY)XHO «OONUINBATb»,

> 1N NPeanoYTUTENbHA YHUKANIbHOCTbL rosoca.



Obuwmii noaxopn




dusmnonornyeckas Moaenb

modulation of carrier wave

by speech information
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3BYK

I pon3BogHblIE 3BYKOBOIO CIn rHanal

CeKTporpamMma
curHan = E

STFT ™

200

300

10000 20000 30000 40000 50000 60000 70000 80000 90600 100000110000

400

Mel-chunbTpbi
~f— 00

Sampling Rate: 24 KHz
STFT windows size: 1200
STFT hop size: 300

1Hennoxoe BBepenne TyT: http://haythamfayek.com/2016/04/21/
speech-processing-for-machine-learning.html


http://haythamfayek.com/2016/04/21/speech-processing-for-machine-learning.html
http://haythamfayek.com/2016/04/21/speech-processing-for-machine-learning.html

KoHKaTeHaTVBHbIA Noaxoj,

Konnekuua 3BykoB (units database)
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KoHkaTeHauma 3ByKoB (units concatenation)
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Deep Voice: Real-time Neural TTS?

Bmecto hand-engineered features npegnaraercs ncnonb3osaTtb
anwb dporemsl u FO, a Bcto octanbhyto paboty nepenoxuts Ha NN.
Mopgenb cocTonT us cnegyrolmnx KOMMNOHEHTOB:

» grapheme-to-phoneme model — nepesoanTb TekcT B
corembl (Hanpumep, ARPABET),

» segmentation model — HaxoauTs Havano 1 kKoHew, oHeEMBI
Ha ayano (HyxHa asis obydenus),

» phoneme duration model — npeackasbiBaTh ANIMTENBHOCTD
oHemsl,

» fundamental frequency model — npeackassisate FO ans
doHeMbl,

» audio synthesis model — ncnonesys Bbixoabl npegblayLmnx

Mogeneil, CreHepnpoBaTh ayamo-curHan (paccMoTpum YyTb
nosxe).

2S. 0. Arik, M. Chrzanowski, A. Coates, G. Diamos, A. Gibiansky, Y. Kang, X. Li,
J. Miller, J. Raiman, S. Sengupta un ap., “Deep voice: Real-time neural
text-to-speech”, arXiv preprint arXiv:1702.07825, 2017.



DeepVoice (getansHo)

Grapheme-to-phoneme model — noctpoex no apxutektype
encoder-decoder (mHorocnoiiHblie bi-GRU).

Segmentation model — ceépToyHas pekyppeHTHas CeTb,
obyueHHas (c ncnonb3osaHnem connectionist temporal classification
loss) Ha BbipaBHuBaHmue ayauo (npegcrasnentoe 20-MFCC) ¢
MoCieA0BaTENLHOCTLIO (hoHeM (Ha camoM Aene, nap oHeMm).

Fundamental frequency model n phoneme duration model
coBMeLLeHbl B oaHy. Ha Bxoge — nocnegoBatensHocTb hoHem (c
y4apeHusiMmn), 3aTeM fiBa MOJIHOCBSA3HbIX Ciosi, 3aTem uni-GRU,
3aTeM MNJIOHOCBA3HbIN CNOWN, KOTOPbLIA NPeACKa3bIBAET:

1. panTensHOCTL hOHEMBI,

2. BEpPOSITHOCTb. YTO (POHEMA MPON3HOCUTCS,

3. a Tak »xxe 20 FO-vacToT pacnpefeneHHbIx No BCel
AJINTENBHOCTU MPOU3HOLIEHNST (DOHEMBI.



DeepVoice (cxemaTunyHo)

(@) Training >
Audio l Segmentation Duration Audio Synthesis

Text >
i—[ Grapheme-to-Phoneme ]M

T Phoneme '  Audo = mo=—=—=-=== Fundamental Frequency

Phoneme ! Audio > rre

i _ Dictionary _ | { FQ Extraction T (FO) Prediction

(b) Inference >
Duration Prediction Oo,e
%,

Te—Xt’[ Grapheme-to-Phoneme jEhonemes Audio Synthesis

\  Phoneme ! Fundamental Frequency

| _ Dictionary _ _: (FO) Prediction




Bokogepsi

'pybo roeopsi, Mx MOXHO pa3buTb Ha Tpu rpynnbl:

> napamMeTpuyeckne BOKOAepsl reHepupytoT 3ByK no FO, spectral
envelope n 1.4. (WORLD u gp.),

» anroputm Griffin-Lim oueHku curtana no cnektporpamme,

» Heipocetesble (SampleRNN, WaveNet n mogudukaumn,
WaveRNN).

Takum obpasom, Mbl
1. nubo reHepupyem criekTporpammy n nepesoauM €€ B CUrHas C
Griffin-Lim3,
2. nnbo reHepupyeM HekoTOpble MapaMeTpbi* n nogaem Ha Bxoa
HelipoceTeBoMy Bokogepy (kak 3To penaetcsi B DeepVoice).

3paboTaeT Ha MpakTUKe He OYeHb, Aanee ByaeT npumep
4mel-cnekTporpamMma cama no cebe MOXET BbICTYyNaTh'B Ka4yecTBe NapaMeTpu3aLny



Griffin-Lim® (anroputm)

Data: p = ||STFT(y)|| — amnautyga STFT curnana y
Result: ¥ ~ y — BocTaHOB/IEHHbIN curHan y
¢ ~ U(0,27) — nHuymanusaums cnyyaiinbim obpasom;
7 = ISTFT(p * e'®) — nepsoe npubnmxenue;
for nyxHoe wnucno urepauynii do

¢ = arg STFT(y) — yron npeobpasosaHus;

y = ISTFT(p * e'®) — nosoe npubnuxenne;
end

Algorithm 1: Griffin-Lim

» Henapametpuyecknii metog (He Tpebyet obyuqenus).

> JPDEKTNBHO BIYUCIMM (NIErKO NapasnnennTcs);

5D. Griffin u J. Lim, “Signal estimation from modified short-time Fourier
transform”, |EEE Transactions on Acoustics, Speech, and Signal Processing, T. 32,
Ne 2, c. 236—243, 1984.



Griffin-Lim (HegocTaTok)

Original

MSE loss «pa3mbiBaeT» cneTporpammel, 4to gobaensert
«KeNesHocTb» K ayano, noaydenHomy ot Griffin-Lim.

Ha opuruHansHbix cnektporpammax Griffin-Lim nponssogut
CUrHaJ, NOYTU HEOT/INYUMBIV OT OpUrMHana.

HelipoceTeBoii Bokoaep NNLIEH faHHON Npobaembl, Tak Kak

OCHOBHas |/|chopmau,v|ﬂ O roJIoCe€ XpPaHUTCA B €ro napamMeTpax CeTu.
o = = = = ©Hao
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WaveNet®

MaTemaTunka

BeposiTHOCTb curHana x = xi, ..., XT MOXET ObITb NpeacTaBieHa B
BMAE NPON3BeAEeHNS YCNOBHbIX BEPOATHOCTEN:

X|/\ Hp(Xf|Xt 1?"'7X1;>\)7

rOe KaXkablli COMMA X; 3aBUCUT OT BCEX NPEAbIAYLLUX COMIIIOB, a A
— BEKTOp UAM MaTpuua, 3agatowme ycnosusi cuHtesa (local nawm
global conditioning).

[lna 3agaum cMHTE3a pedn Mbl MOXKEM OLIEHUTb KaXKAblli
MHOXUTENb KaK P(X¢|Xt—1, ..., Xt—m; A), TAe runepnapameTp m
(receptive field) nmeer npnemnemoe 3naqeHne.

6A. Van Den Oord, S. Dieleman, H. Zen, K. Simonyan, O. Vinyals, A. Graves,
N. Kalchbrenner, A. Senior n K. Kavukcuoglu, “Wavenet: A generative model for raw
audio”, arXiv preprint arXiv:1609.03499, 2016.



WaveNet

OnTtumusauyus
MapameTtpusyem pacrnpegenerune p(Xe|Xe—1, - ..y Xe—m; A)
(Hanpumep, NpeAcTaBUM HelipoceTbio) 1 Byaem onTUMU3NPOBaTh
yHKUMOHaN:

-
NLLO) = — Z log p(x¢|Xe—1,- -, Xe—m; 0; \)
t=1

C3MI‘IJ‘IVIpOBaTb CUrHabl X Mbl MOXXEM MOCTPOEHNEM
nocnefoBaTENbHOCTEN 3HAYEHNIA X1, X2, . . . , XT
aBTOPErpecCUoHHbIM CMOCODOM.



WaveNet

MeTpuka kavecTBa

B kauecTBe METPUKM MOXKHO MCMOJIb30BaTh 3Ha4YeHUs forapudgma
npasgonogobus, HO BOCMPUATHE PeYn NMEET Ka4YeCTBEHHbIN
XapakTep, noatomy ny4uwe ucnonb3osate MOS (mean opinion
score).

OnpalwwmBaeTtcs rpynna Jogeid, Kaxxgomy Henoseky Tpebyercs
OLEHNTL ayAno-3anunch no NATUOANLHONR LiKane, pe3ynbTaThl
YCPEnHSIOTCsA. DTa METPMKa OTHOCUTENIbHAS 1 Pecypco3aTpaTHas.



WaveNet

ApxutekTypa

pach NOTOKOB JaHHbLIX HEMPOCETU MOXHO MPEACTaBUTL B
cnepytowem euge (noka bes conditioning):

© 0 0 6 6 6 06 06 6 6 6 606 0 0 0

Output
Dilation = 8

0O O O O O O O

O 0 O m o m Hidden Layer
Dilation = 2
O O O O O O o Hidden Layer
Dilation =1
l I l l l l l l Input

Kaxabiit cnoii (hidden layer) npeacrtasnen B Buge bnoka.

0O O O O O

Hidden Layer
Dilation = 4



WaveNet

ApxuTekTypa bs10Ka

R k4
t L layers softmax
1x1 conv,
routputs I
1x1 conv, ke L RelU 1x1 cony, +ReLU— 1x1 conv,
s outputs : B aoutputs aoutputs
tanh——>x+— ©
I nearest neighbor ATl
HP upsampling to 16kHz St A
3 Split _ = 4
v channels

2x1 dilated conv,
2routputs

2x1 conv,
routputs

stack

16kHz audio input,
a one-hot features

Forward QRNN L xr  Backward QRNN L x r

,—— stack 4—|

Forward QRNN go/2 Backward QRNN go/2

256Hz phoneme and FO features,
227 dimensions



WaveNet

[NpeacTaBneHue ayano

MNpeactaBum ayano B BUAE ANCKPETHOMO
8-buTHOro curHana.

[ns bonee paBHOMEPHOro MOKpbLITUS ‘

3aKOAMPOBAHHBLIM MO hopMysie

(p-3akony): | |

F(x) = sgn(x)w

Obyuenne nposogum npu nomowmn SGD (Hanpumep, Adam).

v

v

Mpu obyyernne WaveNet pabotaet kak feed-forward cets.

v

Llenegoii curian, c koTopbiM cynTaem loss, cABUHYT Ha
receptive field camnnos.

v

Obyunewuck 6e3 conditioning, noay4ynm pedb Ha HEMOHSITHOM
A3bIKE.



WaveNet

[NoBbiweHNe pa3psAHOCTA ayano

CywiecTByeT owyTrMas pasHuua mexagy 8-6utHoim n 16-6nuTHbIM
ayauo (wwuneHune). Pewenne: npefckasbiBaTb napameTpsbl
HEKOTPOro pacnpefesieHnsi, U3 KOTOPOro NOTOM CIMMANPOBATS.

’ R S Bmecto p(x¢) npeackasbizaem
— p=9,5-3 )
— =t s 7r§ ),,u(t) §), i€el,...,K— napameTpbl
=6, s=2
o — asrsl CMECH JIOTUCTUYECKNX pacnpeseneHunii.
01 ) / \‘\._&
X¢ ~ E 7r§ )/og/stlc( (i ) sU ))

o e i=1




WaveNet

BbicTpblii nHdepeHc

HaneHas reHepauns Ha coBpemeHHoM npoueccope B 10.000 pas
meaneHHee realtime.

XpaHeHUst NPOMEXYTOUHBIX pe3ynbTaToB’ no3sosisieT fobuTbes
JINHENHOW CKOPOCTU OT KOJIMYECTBA CJI0EB, HO U 3TOrO
HegocTaTo4Ho (50x-100x), noaTomMy NpuxoanTCcs AenaThb
HU3KoypoBHeByto peanusaumio ¢ (BLAS + mHoronotouHocTs).

7

y

o Output

Dilation=8
h? //lh 3
A Hidden Layer
s ®©®® 0006 Dilation =4
queue
n’ h’  Hidden Layer
e
queue? 6 o6 0o Dilation=2
h? h!  Hidden Layer

o 3

A Dilation =1
queue
h“/"lh‘l
‘ °  Input

queue®

7T. L. Paine, P. Khorrami, S. Chang, Y. Zhang, P. Ramachandran,
M. A. Hasegawa-Johnson n T. S. Huang, "“Fast wavenet generation algorithm”, arXiv
preprint arXiv:1611.09482, 2016.



WaveNet

BeicTpbiii nndepenc ot NVIDIAE

pnsv

PREV

PREV

EMs-cun-@u-nEs

CUR* GAU * RES

CUR*GAU + RES

!

l

l

| sKIP I

IsmpI

I SKIP. I

Softmax + Sample

out

8https://github.com/NVIDIA/nv-wavenet

Maximum Sample Rate

nv-wavenetinitial release, V100-SXM2, CUDA 9.0

2

H
H

Max BatchSize @ 24 kHz

mVedum R=54,5-125, 1=20 Large: A6, 5=256, L=40

Sngle-Block Dua-Block Persistent

Maximum Batch Size @ 24 kHz
"Medium" Network - R=64, S=128, L=20

SigleBlock Dua-Block Persistent


https://github.com/NVIDIA/nv-wavenet

Parallel WaveNet?

Teacher Output

WaveNet Teacher P(zi|z<;)

Linguistic features -----»

1..........}..‘1 Ge"e—'ama?sal'“ple)s
I 1 T v 9(zilz<i

Student Output

WaveNet Student P(zilz<:)
Linguistic features -----+
Input noise
Zi

9A. v. d. Oord, Y. Li, I. Babuschkin, K. Simonyan, O. Vinyals, K. Kavukcuoglu,
G. v. d. Driessche, E. Lockhart, L. C. Cobo, F. Stimberg n gp., "“Parallel WaveNet:
Fast High-Fidelity Speech Synthesis’, arXiv preprifit arXiv:1711.10433, 2017. % 2535



SampleRNN1O
Obuwas naes

> [locTponM nepapxuio peKyppeHTHbIX CeTeli, Kakaas u3
KOTOPbIX NMEET CBOE BPEMEHHOE Pa3peLLEHME
(temporal resolution).

» Ha Bxop kakgoii ceTn byaem nogasaTh BbIXOA npeablayLuei
CeTU, YBENINYEHHbIA B paspelleHnn, 1 NOCIe[0BaTEeIbHOCTb
npeabiaywmnx cIMnNIoB.

> VBenuueHne paspelterusi bygem npoussoguTb obyvaemMbiM
cnocobom (strided transposed convolution).

» OJHOBPEMEHHO CO BXOAOM MOXHO nogasaTb conditioning.

105, Mehri, K. Kumar, I. Gulrajani, R. Kumar, S. Jain, J. Sotelo, A. Courville n
Y. Bengio, “SampleRNN: An unconditional end-to-end neural audio generation
model”’, arXiv preprint arXiv:1612.07837, 2016.



SampleRNN

HeTtanbHo

, W 4 e 1<k <K
P = =50,
t ’

k=K
he = H(hi—1,inps)
(k)
Clt=1)xr+j

= I’thﬁ

1= flatten([e;_psw - - €il)
. 1 2
mpg ) = W;l)fl( )4 cg )
e
) p(iva|zr, ... z) = Softma:t(MLP(mpE )))
I<j<r
Xiy oe s Xigls Xis16s -+ s Xis31
Tier3
Xig12s +oe s Xit15 Xit24s oo s Xit27  Xig28, --v s Xig31
Tier2

Tier 1

Xig28s e s Xit31

P(xis33 | X<iv33)

c c c c
,X.'+32i+30, ,«\’i+33; Xi31, -
P(is32 | X<isa2)

P(Xis34 | X<is3a)

P(Xis3s | X<ivas)

Q>
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WaveRNN1!!
Obwwii nages

65000
64000
63000
62000
61000
60000

— original 16-bit signal

» B kauecTee momenu ucnonb3syercs e
moaucbukauus GRU. =
20
» [1ns Ka)kgoro NpeacKasbiBaeTcs us
ero coarse (crapwue butsl) u fine -
—— coarse 8 bits
(Mnagwme 6uTsl) yactu no e o
OTAENLHOCTH.

—— fine 8 bits

0 %0 500 750 1000

1IN, Kalchbrenner, E. Elsen, K. Simonyan, S. Noury, N. Casagrande, E. Lockhart,
F. Stimberg, A. v. d. Oord, S. Dieleman n K. Kavukcuoglu, “Efficient Neural Audio
Synthesis”, arXiv preprint arXiv:1802.08435, 2018



WaveRNN

[eTtanbHo

Xy = [CL—l»fL—hCL]
u = U(Ruht—l + szt)
Iry = O'(Rrht71 + I:Xt)

0, e =7(rt o (Rehy—1) + Iixy)
Ple) ht =ut0ht,1 +(17ut)oet
o) W P Yer Y = Spht(ht)
1 (fr)
L P(c;) = softmax (O3 relu(O1y.))

P(f;) = softmax(Oy4 relu(Ogyy))

> yOMBMTENBLHO, HO OHa paboTaer (Hy nouyTwm),
> MOXHO adpdbekTnsHO ncnonbsosate cuDNN npu obyyerun,

> o4eHb bbICTpbI nHdepeHc cpasHuTensHo WaveNet



WaveRNN
Moaudukauun

KayectBo MOLENN CUNJNIBHO 3aBUCUT OT PAa3MEPHOCTU BEKTOPA

BHYTPEHHEro npefcTaBfieHns .

MODEL NLL MOS
Caenae maTpuuy BecoB WAVENET 520 4514008
_ 7 WAVERNN 224 5.67 3.73 £ 0.09
6104+ paspsixeHHou, WAVERNN 384 556 4.23+0.09
MO>XHO [OCTUYb WAVERNN 512 5.51
WAVERNN 896 542 437 40.07
ONTUMANbHOIO COOTHOLUEHUA WAVERNN 1024 5.40
WAVERNN 1536 5.36
CKOpOCTb/Ka‘-IeCTBO. WAVERNN 2048 533 446 4+0.07
SPARSE WR MOBILE 552 433+0.08
SPARSE WR 224/ 1536@97.8% 548 4.39 +£0.07
SPARSE WR 384 /2048@96.4% 542 448 +0.07

Tak »e onucbiBaeTcsa cnocob caenaTh WHdepeHc ewé beicTpee.



Tacotron!?

» [eiictButensHo end-to-end text-to-speech nogxoa, B T0 Bpems
kak DeepVoice oby4yaeT pasnenbHO HECKOALKUX Moaeneii.

» He TpebyeT Kakoro-To KOHKPETHOro BOKOAepa (Ha Bbixoge —
CrekTporpamMma).

» [NpumensieTcs attention mexaHusm ans reHepauuu
mel-cnekTporpammel, KOTOpas 3aTeM MOAAeTCs Ha BXOf
postprocessing network ans nonydeHns nuHeiiHo
CMEeKTPOrpaMmeil.

12y, Wang, R. Skerry-Ryan, D. Stanton, Y. Wu, R. J. Weiss, N. Jaitly, Z. Yang,
Y. Xiao, Z. Chen, S. Bengio n gp., “Tacotron: Towards end-to-end speech syn”, arXiv
preprint arXiv:1703.10135, 2017.



Tacotron

Obwwas apxutekTypa

(__Griffin-Lim reconstruction

1l
oopooo:

Linear-scale
spectrogram

Seq2seq target
© with =3

Attention is applied \ 1 \ N
to all decoder steps \ §
| Pre-net | [ Pre-net | [ Pre-net |
e "‘
) \
: a |
Character embeddings <GO> mma Voo N

2L N6 20/35



Tacotron
CBHG-mogynb

1. 1-D ceépTo4Has ceTb
2. highway network
3. bidirectional GRU

Vteepxpaercs, yto CBHG —
XOpOLUN SKCTPAKTOP
npeacTaBaeHniA gns
nocaefoBaTe/IbHOCTEN.

Bidirectional RNN

Highway layers
[

L Residual connection
3

ConviD layers

Conv1D projections

Max-pool along time (stride=1)

Etgt - I@I§1Dhank’sm:kmg



Guided Attention

Wcnonb3oBaHue ANPUOPHbIX 3HAHUI MOXXET NMOMOYb npn O6y'—IEHVII/I

attention mogyns. AeTopbl cTaTby

13(

NMOMMUMO COBCTBEHHOIA

apXMTEKTYpbI, Cxoxeli ¢ Tacotron) npegnaratoT wTpadoBaTh
MaTpuLy BHUMAHUS NpU OTKIOHEHUN €& OT LMaroHasibHOW hOpMbI.

0

5 20

S a0

560

Tem cambIM ypaeTcs a0
(]

AOCTNYb YCKOPEHUSA 520
540

CXOAMMOCTW Ha geo
80

nopsAa0K. 0
5 20

g a0

360

Y 8o

w/o Guided Att. (5K Iter.)

w/ Guided Att. (5K Iter.)

Character

w/o Guided Att. (20K Iter.]

w/ Guided Att. (20K Iter.)

Character

w/o Guided Att. (100K Iter.)

w/ Guided Att. (100K Iter.)

Character

20 40 60 80 100 120 140
Time Index

0 20 40 60 80 100 120 140
Time Index

13H. Tachibana, K. Uenoyama u S. Aihara, “Efficiently Trainable Text-to-Speech
System Based on Deep Convolutional Networks with Guided Attention”, arXiv

preprint arXiv:1710.08969, 2017.




Multi-Speaker TTSH

AeTopbl DeepVoice nokasbiBatoT, Kak caenatb Tacotron
Multi-Speaker, nobasus Speaker Embedding.

Audio Audio
4 4
((Griffin-Lim Vocal |
Encoder CBFG
[ softsign I—->I Bi-GRU | @ Spectrogram
N % Decoder CBFG
FC I Highway Layers |

(FC)>Melivi
Filter-Bank + softsign Stacked Residual GRU
BN + RelLu

3

... [GRU-1 > GRUi-1 { GRU i+1 | ...
1
lsoftsignl

Filter-Bank +
BN + ReLu
7y

Attention
4 4

( MLP ]

oo t t t Melil| | Meli | Melisl o
Char 1 Char n

Speaker Speaker

145 0. Arik, G. Diamos, A. Gibiansky, J. Miller, K. Peng, W. Ping, J. Raiman u

Y. Zhou, "Deep voice 2: Multi-speaker neural text-to-speech”, arXiv preprint
arXiv:1705.08947, 2017.



DeepVoice3!®

Mo kayecTBy conoctaBuma Tacotron, Ho cxoguTcs B 10 pas
bbicTpee (cBepTku Bmecto RNN).

Wave
— (key, value) — Wave Wave Do o
ne
Encoder i i ] ! i f
[ Griffin-Lim ] i WORLD
der PostNet }
1

f T o Mel Output '
<N ( Converter ) i Converter | @ é
Convolution Block ll= T t H

]

Decoder {_P xN
Encoder PreNet [
[ Attention Block I"— query —|Convolution Block (Causal)|
£ ¥
\_ Text Embedding Y, 1 1 !
Decoder PreNet
Speaker-Embedding MelInput e

15W. Ping, K. Peng, A. Gibiansky, S. O. Arik, A. Kannan, S. Narang, J. Raiman u
J. Miller, “Deep voice 3: 2000-speaker neural text-to-speech”, arXiv preprint
arXiv:1710.07654, 2017.



DeepVoice3

Attention Block

Output

Conv Block

Output

iy (can be a constant)

query (Can be a constant)

Positional
Encoding

Encoding

query keys values -

Speaker Embedding

https://github.com/r9y9/deepvoice3_pytorch
https://github.com/r9y9/wavenet_vocoder


https://github.com/r9y9/deepvoice3_pytorch
https://github.com/r9y9/wavenet_vocoder

Tacotron216

5 Conv Layer fo
o

Mel Spectrogram

Waveform
Samples

Mol

2 Layer
Pre-Net

Location
Sensitive
Attention

Linear

Projection

Linear

Projection

Stop Token

Character

I Embeddin

3 Conv Bidirectional
Layers LSTM

> peKyppeHTHas seq2seq CeTb
c attention mexaHuzMowm,

> post-processing net ans
mel-cnekTporpammsl,

» wavenet Bokogep (obyuaercs
OTAEJIbHO)

16, Shen, R. Pang, R. J. Weiss, M. Schuster, N. Jaitly, Z. Yang, Z. Chen,
Y. Zhang, Y. Wang, R. Skerry-Ryan n ap., “Natural TTS Synthesis by Conditioning
WaveNet on Mel Spectrogram Predictions”, arXiv preprint arXiv:1712.05884, 2017.



