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Abstract With the recent growth of the AI speaker market, the demand for speech synthesis technology that
enables natural conversation with users is increasing. Therefore, there is a need for a multi-speaker speech
synthesis system that can generate voices of various tones. In order to synthesize natural speech, it is required
to train with a large-capacity. high-quality speech DB. However, it is very difficult in terms of recording time
and cost to collect a high-quality, large-capacity speech database uttered by many speakers. Therefore, it is
necessary to train the speech synthesis system using the speech DB of a very large number of speakers with a
small amount of training data for each speaker, and a technique for naturally expressing the tone and rhyme of
multiple speakers is required. In this paper, we propose a technology for constructing a speaker encoder by
applying the deep learning-based x-vector technique used in speaker recognition technology, and synthesizing a
new speaker's tone with a small amount of data through the speaker encoder. In the multi-speaker speech
synthesis system, the module for synthesizing mel-spectrogram from input text is composed of Tacotron2, and
the vocoder generating synthesized speech consists of WaveNet with mixture of logistic distributions applied.
The x-vector extracted from the trained speaker embedding neural networks is added to Tacotron2 as an input
to express the desired speaker’s tone.

Key words : X-vector, Speaker embedding, Multi-speaker, Speech synthesis

439, @AREESl AT (A1A A Received: September 6, 2021 / Revised: September 19, 2021
#4389, AN HRFAHAAEs wa (A2 Accepted: September 28, 2021
A 1 FAYSEY: 20219 99 199 *Corresponding Author: chkwon@dju.ac.kr

94 28 Dept. of Information, Communication, Electronics Engineering,
Daejeon Univ, Korea

- 675 -



A Multi—speaker Speech Synthesis System Using X—vector

S =

S 434 (Text-to-Speech, TTS) A2~81& do g
Eoj2 grERRE ~dER YRS WA
£

G2P(Grapheme-to—Phoneme) W3} £& ¥4 X
ol Bl X 24 53 54 A4 2 FAH A T A
2 o] BEE FAE ATl ol W 9
7NF @ (End-to-End) 543 W21 24 244
& S He =2 S9ste] Agshed], dnkHoR
HEoA W-~dAERTHS et A -~
HAE R TN FESS A EIATR 3H

ATH2.

hl T = H O

SATH A2 AT PR Fol Aol Hg
@ 24 FAN A ARE 208 gl nebd
AR 48T PR A A2He e
24 dolHE AHgdtel Held R Seka ol
RE 1EAY PSS YL P42 A8 1
et ol Sl 5A7 ool e e oheg
&7 DB/} #aslol, £4 DB & 2 4A) A7k v
§ BAZ 25 849 AU FAT 5 Uk

A2 Qg 297 Aol AFHEA AHgAsh

Adze e vahe 4
a7k Z7hea ek meb 191 Be] G4S
,]

i

Hake A ol R 49 Baeld AYT ¢
S T ST Y1l Basi,

Az 4 THH] A el @
¥4 &4 DB oh&lt o] aFun, el &4
T AN ek v e ol 24 dloly
b Aes we St wee nEdel ed &
4 DBE #48k= A& 5 A7t g ZheA )
3 olel$ ol o|F TjFow Husiol He 4
o Qe AR A ol o] )
wWebd 7t SAEes e st tjolElol A s
we s &4 DBE AHgdte] 4T A2we
S43ta, ol Zhe thabae] SA3 $& 52 Ads

ot AT Ve FHe
A dlol B Sl AHgEA %
Slok Bh= vho =7k e Aol
2 wash] a4 s Qo] oiE A7
0, o= B4pol e} T ofo] el

&)

o] 5 54 A4

714k x—vector 7|9

. stAL dHlE S ¢ st x-vector 7|

B QMg F1ee WS Be Ao 94 DB
o] BAL Aget] ) AL TRT F ol
5749 W} SE5) o 52 wAYP 183 of
g olg3te] Sl LA WL A A &4
Holezi sAe] 5A4% Uehile Y wEE
WAk PAolth 84 iy A%el Esow

JFA(Joint Factor Analysis), GMM(Gaussian Mixture
Model), i-vector 5°] o, HHd 7]vte] 3z} &
A FF 7]€2% d-vectorst x-vector 20| ATH3l.

d-vector®} x-vector WA= g2t Q124 AAY AS
oA g Ao 2YSE dMPoR o] &gtk o
FrAbshl, st g M-S FH ek WA Zjol 7t
ALt d-vectore= AAZA 41217 F(Fully-connected

[}

fr 1 o

)
3}, x—vectors AlZF A Fx Al o] wpx
& AR E9ste] ARRSITHI] 2 =i
3k AHlgS 9l x-vectorS o]-&3}

18 A} 014 AW F29} x-vectorS ©|-&

I

KR
R

A

1

o



The Journal of the Convergence on Culture Technology (JCCT)
Vol, 7, No. 4, pp.675—681, November 30, 2021, pISSN 2384—0358, elSSN 2384—-0366

M 0 (K
I
R
ol
=
2
il
k)
o
o
N
~
|
»N
H~
>—\

Sevh o 1,9 74]2‘3‘ ks %74] {t—2,t,t+2}
St {t—3,t,t+3}elA o]H AF =
AL 1% 1 ollM= *1{”4 o] F7hw] ]|
webs] A5 5719 Al 157 ZH < 4
ARE At dct SAA F1 ASolME A
o] Yl = =9 HEE 9 %
THARE ALt oleldt E1) AL vt dol
o AaHERRE 1A

1=

Lo
>
ri

2

L)
o
it
e
S
<

ofm
=
e
e
on

f

X1, X2, e X7

% 1. SAF olA] MFe Txef SAF Y
Figure 1. Structure of the speaker recognition neural
networks and speaker embedding
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Figure 2. Structure of the multi-speaker speech synthesis model
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