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Development of Mandarin-English
Code-switching Speech Synthesis System
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Abstract

In this paper, the Mandarin-English codeswitching speech synthesis system has been
proposed. To focus on learning the content information between two languages, the
training dataset is multilingual artificial dataset whose speaker style is unified.
Adding language embedding into the system helps it be more adaptive to
multilingual dataset. Besides, text preprocessing is applied and be used in different
way which depends on the languages. Word segmentation and text-to-pinyin are the
text preprocessing for Mandarin, which not only improves the fluency but also
reduces the learning complexity. Number normalization decides whether the arabic
numerals in sentence needs to add the digits. The preprocessing for English is
acronym conversion which decides the pronunciation of acronym.
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1. &% (Introduction)

sE 5 ( Code-switching ) EHSAE —AIERE S AIEE M &7 — MLl LAVEES WO M
EEBENERSHEET+OoER > HBRESHEBSE ST oRAKEHEZES
(Multilingual ) HY7J7RE8E - BRI S HEES - 8RR —SBENZHESH
EE RIS EHAAE ISR B R 2 - G ARSI - IR EUERE
FPEE ) TR S E RSB AGIR » Rk BRI > M2 BEEREE B oL SGE
F B AR &L(Wang, 2021) > AR MIVEREREI - 8T 2\ (A2 EE1E - KAl 4k

S B RREE BV Z ST > HILASS — Z S BRI RS - EE
B E ORI

FEASLH o [ 1] FastSpeech2 (Ren et al., 2020) 5y &Enkes @ Frdmbihes BRI 5L
Fs(Gulati et al., 2020) AfrHEH AY Conformer ZE4# » B 25 (55 F HiFi-GAN (Kong et al., 2020)°
AN FIE I ARSI 2R S EE - INEREET I EEES M E (language embedding ) >
ARy E]FAR ~ PE3C4R F5ES ID (language ID) - [ aBHSEEHARY &) F A H L BE—5E
= 1D F£or > HWILEER T TR -

MR A P CHEREK - FiE T %8 WL Ul SR P S o R AR
WRER NIRRT o HRAME S ERACHEAE o0 R A B - AR RS TS
HIRTRE » PSRBT IERE o MEFSOP&HE ERHNEETEE » 2K —aEEsi &89
HE o MRS RN SN HEE S R E TS RN ETY RN B2 A
YT ST 5B i f R Y > PRI 5B 78 - DU T el S 0y =X W T
o FATE BB SCRETER AR - DR REMR - 273 3OGE S G IR
>}'T_< o

s L2 HEREEIZ AR T - BEEI © WAL S0 ~ SO TTA R OUF AR
B == ERREMIER RS RECE  EE - EREER R AR
BRI ZGOETERE » BT ¢ REEHRMT R RHERAIR RS TT [ -

2. P52 7% (Research Methods)

LL Conformer-FastSpeech2 fil L35 [MIE(E AIEMAUE > Ky 72T » SOCEEE SR
B oy R AR o SRS SOSOAECR B AT R © £SO o A BT - SCF
W B IEARA L > TSI T4 55 SR A H I Bl 30 H ST SRR IR EGEE S ID 4R
B - BN~ SRR AR R FAETTHYRRE

2.1 ZEESREE A K A% (Multilingual Speech Synthesis System)
FA H» {# ] FastSpeech2 (Ren et al., 2020) &k s> BHE2E{H F HiFi-GAN (Kong
et al., 2020) -

FastSpeech2 J& {7 H 47 (Non-autoregressive) YR » H] F 8 Ay A ] 5 e H B
[ #2 Bf (Auto-regressive) 5 AU AH [ & B 09 58 & - 4208 TP 09 4R 5 23 R A 0% 23 (5 A
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Transformer Z24% » fEFR I A% H i Transformer 45 Conformer (Gulati ef al., 2020) » i
44 By Conformer-FastSpeech2 ( CFS2) - Conformer 454 7 Transformer Fl1#&fERE4H
(Convolution module) PIIE55%H - HAGME S HTEE A4S (Feed Forward Module ) ~
% UA 33 = JJ1% % ( Multi-Head Attention Module) ~ & 5140 ~ & E& /b ( Layer
Normalization) - 248 Z8RE40E 1 @ MEA R & Conformer HYZEfE -
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[E 1. Conformer-FastSpeech? #7312 E » ZF FastSpeech? JIAES/A&E -
GBS Conformer Y421 + BZFS Transformer ZEFEF LB FRIRAAL
BHESR -

[Figure 1. The architecture of the Conformer-FastSpeech? is based on the
backbone of FastSpeech?2 and combined with language embedding. The
right handside of the figure is the architecture of Conformer which is
associated with Transformer and convolution module to enhance feature
extraction.]

FZER I AGESEE > WEBEF phoneme embedding SR —HE M A RIS ZSHY
B - #ELIRTT A E R EFE SR S0 (RIEEREES S TR M RsES D
EA 0 f11 K language ID 43 BIFR/RIECELFIT o
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2.2 1 ERIEIEE (Mandarin Data Preprocessing)
HA AMFITE S KR 2 A S U HAY By T R AR eE s S e diel - M E el T —
@ python T.E %5 Jieba (Sun, 2012) #7937 EE (Word segmentation) » & H13:A DT
TR EETEE R - B H A IR Rt E R E - IR REEH
oS > HETT R T EE S 09 [ ZARE o BLAP Jieba T E 0] H1T5E AT & EHAEERNFH
EhaHifF CKIP team (Ma & Chen, 2004) FY=BEPE A » DUERTHETERHYAERESS - K CLMAD
(Bai et al., 2018) MG — 1R 7 I & 2408 F AR R SR IS T L A -

AMA R L ARGEEREA - Ty 2% > BRGEHMANT BN
(Y - RIEEA AT E R B Bl A » FY2 B AMAI A pypinyin i SO F A pCERE S - H
55— grapheme-to-phoneme ( G2P) #9 python T.EH. > DISSIFR TP W TR
# (Tone) - FEHHILPFE4H G AV AL R SCAYRIR - (1 A 400 T DU B B A 07 =022
B SCHyEEE o 2 1 Ry oClE RO E PR Ay E ) o

1 FXERFIEEE - SLH AT B 7 » P BB 7 50 -

[Table 1. Mandarin Data Preprocessing. Word segmentation would be applied
before text-to-pypinyin.|

AR 7502 AGIRRE
JFHESCAR HIRAE TR
b3 FRr R T
YR ming2 tianl * bu4 hui4 * xiad yu3* o .

PEANRFIEEIR Bl A TSR ST A 20 F R T B8 m
A WFEALEREE -+ 8 T B o HEEFEA12% 'Chinese Text Normalization
TE R BERERE S, HLMMOE R B0 8 R I #7753 08> 16 DL Regular Expression #8174k
HAHBENE S > FHETE ST 8B > AR MBS T B - (FEE
RETERAFIFTRE » SHA A RS - 22 BEEXIHIF R IEF RIS E -

2.3 HEFRABEE (English Data Preprocessing)

YWY EEFEE AT 4157 By acronym Al initialism o W Y7 B2 ME AV BE AT 55 -
acronym ¥5RHE 5 1% 1Y BEF 58 By — (BT HYEE > (150 - NASA &3 “na-suh” » FOMO &
fift “fow-mow” - [fij initialism FIZF5E#E F S RINEE - MIER A —EHHYEE
%72 FBI ~ NBA ~ BBC % - ZA[f FHABH 35 &y acronym B/ initialism » 85§40 D) S
ETE BENARGEHIEE » HEIRMGERENTETRE - BT T —{EEFE
FHL Eig AR SOR &R 2RISR s R i A ZE B & initialism > Z52
R PR B A D S o DU N & R IERENE » EIERIAR R > #2FI2ER > & BBC
LRHESY S initialism > SEEHA L “bee bee ci” b FBI H|&i#EHafy “efbeeI” -

! https://github.com/speechio/chinese_text normalization
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7 2. FpAHIALL Regular Expression #o 11 1E2HEFREC - FIBTE L BN LB
FEL B AR -
[Table 2. Use Regular Expression to check the pattern of the text, and decides
whether it requires additional number units.]

AT H IS TER AR
e 1986 =8 H 18 H — /U +/\H

1997/9/15 —NNEFENA+ARHE
Money 19588 T —ENLTHRANT/UT
Phone F-1# 0919114115 EH———7
Phone ik 02-2720-8889 T T/ UVUUL
percentage 62% HaZAN+T=

1999 {E#ER —T BN UERER
cardinal & 130 §EER —H =Bk

124000 ¥/K + ZEI K
cardinal 4F%E cardinal 4R5REZSEE 103040100 | E2gEE W= EPUE FEE
cardinal 4fig} 175.5 N5 —HJHt AN

2.4 $THHFEEREERA BRI (Process for Code-switching)
TEFISRPEEL » MR I TEES ID ETESAE - AME SR » HEA R
SEHBHEIAN SIA » SEABLAN DL P B S F LAARSE o B IIRERES 1D B ER
XARZTFTE AR 3 iR ERKEES S B AR SO ST RS BT RE  #EH
M E TLBIENSES ID HETESRE - STEREBENSIARS RIETERAIERE - H
#1735 £ A& (phoneme embedding ) 1 Ry 4mUEESAVEN A - He & 4mE 25 VSRR
J7%1] (hidden state sequence ) » FIFEE A EAVEG AR FESHTII SRR EUT Y I TIR4E
yglil%R -

AT ~ L ERMENGE R AR » BN AMRESKERER Y & T8 » §H T
{7 RE AR PRI ELE] AR H 28RV [ - FastSpeech2 ZEEH1Y Length Regulator » H—2%] a
T #4%% duration predictor i AYISE (duration) K/ » FE PRI K B AR R [ A S ek 3
FPoERE > o TR 1 o= 1.5 RoRBERFYITR L 1.5 % EEif (SRR T
£ 1.5 6% BIRIIeEE - 5hCsES 1D - B nTE i i B B R B 0y B3RS - W
FEFLAE 2 o fEE B IFEECEES 1D > SHEPR(E P F I THREE o A5 B Al Ry B S ST
R B HIRHREL o fHIR > Ui A EEHIREEF -
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[& 2. Length Regulator FJ{E% o L{ Length Regulator 17228 o FHBEIEi@FFE
PO RESIEE - D ZonfFR (duration) » Hpw, ZET5 phoneme HY
BEFEFFE » Hue ST SEEIE ST 12 - Gl stikaE = ID ZEH 8
HIRFRITTE » BROTER L a BIGEAA - FEEIFHIRFRUFTE IR

B ZEHIRIBHEEFIETHE -

[Figure 2. Length Regulator. Use the parameter a in Length Regulator to adjust the
length of the hidden state sequence. D denotes duration. H,,, denotes the
phoneme hidden state. H,..; denotes the mel-spectrogram hidden state. The
right handside of the figure shows that the specific duration is decided by
the language ID. The duration elements multiply a and round it to get a
new duration sequence. The left hand side of the figure adjusts all

sequence.]
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—>{Phoneme Embedding—» Encoder

#ESES ID (B + Jieba) \ sequence /
A

o a i
635 s DZ{@ HEEPER NFHIRE [ hidden state\

En
LanEmb

Zh
LanEmb

ID=0(ID=1 Zh

D=1 a
dinner [istEs /T »{Language embedding- - - - - - - LanEmb

EZ

B 3. FZHE RSB FE/E * LanEmb ZTa8 508 © frA X B RAEE.
B HFHtaE S ID » R IETTRIFIEE ~ FE R @ R BT
BN - HEEE ID EITHEE R - R i as 0 5 I -

[Figure 3. Flow chart of the code-switching language embedding. LanEmb denotes

language embedding. The input would be categorized by its language and
the corresponding language ID would be given. After that, the result of
the data preprocessing and phoneme embedding would be the input of the
encoder. Finally, the output of the encoder would merge with the result of
language embedding.|

3. BEsYE (Experiments)

EERTIERES BFREERSE » DEFAAEBERERASFTERNATERSE > LIk
{5 F ESPnet2 (Watanabe ez al., 2018) fi{ 585 T B BhFE & -

3.1 B4 (Datasets)

o FIAERIEE - (FRINERSEE ST GEER AISHELL3 (Shi ef al., 2020) Fe8SCEER
VCTK (Yamagishi et al., 2019) -~ £ R TS8R ME TR (H 2V ERE > RIATHI4RH—(E
B EIRE BB R RN D R SRR > RSB T 30 FEEEIE
THS R B M E S B RIS B RAT R BB BRI 5y 2 — > Wida £ f AISHELL3-
thirty 1 VCTK-thirty » ZRMENFEAETRLIFR 3 s -

o NTERME: SE T —iEE RS P GE S G A4 (Wang, 2021) » {EREAMER
RN ZEE - 358 AISHELL3 BRMESH—ESEE A2 E SR > W{HH AISHELL3-
thirty F1 VCTK-thirty HYSCASE LRI SCA - f b A Bl B g e
JEASH BB o L AE By Generated-multi - #t 25,362 SEEHE - 3£ 15.6 /\Ef >
WFE3 AR -

3.2 §4k5%E (Implementation details)

RS ESPnet2 (Watanabe et al., 2018)F FyBA28AY T H - CFS2 AYFIISRE KL ESHY
Generated-multi’ 22 -0 Y Conformer 4RHEES FIfEMEES kernel size 435l F 7 K 31 padding
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By 3 Bl 155 {B{EES (Optimizer ) {i f§ Adam (Kingma & Ba, 2014) » 275 ( Learning rate )

WERy 1o AR RSE R ZESEE GRS - KT (HEWS SR L5 I H

SES R 182 5 3R E - HiFi-GAN ESH5325 Ff] AISHELL3-thirty 1 VCTKthirty 2} g8

s RN Batch size YW 73 32 (£ Adam (A B {5 BV EEHE B 0.0002¢

7 3. BHEITFYEA - S BN =-1(735EH7 VCTK-thirty FIAISHLLE3-
thirty » R4ERGEFIZE Generate-multi -

[Table 3. The details of the dataset contain VCTK-thirty, AISHELL3-thirty and
Generate-multi which is the generated dataset.]

HRE HTEEE daF e (VNRf
VCTK-thirty 11, 654 22.5
AISHELL3-thirty 13,708 19
Generate-multi 25, 362 15.6

4. BERGEER BT (Results and Analysis)

AEERPR A P97 757 #( Mean Opinion Score, MOS) {E Ryttt » 73 SR [T F5 0(fE)
~5 (&) » HEEEEHVRBRSEET > B8 TRGE - B DU S -
FERRIEBEHL A E BB B AV U T Ak RRFIIFRE Y 11 b A B2 ERREE -
A G pEE E TR BRI A D BOPII O EER -

4.1 &R ERERNLE (Quality of the Generated Dataset)

¥ 3.1 A RERE Generated-multi B [F 4G ERIEE AISHELL3-thirty F1 VCTK-thirty #fT

Ebis > DAMECRIEE AR BRI R AL E B3R 4 Fon > Al el EREN T BEE 4 oLk

FoRE A REY T SRR TG A SRRV R - UL E RIS S s E a1 THY -

4. BHIERIMOS o ZpVCTK-thirty i1 AISHELL3-thirty B X AL
Generatedmulti BFHTXR o [LEEE GBI EREE S unE » LHTERIES
B4 7L -

[Table 4. The MOS of the dataset. The text of the Generated dataset is based on the

text of VCTK-thirty and AISHELL3-thirty. The MOS score of generated
dataset is higher than 4.]

Tk MoS

37 h
VCTK-thirty 4.46 +0.22 -
AISHELL3-thirty - 473 +£0.17

Generated-multi 428 +0.31 4.09+£0.62




G e ey e 55

4.2 EFIEIEREESE (Results of Data Preprocessing)

H W RS = 2 0 BT T BRI R EE - [RIEE MOS Eﬂ?ﬁ R~ BRI ERFRHTRR 7y

FRAETTELER o WP SOSUARTE A ISR B i Ry i sEpE o » N AR Y SR B A 8 S i

PrE - MERG SR RS 5JRl - ﬁCZIKLﬁEPXE@ﬁﬂ{é » MOS A BN - 5598

EITRHE B ERU BRSO - B2 B R BV » SR BB &AL E a3

)5 IERLTE MOS 738 4.02 $2EE]T 4.45 0 SECKIERVIET T > HELTTAD 8

TERUBE R SRR ESE - (EIEE RAVEN S » BERAE I A &A S E KA SCAR » A

DASHE R TR FaB AR - ARMAENIA B FEE R % - MOS 738 3.69 BEfZE 3.99

FH&S S PRI B R R B RE IR G R 2 'S -

5. HAAEITHIEEERIMOS - [LE R aE e aflptan ™ » R in
& BEBPTHEH -

[Table 5. The MOS of the speech which is with preprocessing or not. The quality of

the speech is better after processing the text.|

s BRIATRE AR w/o MOS
. w/o 4.50+0.11
Hh S e
w/ 452+0.18
rh
N w/o 4.02 +0.40
B IEHEA R
w/ 4.45+0.20
» . w/o 3.69 +0.20
i THTRER
w/ 3.99+0.15

4&5s% (Conclusions)

BV AT FOCEERBEREE S SRS - HAMER#ERE > Bt « JHER
Al R ST 58 5 Y i e > T HUE h SOy B IE AR B B S BA s e 2> 73 Al 4.02
ETHE 4450 F23.69 % 3.99 MBI AGREFESHIZER] > Wit > RARWFFRFEN
HEREOSER T PO HEE T G LX&LX%I*“T%%’E% Hill > A EsOR
HaH RS as b B AR SRR FEE A A R A A B B R R AT R - (RAR AT SRR S
SRR AT -
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