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Abstract In this paper, we propose a method of extracting discrete character acting styles using vector quantized variational
autoencoder (VQVAE) and multi-speaker audiobook speech synthesis based on extracted character acting styles. In audiobook
corpora uttered by voice talents, the speech utterances contain acting depending on the character’s attributes. Such acting
should also be contained in synthesized audiobooks. However, predicting proper acting style and character attributes is still a
hard challenge. To this end, we propose a method for extracting character acting styles from audiobook speech and conditioning
TTS models by the extracted character acting styles to synthesize speech with character acting. The subjective evaluation shows
that the proposed method achieves a closer character acting style to the ground truth speech.
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Fig.1 Semi-automatic audiobook speech synthesis.
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Fig.3 d-vector distribution of compared methods. Orange circles indicate
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speaker.

REIUTTHEALNS.

1 T-1 K )
MCD = T Z (Ct,k — CA,,k)
t=0 \k=I

ok BEU G 1F, ZNENEERLANERD 1+ 7L —4H
kXTCHD ANV AT MEETH B, £z, ANVT TR
5 LR OTENT K =59 ¥ L.

3.3 & )

3.3.1 AKEFOBERME

£ 1LIIR—ZA T A VET N EREED BRM: MOS D3
BARRT. SROARMICELTE, EHhTEdD38REEN
BEICEWEWIER Y o/, U, Fv o7 XX
RANADPEFEINEGZNZZ2I2&D, LY RRELLRENE
M O(EEEECLILEF Yy SRR Y) PERXR,
HERYOD—HD*x v 77 XR—HEA XAV TEREF PR
B olzl2beEZ N5,

3.3.2 EEHFEMME

3 1T Resemblyzer % fHH L THHH L 7z d-vector DFEH A,
FHERD -SNE 7r vy M ERT. SFETARINLZEFD

4



-4.0

-3.5

Codebook id
N
o
MCD [dB]

1
~
AHANNMMNNM S S S

Codebook id

Ot =HANS0OMANMNWOMLN
—

4: £a— K7 v 2 (codebook id) TSI EN-EREF

fH @ MCD.
Fig.4 MCD between synthesized speeches conditioned by different codes
from VQVAE

d-vector IZFHFWVWRT, HahE DFEH ISR % d-vector DEIL
FA LY IEDOETRENS. FEEHEMICE L TFEICE S
DADORERAZBRIIMRIN Lo, T, F¥ I 7K —
BIERARANERWEZGATD, FHEHREIREEHEbATY
BROWEERELTWS.

3.3.3 HEFEOZEME

EEDIRT 21O T, VQVAEDa—F 7y 7 (F¥ 572
R—EH AR AN) E—HTLULrEHMTONREroT2. Lo
TEREOFMCEAL T, £TOEBHBICHWEEEY Y L
POMHLTzF v 77 ZR—EHEAZA NV THET230DA%
FNTEHii 217 - 7=.

M 412%a— K7y 7 THRAMFENEHF LD MCD %
RT. BR3a—F7y 7 TARLEEFERO MCD OR{EHE
34 1.7 [dB] TH o7z, ZOFEDIS, BBEIETIEZHZEH R
RANEBEETETVWDIEEZIONS.

K528 a— K7y 7 RUKTEHIC X D EEMT S 6/,
HREODF0, RV —KRUOGEHOFY, [EEFEEERT.

FO R OGEHICBE L TiE, a—F 7 v 722X 83 k1
IO EFEECTHBEOL (LB R s NT. 2, a—F Ty oo
FEE IR RE L TE D, speaker adversarial classification
WCEDa—F7y 7 oiEEEREDHTCETVS 2 2RE
LTW5. [k, HEEFZCELTHERICLSRVI—F
Ty 2 EBEDBROEN. ZDZehs, HBHEEDHEE
BREPO/(ONIZa— KTy 7 R2RIOFEENKEE LRI, F
Mhxy 77 2 —EHAXANZERT 2-DICEER FOIZ
LT, HRNRSEEOEENAETH S Z LR Ehy:.
F72, FO, sEH DL T—F /NS Wb D (—FEDF)
r, ~BREVDOD (—FBEDFH)) T 15 FIELMEIERZ T
B, ZRRERAXANDPFERINTV 2 HPHER SN,

—HTRY—RELTREEI - NIy 72 ELEE2 1
X2 EHMETOHBOEMDL A ONR P oT2. ZDZn D,
BREZHOTORY —OFENINETH 2  Bbh 3.

307 319 305 320 321 332 [ 300

309 316 331 322 326 341 353 250

mean [Hz]

o
g
o
[
E
o
E

43 23 12 14 4 56 0 18 36 33 50
Codebook id

(a) FO DY

1 47 0 56 36 14 59 50 18
Codebook id

(b) FO DfEHE(R 72

KXY 49 49 49 50 50 50 50 51 51 51 52 51 52 52

51 50 54 50 50 54 51 52 54
40 41 40
49 49 49 49 50 50 50 5.1 5.

33 40 40 39 40 41 40 41 42 4 2 2 42 4. 35

»
o
speech rate mean [mora/sec]

4240 42 40 41|43|42 42

14 32 9 11 47 59 53 35
Codebook id

(c) FEE DK

8 1.0 1.0 1.0 1.0 1.1 11 11 11
-12
1.1‘1.1‘1.1‘1.1‘1.1 % . 4

.8 1.0 1.0 1.0 1.0 10 10 10 1.0

°
speech rate standard deviation [mora/sec]

g 1.0 11 11 11 11 10 11 10
0.7 0.9 1.0 1.0 10 10 09 10 09
1.0 1.0 10 1.0 1.0 1.0

32 11 47 53 0 35 20
Codebook id

(d) 73 D IR 72

-33 -33 -33 33 32 33 32 32 -32 -32 -32 -32 -32 -32 -32 -32 -32 -32 -32 -32 -32

E -34 -35 -35 -35 -35 -34 -34 _36

-31 -31 -30 -30 -30 -31 -30 -30 -30

Power mean|dB]

35 45 18 20 43 14 56 50 12 9 59 0 36
Codebook id

(e) X7 — D

3 12 0 59 43 20 9 45 14 35 47 53 11 32 56 50 23 4 18 58 33
Codebook id

(F) X7 — OFEHER £
M 5: 55#F 2 U a— N7 v 7 (codebook id) THRAN T &
N-BREFD FO, 7 —, RO M R, JKAC
1% J-KAC 2 — X ZADF6E (B, ml,m2 ZBEMFEE, f1,£2,3
BRWFEELZRT. 2hzh, FEOBERE»LEITTTT
HIEC2 25 &5y =PI TWS.
Fig.5 FO, power and speech rate of synthesized speech by speaker and
by learnt VQVAE codes (codebook id). JKAC indicates speaker of
J-KAC corpus. ml, m2 and fl, {2, f3 indicates male and female
speaker respectively. Each plot is sorted in ascending order from left

to right.

3.3.4 HEBOF ¥ 57X —HEREZ A LDOEE
K 2IWZHEE A D OGE B KIEE L ZBRICFRO X v 5 7 X —



K2 GHEHDF ¥ 7 7 X —HNARANEEIZE T % XAB 7

2 MER

Table 2 The Result for XAB test of character acting style transfer between
speakers.

Baseline ‘ Proposed ‘ p-value
0.467 | 0.53278 | 0.022
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