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Abstract: Cross-lingual speech synthesis for generating naturally sounding English speech uttered by
Japanese speakers based on voice conversion and HMM-based speech synthesis tends to cause the degra-
dation of speaker individuality in synthetic speech compared to intra-lingual speech synthesis. To address
this issue, we have proposed an ERJ(English Read by Japanese) speech synthesis method to preserve speaker
individuality in synthetic speech and a prosody correction method to improve its naturalness. However, their
effectiveness has never been evaluated by native listeners: the effects of each speaker’s English proficiency
level on their performance have never been evaluated; and incorrect phonetic sounds of ERJ have never been
addressed. In this paper, we evaluate these points by applying the proposed method to multiple speakers with
various English proficiency levels and also propose a correction method of some incorrect phonetic sounds
based on spectrum swapping for unvoiced consonants. The experimental results demonstrate that (1) the
effectiveness of power correction is well confirmed by native listeners; (2) the naturalness of ERJ synthetic
speech is successfully improved over various English prociency levels by the prosody correction method; and
(3) the proposed phonetic sound correction method is also effective for further improving its naturalness.

Keywords: English-Read-by-Japanese (ERJ), HMM-based speech synthesis, prosodical correction, phonetic
correction, speaker individuality
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1.

CALL [1]

[2]

HMM: Hidden Markov Model [3]

[4]

[5], [6], [7]

[5]

ERJ: English Read by

Japanese [8]

[9]

2. HMM

1 HMM

HMM

HMM

[10]

c bc (ot)

bc (ot) = N (ot;μc,Σc) (1)

ot =
[
c�t ,Δc�t ,ΔΔc�t

]�
t

ct Δct ΔΔct

N (·;μc,Σc) μc

Σc

HMM
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1 HMM

Fig. 1 Model adaptation in HMM-based speech synthesis.

HMM HMM

μ̂c Σ̂c

μ̂c = Aμc + b (2)

Σ̂c = AΣcA
T (3)

A b

HMM

HMM

HMM [11]

3.

3.1

2

HMM

HMM

HMM

HMM
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Table 1 Synthetic speech samples used for evaluation.

ERJ –

HMM+VC2 – – –

Adapt

Dur.

Dur.+Pow.

Dur.+Pow.+UVC

Native – – –

3.2

3

[12]

HMM

HMM

HMM

F0

4.

4.1

CMU ARCTIC [13]

1 A 593

B 50

16 kHz STRAIGHT

[14]

1 24

F0 5

5 ms

1 2

5 left-to-right HSMM[15]

2 [5]

HSMM GMM
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Fig. 2 An overview of the prosody correction method based on

model adaptation technique.
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Fig. 3 An overview of the phoneme correction method based

on spectrum swapping of the unvoiced consonants.

CSMAPLR+MAP[16]

1 2

HMM

1

4.2

4.2.1

20 2

“Monolingual”

1

“Bilingual”

2 ARCTIC A

593

5 DMOS Degradation
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Mean Opinion Score

“ERJ” “HMM+VC” “Adapt” “Dur.” “Dur.+Pow.”

5

5 MOS Mean Opinion Score

“ERJ” “HMM+VC” “Adapt”

“Dur.” “Dur.+Pow.” “Native” 6

6

4 5
3

“ERJ” “Adapt”

4 (a) (b)

5

(a) (b)

“HMM+VC” “Dur.+Pow.”

5

“Dur.” “Dur.+Pow.”

“Dur.”

“Dur.+Pow.” “ERJ”

4.2.2

[8] High Low

4 TIMIT[17] 60

4.2.1

“HMM+VC” “Adapt” “Dur.+Pow.” 3

“HMM+VC” “Adapt” “Dur.+Pow.”

“Native” 4

3 4 (a) 5 (a) [9]
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Fig. 4 Results of subjective evaluation of individuality for

prosody correction method.
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Fig. 5 Results of subjective evaluation of naturalness for

prosody correction method.

6

7 “High” “Low”

GMM

“HMM+VC” “Low”

“Adapt”

“High”

“Dur.+Pow.” “Adapt”

“HMM+VC”

“Adapt” ”Low”

“Dur.+Pow.”

“HMM+VC”
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6 “consonants”

Fig. 6 Example of spectrograms of synthetic speech samples

for a word fragment “consonants”

4.3

4.2.1 “Monolingual” “Bilin-

gual” ARCTIC A 60

4.2.2 “High” “Low”

4 TIMIT 60

(XAB )

“Dur.+Pow.” “Dur.+Pow.+UVC” 2

(AB )

“Dur.+Pow.” “Dur.+Pow.+UVC” “Native” 3

6

“Monolingual”

“Bilingual” “Low” “High”

6

“Native” “Dur.+Pow.”

/s/

“Dur.+Pow.+UVC” “Native”

8 “High” “Low”

“Low” “Dur.+Pow.+UVC”

“Dur.+Pow.”

“High”
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Fig. 7 Results calculated in each English proficiency level

(prosody correction method).
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Fig. 8 Results calculated in each English proficiency level

(phoneme correction method).

“Dur.+Pow.+UVC” “Dur.+Pow.”

“Dur.+Pow.”

“Dur.+Pow.+UVC” t “Low”

p < .01

4.4

SUS[18] 50

“HMM+VC” “Dur.+Pow.+UVC” “Native” 3

6

“Monolingual”

“Bilingual” “Low” “High”

9 “High” “Low”
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Fig. 9 Results of dictation test on intelligibility calculated in

each English proficiency level.
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“Dur.+Pow.+UVC” “HMM+VC”

“HMM+VC”

“Dur.+Pow.+UVC”

“High” “Dur.+Pow.+UVC” “HMM+VC”

“Low”

“Dur.+Pow.+UVC” “Native”

“High” 5 “Low”
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