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Abstract

This paper proposes a supervised speaker adaptation method 
that is effective for both non-native (i.e. Japanese) and native 
English speakers’ pronunciation of English speech. This 
method uses English and Japanese phoneme acoustic models 
and a pronunciation lexicon in which each word has both 
English and Japanese phoneme transcriptions. The same 
utterances are used for adaptation of both acoustic models. A 
recognition system uses these two adapted acoustic models 
and the lexicon, and the highest-likelihood word sequence 
obtained in combining with English- and Japanese-
pronounced words is the recognition result. Continuous speech 
recognition experiments show that the proposed adaptation 
method greatly improves both Japanese-English and native-
English recognition performance, and the system using 
bilingual adapted models achieves the highest accuracy for 
Japanese speakers among those using monolingual models, 
while maintaining the same performance level for native 
speakers as that of an English recognition system using an 
English adapted model.

1. Introduction 

With the improvements that have been made in speech 
recognition accuracy in recent years, many practical speech 
recognition systems have come into use. One typical example 
is Voice Portal for information retrieval, which provides a 
convenient and high-quality human-machine interface. A 
system of this type should be able to accept the speech uttered 
by a wide variety of people; however, such systems frequently 
either fail to recognize the input speech of a non-native, or 
reject it. This is because the variety of non-native English 
speech is much wider than that of native speech. For example, 
some non-natives speak English with mother tongue vowels 
and consonants. On the other hand, some speak the language 
as native speakers do. This variety makes it very difficult to 
recognize non-natives’ speech with high accuracy. 

Many studies have been carried out in non-native speech 
recognition using acoustic adaptation or lexical modeling [1-5]. 
However, even if a recognition system uses acoustic models 
adapted using non-native speech, or a lexicon employing a 
Japanese-English pronunciation dictionary, the number of 
people whose speech it can accurately recognize is quite 
limited. If the system achieves recognition, it is usually at a 
sacrifice of its ability to recognize the speech of native 
speakers and Japanese who are fluent in English. 

To address this problem, we previously proposed a 
Japanese and native English speech recognition system that 
uses a bilingual pronunciation lexicon in which each word has 
both English and Japanese phoneme transcriptions [6]. In this 
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, recognition results were derived as a combination of 
h-pronounced and Japanese-pronounced words that had 

ghest likelihood, where constraints between inter-lingual 
nciation transition were assessed.
 this paper, we propose a supervised speaker adaptation 
d, which is effective for both native English speakers 
apanese speakers of English. This adaptation method 
 in conjunction with the aforementioned recognition 
. In this new method, a subject’s English speech is used 

e adaptation of both acoustic models, i.e., the Japanese 
me model is adapted using Japanese phoneme 
ription, and the English phoneme model is done with 
h phoneme transcription. The effectiveness of the 

er-adaptation approach is confirmed in continuous 
 recognition experiments for speakers of both types. 

ation experiments were also carried out using mother 
e (Japanese) speech data for Japanese-English 
ition.

. Non-native speech recognition using 
bilingual acoustic models 

honeme transcription 

ypes of lexicons for speech recognition were prepared: 
h phoneme-based and Japanese-phoneme based 
ription. For example, the word “probably” is written as 
b ax b l iy/ in English transcription, and /p u r o b a b u 
in Japanese. The Japanese transcription is constructed 
ering typical Japanese pronunciation of English. 

sponding to the diversity of utterances of Japanese 
, the number of words with multiple pronunciations 
reater in the Japanese than in the English phoneme 
ription.

peech data for test and adaptation 

 kinds of speech databases (described below) were 
ed to evaluate the performance of speech recognition 
peaker adaptation for Japanese English and English 
n by native speakers. They were recorded under the 
acoustical conditions.

base 1J] English sentences uttered by Japanese 
ers           
lected 1,000 phonetically balanced sentences for speech 
ts from LDC North American Corpus and divided them 
0 sets. There were 100 male and 100 female subjects,
f whom uttered 100 sentences. 



Using the same contents as Database 1, 50 male and 50 
female native speakers of North American English 
participated in this recording. Five males and 5 females each 
uttered a set of 100 sentences. 

[Database 3J] Japanese sentences uttered by Japanese 
speakers           
We recorded Japanese phonetically balanced sentences from 
Japanese News Corpus, and divided them into 20 sets. In this 
case we used a total number of 200 speakers, who were the 
same speakers as in Database 1J, and each of them uttered 50 
sentences.  

The English speech data of each speaker were divided 
into test data (70-80 sentences, referred to as Data-1J-T, 2E-
T) and other adaptation data (Data-1J-A, 2E-A). The test data 
sentences were selected so as to set the word perplexity 
almost equal for all speakers. Database 3J is used in section 
4.2.2 to examine the effect of adaptation using mother tongue 
speech for English speech recognition uttered by Japanese. 

2.3. Japanese and English phoneme models 

Acoustic HMMs (Hidden Markov Models) are 3-state 8-
mixture, context-dependent, speaker-independent acoustic 
models. The English phoneme model has 43 phonemes and 
the Japanese one has 31 phonemes. In this experiment, the 
Japanese and English phoneme models are different models 
(i.e. English /p/ and Japanese /p/ are considered to be 
different phonemes).  However, we used the same silence 
model for both. 

The procedure to generate acoustic HMMs is as follows. 
 In the first step for baseline models, English-phoneme 

models were generated using a large amount of native English 
speech data and Japanese models were generated using 
Japanese-language speech uttered by Japanese. 

 In the next step, task (news corpus and acoustical 
condition) adapted models were generated from the baseline 
models, where the Japanese-phoneme models were adapted 
using English speech uttered by Japanese, with their Japanese 
phoneme transcription. The English phoneme models were 
adapted using native English speech.  

Then, in the final (speaker-adaptation) step, speaker-
adapted models were generated using his/her English speech 
from the task-adapted models. His/her same English speech 
was employed in both Japanese-phoneme adaptation with 
Japanese-phoneme transcription and English-phoneme 
adaptation with English-phoneme transcription. Training data 
and its transcription of both phoneme models for each step are 
summarized in Table 1.
Table 1: Training/Adaptation speech and its transcription for 
acoustic modeling 

Model type  \   Step 1.
Baseline

2. Task 
adaptation

3. Speaker 
adaptation

Speaker Japanese Japanese Japanese/
native

Language Japanese English English

Japanese
phoneme

model
Transcription Japanese phoneme 

Speaker native native Japanese/
native

Language English English English

English-
phoneme

model
Transcription English phoneme
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[Database 2E] English sentences uttered by native 
speakers 
Recognition methods using Japanese and 
English models 

recognition methods to compare recognition and 
tion accuracy were used. Methods 1 and 2 used a 

lingual pronunciation lexicon. Methods 3 and 4 used a 
ual pronunciation lexicon. Method 4 is our newly 
ped method.

od 1: M1]
h phoneme HMMs and a lexicon with an English 
me transcription only (i.e. “probably”=/p r aa b a b l 
e used, and this is a pure method to recognize English.  

od 2: M2] 
ed the Japanese phoneme model and the lexicon with a 

ese phoneme transcription only (i.e. “probably”= /p u r 
b u r i i/).

od 3: M3]   
ethod is a combination of Methods 1 and 2. The whole 
 of speech recognition using only English phoneme 
ription and only Japanese transcription were compared, 
e highest-scoring result was denoted as the final result.  
rocessing amount is that of Method 1 plus Method 2, 
so this is the most time-consuming method and 
ctical for real time systems.       

od 4:M4] 
method uses a bilingual lexicon. The recognizer can 
s word-by-word using English phoneme models or 

ese models, and chooses the most accurate phoneme 
ription as a result. A penalty was assessed each time a 
me chosen by the recognizer transited from one 
ge to another to avoid frequent inter-language word 
ions.  In this experiment, back-off probabilities [7] were 
yed as a penalty for inter-language word transitions 
d of word bigram or trigram probabilities. 

he recognition system used in these methods employed 
-pass search strategy [8]. In the first pass, a time 
ronous beam search using word bigrams, native-speaker 
r Japanese) intra-word triphone HMMs, and native-

er (and/or Japanese) inter-word monophone HMMs is 
d out to generate a word lattice. In the second pass, a 
accurate search using word trigrams and native-speaker 
r Japanese) intra- and inter-word triphone HMMs is 

d out to derive recognition results from the word lattice. 
ingual triphone HMMs (i.e. u(J)–p(E)+r(E); (E) is an 
h (native-speaker) phoneme and (J) is a Japanese 
me.) are not used in Method 4. 

4. Evaluation experiments 

aseline and task-adapted models [6] 

e first step, English phoneme HMMs, which were 
ted as baseline models, were trained with 49k 

nces from LDC Resource Management and the Wall 
 Journal. The baseline Japanese model was trained with 
tically balanced Japanese words, sentences and 
ords uttered by 400 Japanese speakers. Using the 
ne models, we evaluated test sentences (Data-1J-T and 



Data-2E-T). The amount of vocabulary in the experiments 
was 5k words. In language modeling, the training data 
contained the same sentences as those in the evaluation data, 
because the language model was trained using 1800k
sentences from the LDC North American News Corpus. The 
recognition results, shown in Table 2 (Baseline), show that it 
is effective to apply the Japanese phoneme transcription and 
the Japanese phoneme models to the recognition of Japanese 
English (M1 < M2, M3, M4 (Data-1J-T)).

In the next step, MAP adaptation [8] of acoustic models 
was carried out to generate more adequate and elaborate 
acoustic models. We adapted the English phoneme models 
using 9k native utterances from Database 2E and the Japanese 
phoneme models using 18k Japanese English utterances from 
Database 1J. The adaptation data included neither the same 
transcripts nor the same speakers as those used in the
evaluation data. We conducted the speech recognition 
experiment using the adapted English and/or Japanese models. 
The results, shown in Table 2 (Task adaptation), show that 
the recognition rate of Japanese and native English improved 
significantly, and that for Japanese speakers the recognition 
rate obtained using both Japanese and English phoneme 
models was greater than that when only Japanese models
were used (M2 < M3, M4 (Data-1J-T)). 

Table 2:  Recognition performance for each method using 
baseline and task-adapted acoustic models (%correct) 

Model Test data 
\ Method M1(E) M2(J) M3 M4

Data-1J-T 29.1 49.2 52.7 53.9
Baseline

Data-2E-T 76.2 12.1 73.9 70.5
Data-1J-T 46.8 74.2 78.1 80.0Task

adaptation Data-2E-T 91.4 28.2 91.3 92.8

4.2. Supervised speaker adaptation of acoustic model 

4.2.1. Experiments using speaker-adapted models 

In the final step, supervised speaker-adaptation was carried 
out using the task-adapted models to achieve higher 
performance. Only the mean value for each Gaussian mixture
component in HMMs was estimated using MAP adaptation 
[9]. We adapted the English phoneme models using speakers’
utterances (Data-1J-A or 2E-A) and their English phoneme 
transcription, and Japanese models using the same utterances 
(1J-A or 2E-A) and their Japanese transcription. So in this 
speaker adaptation formulation, native utterances are also
used for training of Japanese models when the subject is a 
native speaker.

Table 3 shows the recognition performance and error 
reduction rate from the results of the task-adapted models 
(Table 2, Task adaptation). From the table, it can be seen that 
the recognition rate for both Japanese and native English 
utterances improved successfully when the proposed speaker
adaptation strategy was adopted. Likewise, the recognition
rate for Japanese speakers obtained using both Japanese and 
English phoneme models was better than that when only
Japanese models were used (M2 < M3, M4). It also proves
that Method 4 achieved the highest recognition rate for 
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4.2.2.

We p
Japan
ese speakers, and that this method is also suitable for 
English speakers since it doesn’t decrease their 

cy rate of speech recognition al (i.e. 93.0%[M1] vs. 
[M4]).
ure 1 compares recognition rates, with the y-axis
ng the rate for each speaker using the lexicon with 
ese phoneme transcription, and the x-axis showing that 
the lexicon with English phoneme transcription. Each
dicates an individual speaker. The results showed that
after speaker adaptation was carried out, there is a 
icant difference in recognition between Japanese 
ers and native speakers, and that the variety in Japanese
h pronunciation is still much greater than that of native 

ers. This suggests that there is still room to improve
ese-English recognition. 

 3:  Recognition performance using speaker-adapted 
tic models (%correct, (error reduction rate from the
 of the task-adapted models)) 
 data \ Method M1(E) M2(J) M3 M4

Data-1J-T 63.5
(31.4)

81.7
(29.1)

84.1
(27.4)

86.4
(32.0)

Data-2E-T
93.0

(18.6)
46.1

(24.9)
92.5

(13.8)
94.2

(19.4)
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gure 1: Correlation of performance using English vs. 
Japanese speaker-adapted phoneme models

Speaker adaptation using mother tongue speech 

repared Japanese-sentence speech uttered by the 100
ese speakers (Database 3J) to examine the effect of



speaker adaptation of mother tongue. Recognition experiments 
were carried out using a Japanese phoneme model adapted 
with his/her Japanese- and English-language sentences (Data-
1J-A and Data-3J) and an English phoneme model adapted 
with the English-language sentences (Data-1A-J). Recognition 
performance and error reduction rate from the results of the 
baseline models are given in Table 4. The results show that all 
methods using the Japanese phoneme model achieved slightly 
better accuracy than those of the adaptation using English 
sentences only (Table 3).  

Table 4: Recognition rate by speaker adapted model using 
Japanese- and English-language speech data  (%correct, (error 
reduction rate from the baseline models))

Test data \ Method M1(E) M2(J) M3 M4

Data-1J-T 63.5
(48.5)

82.7
(65.9)

84.7
(67.7)

87.1
(72.0)

4.2.3. Performance comparison corresponding to 
subjects’ English skill 

We investigated the above results corresponding to the 
English skill of each Japanese speaker. Subjective opinion 
tests were carried out by two bilingual persons, and all 
Japanese speakers in Data-1 were evaluated from rank (r) 1 to 
5 based on their English skill; speakers of rank 5 can speak 
with nearly native-like ability, and those of rank 1 speak 
English using Japanese vowels and consonants. All speakers 
are divided into four groups using the averaged subjective 
opinion value.

Table 5 lists the recognition rate by task-adapted models 
(Task), speaker-adapted models (Task+Speaker(E)) using 
English sentences, and speaker-adapted models 
(Task+Speaker(EJ)) with English and Japanese sentences for 
each skill level. It was found that more Japanese-style 
speakers achieve a higher recognition rate using Japanese 
models, and more native-like speakers do the same by using 
English phoneme models both before and after speaker 
adaptation. In all groups speaker adaptation using English 
utterances achieved a higher rate. In contrast, adaptation 
using Japanese and English speech decreases the performance 
of most native-like speakers in Method 4 (75.1%[M4]). This 
is because the likelihood of Japanese phonemes being used 
became larger by this adaptation, and correct results derived 
from the English phoneme models were discarded. This 
means that speaker adaptation for non-natives using their 
mother tongue speech is not effective for native-like speakers. 

5. Conclusion 

This paper proposes a speaker adaptation method, which is 
integrated in a recognition system using Japanese and English 
phoneme acoustic models and a transcription lexicon for each. 
The method adapts both Japanese and English phoneme 
acoustic models using the same speech uttered by a subject. 
Experimental results for both native English speaker and 
Japanese subjects showed that the proposed adaptation method 
can achieve higher accuracy than a system without speaker 
adaptation. The results also show that, for non-native speakers, 
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cognition system yields the best performance attained 
ar, and for native speakers it maintains the ability to 
ize spoken English as a system which uses an English 

n and native-speaker acoustic models. It is also shown 
eaker adaptation for non-natives (Japanese) using their 
r tongue speech is not effective for native-like speakers. 
 future work, we plan to examine the most suitable 
y that should be assessed in cases of inter-lingual 
nciation and how effective parameters of both acoustic 
s can be tied together.

 5: Spoken English ability performance for Japanese 
h (Data-1J-T)  (%correct) 

ject Adaptation \
       Method M1 M2 M3 M4

Task 34.0 82.9 83.1 85.8
Task+Speaker(E) 55.3 87.7 87.7 90.02

%)
Task+Speaker(EJ) 55.3 88.9 88.9 91.7
Task 39.3 79.9 80.2 82.8
Task+Speaker(E) 58.2 85.6 85.8 88.43

%)
Task+Speaker(EJ) 58.2 86.9 87.0 90.5
Task 54.6 69.4 73.8 75.4
Task+Speaker(E) 68.9 78.5 81.2 83.14

%)
Task+Speaker(EJ) 68.9 79.1 81.4 84.3
Task 71.1 54.4 75.3 73.9
Task+Speaker(E) 79.5 67.7 80.6 83.3

r
%)

Task+Speaker(EJ) 79.5 68.6 79.3 75.1
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