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ABSTRACT

In this paper, we present KT-STS(Korea Telecom
Speech Translation System) and a continuous speech
recognition system for speech translation. KT-STS
is an experimental speech-to-speech translation sys-
tem which translates a spoken utterance in Korean
into one in Japanese. The system has been designed
around the task of hotel reservation (dialogues be-
tween a Korean customer and a hotel reservation
desk in Japan). It consists of Korean speech recog-
nition, Korean-to-Japanese machine translation and
Korean speech synthesis. The Korean speech recog-
nition system is an HMM(hidden Markov model)-
-based speaker-independent, continuous speech rec-
ognizer which can recognize about 300 word vocabu-
laries. We have achieved the word recognition rate of
94.5% and the sentence recognition rate of 81.2%. For
machine tranlation, we use dependency grammar and
direct transfer method. And Korean speech synthesis
is also implemented. KT-STS runs in nearly real time
on the SPARC20 workstation with one TMS320C30
DSP board. We had an international joint experi-
ment in which our system was connected with another
system developed by KDD in Japan using the leased
line.

1. INTRODUCTION

Recent advance in spoken language processing yields
the possibility of speech translation. ATR Interpret-
ing Telephony Research Laboratories carried out an
international joint experiment of speech translation
with Carnegie Mellon University in United States
and Siemens Corporation/Karlsruhe university in
Germany[1][2]. NEC also made an experimental au-
tomatic interpretation system which could recognize
speaker-independent naturally spoken Japanese and
English, translate each language into the other lan-
guage, and convert the result into spoken output[3].
In Germany, Verbmobil, a long-term project on the
translation of face-to-face dialogues, was launched in
1991. This project will be continued until 2001[4].
In this paper, we present an experimental speech
translation system and a continuous speech recogni-
tion system for speech translation. In section 2, the

overview of the system is presented. In section 3, we:

describe Korean speech recognition. And Korean-to-
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Japanese machine translation is presented in section
4. Section 5 describes the Korean speech synthesis.
Section 6 gives the evaluation results of the system.
Finally, conclusion is made in section 7.

2. SYSTEM OVERVIEW

Figure 1 shows the overview of KT-STS. If a user says
a Korean sentence after pushing down the the menu
button of input speech, KT-STS automatically de-
tects the endpoint of speech and finds top N hypothe-
ses, in which one sentence is selected to be translated
into Japanese sentence. KT-STS has a Korean syn-
thesizer so that Korean speech can be generated from
Korean sentence.

With the collaboration of KDD (Kokusai Denshin
Denwa) in Japan, we conducted an international joint
experiment by connecting our KT-STS system with
KDD’s system. Each site developed a speech recog-
nition part and a language translation part to an-
other language. The experiment was held on May 16,
1995. Korea Telecom was in charge of dialogues for
Korean customers. And KDD was in charge of dia-
logues for Japanese customers and a hotel reservation
desk in Japan. On the same day, there was another
experiment between KDD and ETRI(Electronics and
Telecommunications Research Institute) in Korea.
ETRI was in charge of dialogues for a hotel reser-
vation desk in Korea.

Three kinds of dialogues (23 sentences) were used
in our experiment. A guest speaker was invited to try
the KT-STS connected with KDD’s system. A video
conference system was also used so that the speaker
can see and listen what was going on at the other
end. Many audiences including the press and TV
attended the experiment. Most dialogues were recog-
nized and translated correctly. Only one sentences ut-
tered by the guest speaker were mis-recognized in the
first trial. However, it was successfully accepted in
the second trial. And he uttered one sentence which
is out of grammar. As a whole, the experiment was
successful and received a favorable attention.

3. SPEECH RECOGNITION

3.1. Feature Extraction

The speech signal is sampled at 8 kHz rate with a
p-law, 8 bit codec and pre-emphasized with a filter
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Figure 1. System overview

whose transfer function is 1 — 0.952~1. The pre-
emphasized speech is then divided into the frames.
Each frame spans 20 msec and is overlapped by 10
msec. Linear predictive coding(LPC) analysis is per-
formed and a set of LPC driven cepstral coefficient
1s computed from the LPC coefficients. The LPC
driven cepstral coefficients are weighted by a window

We(m), of the form

We(m)= 1+ %sin(%n-), 1<m<Q
where Q is the order of LPC. We used four kind
of VQ codebooks for the speech recognition; (1)
weighted LPC cepstral coefficients, (2) their differ-
ences, (3) their second order differences, (4) differ-
enced log power and its second order differences.

3.2. Phonetic Models

It is necessary to choose basic units for the
speech recognition system based on HMM. We chose
phoneme-like phones as basic units. We selected
60 phones at first and then expanded them into
300 context-dependent units considering coarticula-
tion phenomena. Our phoneme model has 7 states
and 12 transitions[5]. 12 transitions can be tied into
3 groups and transitions in the same group share the
same output probabilities. We considered three kinds
of coarticulation phenomena for phonetic model[6];

1. Silence : Depending on the speaker, silence in
inter-words can be kept or not. Therefore, op-
tional silence is needed. We adopted null transi-
tion for skipping the silence.

2. Intra-word model : We used the triphone for
the modeling of intra-word coarticulation phe-
nomenon. In deciding the number of triphones,
the unit reduction rule was used[7].

3. Inter-word model : Inter-word coarticulation
phenomenon occurs before or after each words
in the continuous speech. In the training stage,
partial-connection is allowed in representing the
sentence using the triphone. Only the most de-
tailed connected is allowed in partial connection.
And we allow full-connection in the recognition
stage, in which all the triphone that can be con-
nected are allowed[8]. Figure 2 shows the pho-
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xl-n-e 1

Figure 2. Phonetic transcription of word “ne”

netic transcription of Korean word “ne” using
triphones.

3.3. Language Processing

Two kinds of language models were used for language
processing. We adopted bigram as a forward language
model and right-to-left chart parser with dependency
grammar as a backward language model. Figure 3
shows a continuous speech recognition. The perplex-
ity of language mode is around 30.

The bigram that we used is a statistical first-order
class grammar in which the probability of a word W,
being followed by another word W, is given by

P(W2/W1) = 3 P(C1/W1)P(C2/C1)P(W3/Ca)

path

where C} is each of the classes to which 1, belongs,
and Cj is each of the classes to which W belongs[9].
The grammar uses 32 classes.

3.4. Search algorithm

In order to provide an efficient interface between the
speech and language processing of a spoken language
system, we choose N-best algorithm which is a time
synchronous Viterbi beam search algorithm that can
be made to find the most likely N whole sentence
hypotheses within a given beam threshold of the most
likely sentence[10]. The number of N is fixed to be 5
in the system.

There are some methods for finding multiple sen-
tence hypotheses[11]. We use the word-dependent
N-best algorithm which is a compromised algorithm
between the exact sentence-dependent algorithm and
the lattice algorithm. At each state within the word,
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Figure 3. A continuous speech recognition system

Table 1. Characteristics of evaluation database

Number of talkers
Ages | Male Female
20 15 5
30 15 5
40 10 4
50 4 0

the total probability for each of n different preceding
words is preserved at each state. And we record the
score for each previous word hypothesis along with
the name of the previous word at the end of each
word. Then we proceed on with a single theory with
the name of the word that just ended. At the end of
the sentence, we perform the recursive traceback to
derive the list of the most likely sentences using the
backward language model. The number of n is set to
be 2.

3.5. Database

We collected the dialogues between a customer and
a hotel reservation. And the dialogues were modeled
to be 13 sentence templates encompassing 300 words.
A total of 54 men and women read 5,901 sentences.
Their ages range from 20’s to 50’s. Each speaker read
about 100 sentences naturally over the headset micro-
phone. 54 of the 58 were designated as the training
speakers and the remaining 4 were designated as the
test speakers. Table 1 shows the characteristics of our
database with regard to sexes and ages.

4. MACHINE TRANSLATION

The Machine translation is made up of analysis,
transfer and generation. Since the grammar structure
of Korean language is similar to that of Japanese lan-
guage and the task domain is restricted to dialogues
for hotel reservation, the machine translation was im-
plemented with ease. We do not use the morpholog-
ical analyzer since the speech recognizer works as a
front end morphological analyzer. And the right-to-
-left chart parser with dependency grammar is used
for both speech recognition and machine translation
as shown in Figure 4. Since Korean language has
the characteristics of free word-order, it is difficult to
analyze a Korean sentence with the phrase structure
grammar which is suitable for the languages having
the characteristics of rigid word-order. Dependency
grammar provides good solution since it focuses on
the relationship between modifier words and modified
word[12]. And we adopted the right-to-left parsing
technique rather than the conventional left-to-right
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Table 2. Performance testing result of Korean continu-
ous speech recog. system

Recognition rate{(%)
Word Sentence
Top 1l | Topb | Top1 | Top b
94.53 | 98.50 | 81.21 | 94.72

parsing technique since the main predicate in most
Korean sentences appears at the end.

For transfer stage, direct transfer method is used.
We also use simple generation rules in the stage of
generation.

5. SPEECH SYNTHESIS

We implemented a Korean speech synthesizer which
was mainly composed of the phonetic preprocessing,
the prosody generation and the concatenation of syn-
thesis unit. The Korean sentence entered into speech
synthesizer is analyzed to be used in the prosody gen-
eration and the concatenation of synthesis unit. We
generate the prosody which consists of intonation, du-
ration and gain. And the demiphone is used as the
basic unit for synthesis[13].

6. EVALUATION OF THE
PERFORMANCE

As the test speech data, 644 utterances of four per-
sons were used. The result are shown in Table 2.

KT-STS has the word recognition rate of 94.53%
for the first candidate (called top 1), and 98.50% for
all candidates from the first candidate to the fifth
candidate (called top 5). And the sentence recogni-
tion rate of 81.23% for top 1, 94.7% for top 5 is also
obtained. The system runs in nearly real time for
generating a Japanese sentence from a spoken Ko-
rean sentence.

7. CONCLUSION

In this paper, we described an experimental speech-
to-speech translation system and a continuous speech
recognition for speech translation. The task domain
of KT-STS is restricted to dialogues for hotel reser-
vation. The system consists of Korean speech recog-
nition, Korean-to-Japanese translation and Korean
speech synthesis.

The speech recognition system is an HMM-based
continuous speech recognizer which can recognize
about 300 vocabularies. It uses the bigram as a for-
ward language model and right-to-left chart parser
with dependency grammar as a backward language
model. We have achieved the word recognition rate
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Figure 4. The Machine translation system combined with the speech recognition system

of 94.5% and the sentence recognition rate of 81.2%.
The machine translation employs the direct transfer
method and the speech synthesis uses demiphone as
the basic synthesis unit.

The international joint experiment between Korea
and Japan was held on May 16, 1995. The experiment
was evaluated to be successful. We will continue our
effort for developing technologies that can eliminate
the limitations of the current system.
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