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Abstract
Recently, ETRI had developed a Korean-

Japanese speech translation system for a Korean
front desk side in hotel reservation task. The sys-
tem consists of three subsystems each of which
is responsible for speech recognition, machine
translation, and speech synthesis. This paper in-
troduces the outline of the system development
and describes the functions of the subsystems.

1 Introduction

Three institutes, they are Electronics and
Telecommunications Research Institute(ETRI,
Korea), Korea Telecom(KT, Korea), and Koku-
sai Denshin Denwa(KDD, Japan) have per-
formed the cooperative research to develop a
Korean-Japanese speech translation system for
hotel reservation task since 1991. They orig-
inally planned to perform the cooperative re-
search from 1991 to 1997. Demonstration of the
system was held on May 16th, 1995 as an interim
result of the project. Each of three institutes
had developed its own part independently which
comprises speech recognition, machine transla-
tion, speech synthesis. We, ETRI, are responsi-
ble for the Korean front desk side, KT for the Ko-
rean customer side and KDD for both Japanese
sides. This paper describes the Korean front desk
side of the whole system.

Figure 1 shows the whole Korean/Japanese
speech translation system. In our demonstra-
tion, the image and the voice of each side for
the video conference system were sent through
ISDN and the data for the speech translation,
through a lease line. The block diagram of the
system for Korean front desk side is depicted in
Figure 2. Each part of the system is described
below.
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2 Speech Recognition

The speech recognition system has the follow-
ing three features. Firstly, an embedded boot-
strapping training method is used that enables
us to train each phone model without phoneme-
segmented database. Secondly, a hybrid estima-
tion method which is composed of the forward-
backward and the Viterbi algorithms is proposed
for the HMM parameter estimation. Lastly,
a between-word modeling technique is used at
function word boundaries.

2.1 Training

Speech is sampled at 16kHz and preprocess-
ing produces 20 dimensional LPC-cepstral coef-
ficients which are bandpass liftered. Then we de-
rive the following features: (1) 12 LPC cepstral
coeflicients; (2) 12 A LPC cepstral coefficients;
(3) 12 A-A LPC cepstral coefficients; and (4)
normalized log power, A power, and A-A power.

To train the SCHMM (semi-continuous
HMM), we utilize the hybrid algorithm which
first segments speech into the CD_PLUs (context
dependent phone-like unit) by the Viterbi decod-
ing and then use an FB (forward backward) al-
gorithm within each CD_PLU boundary. There-
fore the algorithm considers the best path for
the inter-CD_PLU and full paths for the intra-
CD_PLU. This algorithm requires less computa-
tion than the full FB algorithm.

2.2 Finite State Network

Because a finite state network(FSN) can repre-
sent the syntactic and semantic constraints and
can reduce the search space in recognition stage,
we adopt the FSN as a language model for our
baseline system. In Figure 3 (C), each node
means words which can apply for all legal sen-
tences in this FSNJ1, 2].

We incorporate word and sentence knowl-
edge into our recognizer in the following man-
ners. Bach word is represented as a network of
CD_PLUs (in Figure 3 (B)) which encode the
way the word can be pronounced. The FSN
grammar can be represented as a network whose
nodes are words, and the network encodes all
possible legal sentences. The FSN grammar net-
work firstly denotes each word with the network
of CD_PLUs, and then a CD_PLU with its HMM
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(in Figure 3 (A)). Then we have a large HMM
that can encode all the legal sentences. By in-
serting all the knowledge in the data structure
of the HMM, it is possible to perform a global
search.

In our system, we apply a Viterbi beam search
[4] and use a partial Viterbi backtracking for
demonstration. Some threshold values and the
number of survived states are used as some con-
straints to prune HMM states.

3 Machine Translation

Our speech recognition system produces recog-
nition hypotheses which are sequences of
CD_PLUs. The hypotheses consist of phrases
(eujeol in Korean) except the function word
phrases which provide strict grammatical con-
straints for words such as date and name.
Unification-based anaysis is performed using lex-
ical information and the syntactic and semantic
analysis produces a case frame result. The MT
subsystem is based on the situation dependent
translation process developed by ETRI

A speech translation system is inherently a
conversational one and it has conventional a
translation process and a dialog flow control
module. The dialog flow control process pre-
dicts the next utterance and estimates the in-
tention using a dialog history which includes
two case frames, one come from the analysis
in recognition stage, the other obtained by an-
alyzing translated result from Japanese side. At
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this stage, the analysis process for the response
from Japanese side utilizes morphological anal-
ysis and a dictionary which takes the opposite’s
lexicon into account. A transfer process converts
the case frame which obtained from the analysis
process to feature structure of target language.
At this time, both dialog history and the utter-
ance intention are used as auxiliary information.
Also a translation equivalent is chosen based on
the detailed domain knowledge. Domain knowl-
edge includes not only the conceptual classifi-
cation following the utterance intention knowl-
edge and possible transition information between
them but also interpersonal information and ad-
ditional information caused by the cultural dif-
ference. For example, Japanese expression corre-
sponding to Korean greeting ”an-nyong-ha-sim-
ni-ka” (means "How are you?” or "hello”, ...) can
be dynamically varied according to speaker’s in-
tention or the time of the day e.g, morning, after-
noon or evening. Selection of translation equiva-
lents for some idiomatic expressions is based on
the situation dependent case-based method.

The generation process produces translation
results according to production rules of the tar-
get languge utilizing the feature structure and
syntactic analysis results.

4 Speech Synthesis

A speech synthesis system consists of a language
processing module, a prosody processing module,
and a synthesis module.

A language processing module performs text
preprocessing, phrase-level parsing, prosody
marker generation, and grapheme-to-phoneme
conversion. Text preprocessing converts numer-
als, symbols, English and Chinese characters into
Korean. Phrase-level parsing builds a phrase
level syntactic structure by the Korean func-
tional word analysis. Prosody marker genera-
tion uses syntactic information for each phrase
and generates 13 prosody markers useful for the
naturalness of synthesized speech. To convert
grapheme to phoneme, we firstly use an excep-
tional word dictionary and then apply 26 Korean
phonological rules.

The prosody module calculates the duration of
phonemes and the pitch contour by rules based
on the analysis results from a few hundreds of
speech data read by an announcer. The phrase
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level macro prosody uses the syntactic and posi-
tional information of prosodic phrases in a sen-
tence. The syllable level micro prosody utilize
the phonetic context and the position of syllable
in a prosodic phrase.

The synthesis module selects adequate synthe-
sis units for the phoneme string, modifies and
concatenates the units. The synthesis units cov-
ers the main variations of Korean phonemes.
To decrease the concatenation defects, we use
acoustic-phonetic knowledge of Korean for spec-
tral match. The prosodic parameters, i.e., du-
ration, F'0 and energy are directly scaled on the
time-domain using a TD-PSOLA technique.

The advanced Korean text-to-speech conver-
sion system (Geulsori-II) adopting TD-PSOLA
(time domain-pitch synchronous overlap and
add) technique provides much higher intelligibil-
ity and naturalness than the old one based on
demisyllable units and Line Spectral Pairs. Cur-
rently, our synthesis system operates in real time
on a UNIX workstation without any DSP board.

5 Experiments and Discussion

Our speech database includes a word and a sen-
tence sets related to hotel front-desk-side speak-
ing. The vocabulary consists of a set of 242
words and word-phrases including digits related
to dates, 167 Japanese surnames, etc[1, 2]. Data
sets are explained in Table 1.

We collected the speech data from virtual sce-
nario, not from real situation due to the diffi-
culty of collection. We made domain-dependent
sentences for the vocabulary set from predefined
finite state network grammar. This grammar has
26 types for the data set.

To evaluate our speech recognition part, we
carried out an isolated word recognition exper-
iment. Table 2 shows the result. To evalu-
ate the whole system, we also made a speaker-
independent continuous speech translation ex-
periment. Table 3 shows the results of the exper-
iment in which no information about the dialog
situation is used.

Results in Table 3 are considered to be caused
from the following reasons. First, the perplex-
ity of the data set is 1.4 although the num-
ber of branches is 167 for some cases such as
in Japanese surnames. Second, both isolated
words and continuous sentences ware used to-
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Data set Train Test
Words 242 x 40 | 242 x 10
Sentences | 93 x 40 | 93 x 10

Table 1: Speech data sets(males only) - Each
speaker pronounced only once both the same set
of words and the different set of sentences.

Data sets | Closed test | Open test
Isolated 99.3 97.3

Table 2: Speaker-independent recognition rates
for isolated words with Top 1 (unit: %).

Speech recognition | Translation rate
rate (system total)
97.6 95.8

Table 3: Performance of the system for continu-
ous speech. (unit: %)

gether to train the CD_PLUs. We realize that
isolated word data produce weak models for rela-
tively faster utterances, although the use of both
data sets contributes more robust models. Our
system represents low recognition rates for con-
nected digits such as date. These results come
from the fact that all of the Korean digits are
one syllable and each digit suffers a severe change
from the context.

Figure 4 shows a snapshot of the running sys-
tem for the hotel reservation task.

Figure 4: A snapshot of the running system
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6 Conclusion

This paper describes a Korean-Japanese speech
translation system for Korean front desk side in
a hotel reservation task.

Our recognizer uses SCHMM method and
adopted a FSN language model. Three charac-
teristics of the recognizer are an embedded boot-
strapping training, a hybrid parameter estima-
tion, and a between-word modeling. Speaker-
independent continuous speech recognition rate
is 97.6%.

For machine translation, an example-based
translation technique is used. Translation is per-
formed through simple conversion at phrase level
in most cases. But, semantic ambiguities are pro-
cessed by invoking an exceptional procedure ac-
cording to the dialog flow and information about
translation equivalents in word dictionary.

For speech synthesis, a Korean text-to-speech
conversion system using TD-PSOLA technique,
shows higher intelligibility and naturalness than
the old one based on demisyllable units and Line
Spectral Pairs.
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