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Abstract

This paper describes a practical speech-to-speech translation
system architecture for operation in face-to-face situations,
from a system point of view. The current achievements in
speech recognition and language translation technologies are
still insufficient to build a real working speech-to-speech
translation system, even in a limited domain of application.
To build such a working speech-to-speech translation system,
it would be necessary to consider a system point of view that
includes system design concept, usability and human
correction capability. As a possible solution to meet this
requirement, we suggest a speech-to-speech translation
system architecture that maximizes the keyword transfer rate,
a performance measure which we introduce in this paper.

1. Introduction

Recently, the need for speech-to-speech translation
technology has been growing at the pace of the accelerating
globalization of the world. As a result, people are now
dreaming of a nice speech-to-speech translation system that
would remove any language barriers. Unfortunately however,
the current technology still fails to meet the user’s
requirements for such systems.

The speech-to-speech translation system consists of three
components, i.e., speech recognition, text translation, and
speech synthesis components as shown in figure 1.
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Figure 1: Components of speech-to-speech translation
systems

Current speech-to-speech translation systems try to
reduce the domain of application to a sub-domain such as
traveler support [1, 2]. In such a narrow domain, most
utterances tend to be short, having 1 to 3 keywords, and since
it is intended for use in face-to-face situations, the users can
share common situational information with each other. As
such, this paper focuses on a face-to-face speech translation
system in the traveler support domain.

The current state-of-the-art  spontaneous  speech
recognition components typically achieve 70% to 90% word
accuracy, while the translation component has 60% to 90%
sentence accuracy. As a result, the overall system accuracy
typically lies between 40% and 80%. This range implies that
2 to 6 out of 10 utterances of the speaker are not translated
correctly to the listener. In other words, the intention of the
speaker is not transferred correctly in about 1/5 to 3/5 of the
utterances. This fact can induce users to end the conversation
prematurely, resulting in a communication failure. In order to
communicate successfully, it is therefore necessary to find
ways to increase the ratio of intention transfer.

In section 2, we analyze major reasons of the low
performance. The current speech-to-speech translation
systems are observed to be lacking coverage and robustness.
Based on this analysis, we suggest a practical system
architecture for speech translation in section 3. Section 4
considers the usability of the proposed system in terms of the
communication delay and we introduce the keyword transfer
ratio as a new performance measure for speech translation
systems in section 5. We then conclude this paper in section 6.

2. Coverage and Robustness of Speech
Trandation Systemsfor Traveler Support

In the context of this paper, the term ‘coverage’ is used to
indicate how widely the speech-to-speech translation system
works in a given task domain when the users use the system
correctly. Correct use implies that they should speak 1) in-
domain sentences 2) without any syntactic or semantic errors
3) without any human noise 4) in a silent environment. If the
speech translation system fails in such a situation, it is clear
that it fails because of the limited coverage. Likewise, the
term ‘robustness’ is defined in this paper as a measure of how
well the system works on ill-formed inputs. There are various
kinds of ill-formedness, i.e. 1) large environmental noise, 2)
user-generated noise and 3) grammatically incorrect
sentences. Although these problems have already been
addressed by many researchers [3, 4], the coverage and
robustness problems nevertheless still constitute the two main
causes of speech translation errors, especially in the speech
recognition and text translation components. The speech
synthesis component on the other hand introduces relatively



few errors. Table | summarizes this fact more in detail.

Component Coverage Robustness
- Out-of-vocabulary - Environmental
noise
Speech - N-gram coverage .
o . - Human noise
Recognition - Higher level
. . - IlI-formed sentence
information than n-gram
(spontaneous speech)
- Out-of-vocabulary - Erroneous
Text - N-gram coverage recognition result
. (SMT) - Syntactically
Translation . :
- Translation knowledge incorrect sentence
(Rule-based) (spontaneous text)
Speech .
Synthesis - Close to full coverage - High robustness

Table |. Coverage and Robustness of speech-to-
speech Translation System Components

The coverage issue in the speech recognition component
is one of the largest causes of recognition errors. The out-of-
vocabulary and n-gram coverage fall into this category.
Whenever the input utterance contains an out-of-vocabulary
occurrence, the recognition fails. Even in a small domain such
as traveler support, the trigram hit ratio of a spontaneous
speech recognizer typically is only 40% at best. This means
that the speech recognizer has not been trained on 60% of the
trigrams, and this causes to speech recognition errors.
Information at higher levels than trigrams exists, such as
semantic information, etc, but only very few recognition
engines have implemented algorithms to process this kind of
information.

The robustness issue in the speech recognition component
is another large cause of recognition errors. The
environmental noise, human-generated noise and ill-formed
speech due to the spontaneous nature fall into this category.
There are many noise reduction techniques to cope with the
environmental noise. Most spontaneous speech recognition
engines devise acoustic models for human-generated noise
such as lip smack, breath noise, etc. The spontaneous ill-
formed sentence reduces the n-gram hit ratio, resulting in
more recognition errors.

The coverage issue in the text translation component has
elements that are similar to those of the speech recognition
component. If any out-of-vocabulary occurs in the recognized
text, the text translation component cannot translate it. A text
translation component employing statistical machine
translation has the same n-gram coverage problem as the
speech recognition component. Likewise, a rule-based text
translation component has a similar coverage problem due to
a lack of complete translation knowledge.

The robustness issue in the text translation component
becomes even more significant when the errors made by the
recognition component are considered. Currently, only few
translation engines have error-recovery capability. Another
crucial issue of robustness in text translation is the occurrence
of ill-formed sentences due to the spontaneous nature of face-
to-face situations.

To solve these problems, it would be necessary to have a
huge transcribed text corpus in the traveler support domain.
This however, would take a very long time and high costs. As
an example, it can cost as much as 75 dollars to record and
transcribe 1 sentence of dialog speech, and it can take as long
as 8 months to have 600 dialogues of speech and their

transcriptions.
In the next section, we suggest a practical architecture
that can reduce these coverage and robustness problems.

3. Practical System Architecture

To cope with the coverage and robustness problem, one could
lower the level of information processing. We can for
instance concentrate on transferring the speaker’s intention to
the listener through keyword recognition and keyword
translation, as shown in Figure 2.
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Figure 2. Speech translation system architecture
for traveler support that maximizes keyword transfer
rate and usability

To increase the coverage of the speech recognition
component, we thus focus on the recognition of the keywords.
As previously mentioned, the utterances in the traveler
support domain tend to be short, the information being
contained in just a few keywords. The ‘keywords’ in this
paper are defined as the words that play a major role in the
sentence. In most cases, they are verbs and nouns, including
proper nouns, but as will be explained later, we also can
exclude the proper nouns from the vocabulary. As a result,
since we only need to recognize the nouns and verbs, we can
increase the n-gram coverage and reduce the probability of
out-of-vocabulary situations. This keyword recognition
method also increases the robustness of the speech
recognition component since there is a smaller amount of
vocabulary to work with.

In the same way, in order to increase the coverage of the
text translation component, we focus on the translation of the
keywords only. If we translate the keywords in a word-to-



word fashion, we just need a bilingual dictionary of words in
the traveler support domain, and since we do not use any n-
gram or translation knowledge, it is easy for the text
translation component to have a good coverage. The keyword
translation method also increases the robustness of the text
translation component since it reduces the effect of ill-formed
sentences.

Since there is an upper limit on the amount of information
that can be conveyed by just a few keywords, it may be
impossible to achieve successful communication in a speech
translation situation using such a limited number of keywords.
In a face-to-face situation however, speaker and listener share
the common visual and situational information such that one
can still understand the other’s intention with only one or two
correct keywords. As a consequence, erroneous translations
can easily be detected thanks to this common information.
Furthermore, the listener is able to correct the detected error
by himself with the help of the situational information. For
instance, if the speech translation system says “l want to eat
the City Hall,” then the listener could easily correct it as “I
want to visit the City Hall.”

Proper nouns are the largest part of the out-of-vocabulary
problem. We can exclude proper nouns from the recognition
vocabulary and translation dictionary by controlling the
dialog. Instead of saying “l want to visit Jeju Island,” one
could say “l want to visit a place.” The listener then simply
proceeds by asking “Where?”. Then the speaker’s final
answer “Jeju Island” does not require the use of the speech
translation system. The listener directly listens to the
speaker’s answer, and understands that the speaker wants to
visit Jeju Island. In this way, we can exclude the proper nouns
from the recognition vocabulary and translation dictionary.

4. Usability Consideration

There are many usability issues in the narrow-domain speech-
to-speech translation system, one of which is the speech
translation delay. The speech translation delay is the time
between the end of the speaker’s speech and the beginning of
listener’s response. Current speech translation delays are
typically more than 10 seconds in the traveler support domain,
as shown in Table II.

Action Time
(sec)

Speech Utterance (Language A) (5)
Recognition Delay ~1
Verification of Recognition Result (\Voice) 5+
Acknowledgement (Yes/No) ~1
Text Translation (A > B) 0
Speech Synthesis (Language B) 5
Speech-to-Speech Translation Delay ~12+

Table II. Speech-to-Speech Translation Delay in
case of 5-second utterance

To decrease the turn-around time, one could for instance
bypass the speech synthesis component. Instead of
converting the translated sentence into synthesized speech,
one could simply show it on a display. This modification
could reduce the turn-around time dramatically, since the time

to read a sentence is much shorter than the time to listen to a
synthesized voice.

Furthermore, since the speech recognition component is
not perfect, the recognized result needs to be verified. If the
system would show the recognized text on the display of the
speech-input device (e.g. the user’s mobile phone), then the
user would be able to easily verify whether the recognized
result is correct or not. In case severe errors occur in the
speech recognition component, the user should speak once
more. On the other hand, if the recognized text is correct, the
speaker just needs to show the display to the listener who then
can read the translated text. This method could thus be used
to further decrease the turn-around time. Table Il
summarizes the speech translation delay of this speech
translation system architecture.

Action Time
(sec)

Speech Utterance (Language A) (5)
Recognition Delay ~1
Text Translation (A 2 B) 0
Verification of Recognized Text/ 0
Display Translated Text (Text A and B)

Speech-to-Display Translation Delay ~1

Table 1. Speech-to-Display Translation Delay in case
of 5-second utterance

The speech-to-display translation delay can thus be
reduced to less than 1/10 of the original speech-to-speech
translation delay by using the above methods. In addition, it is
worth mentioning that reading misrecognized text is usually
less annoying than listening to an erroneously synthesized
voice. It is also easier to correct a misrecognized text while
reading it from a display, than when listening to its voice
synthesized version.

5. Performance Measur e of the Proposed
System Ar chitecture

The main goal of a speech translation system is to increase
the task completion ratio. Since the proposed system works in
the traveler support domain in a face-to-face situation, the
system performance can be measured by how correctly the
keywords of the speaker are transferred to the listener, that is,
by the keyword transfer rate. This keyword transfer rate
consists of two parts, namely the keyword recognition rate in
the speech recognition component and the keyword
translation rate in the text translation component.

The merit of employing the keyword transfer rate is that it
has a closer relation to the task completion rate than the
conventional word recognition rate, BLEU score or NIST
score [5, 6]. On the other hand, a speech translation system
employing the keyword transfer rate measure may have a
lower quality of speech translation.

6. Concluding Remarks

In this paper, we have suggested a practical speech translation
system architecture for traveler support in face-to-face
situations. We analyzed the major reasons of recognition and
translation errors, which cause coverage and robustness
problems. To deal with these problems, we argue that it is not



sufficient to focus only on improving the speech recognition
and language translation accuracy, and that one also needs to
design a system that maximizes the transfer of the speaker’s
intention in order to allow two people with different
languages to communicate with each other. The proposed
system maximizes this keyword transfer rate to achieve a
larger coverage and a greater robustness. Furthermore, we
proposed a speech-to-display configuration for shortening the
speech translation delay and have shown that this architecture
also maximizes the human correction capability.

We insist that this paper does not claim that there is no
need to improve the speech recognition rate and text
translation accuracy. Continuous improvement of the
accuracy is necessary for speech-to-speech translation system
to be in real use. However, in face-to-face situation we can
utilize the multimodal communication channel including
visual and prosody information. We can also rely on human
intelligence to repair errors of speech translation system. By
putting more effort in this direction, we can increase the
possibility of developing a working and effective narrow-
domain speech-to-speech translation system.
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