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Abstract

We describe the implementation of a client-server based speech translation system. To minimize the
bandwidth problem, input speech data is preprocessed, compressed and then sent to the recognition server
(typically at 5.6 kbps). For synthesizing the translated utterance we implemented a variety of approaches
requiring between 256 kbps for high quality speech down to less than 1 kbps for unit information. The

client was implemented for Windows95/98, Linux and OSF1. The system was also tested using a 9.6
kbps mobile telephone data connection.
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1 Introduction

ATR-MATRIX [1, 2], a speech-to-speech transla-
tion system developed at ATR ITL, is a research
prototype with high translation accuracy. It was
designed with a highly modular structure, consist-
ing of a speech recognition subsystem (ATRSPREC),
alanguage translation subsystem (TDMT), a speech
synthesis subsystem (CHATR) and a main con-
troller (see Figure 1).
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Fig. 1: ATR-MATRIX system architecture

This stand-alone version of ATR-MATRIX has
previously been evaluated for naive users [3]. It
was also successfully demonstrated in the C-Star
international experiment on July 22nd, 1999 [4].
Recently, it was demonstrated that ATR-MATRIX
achieves about 500 points on the TOEIC test, which
is roughtly equivalent to a Japanese student enter-
ing a university[5].

However, running ATR-MATRIX on a standard
PC, laptop, or even PDA to achieve “speech trans-
lation anywhere” requires a serious research and de-
velopment commitment. Currently ATR-MATRIX
1) requires about 250 MB RAM, 1GB of disk, a fast
CPU (PentiumlII-400 class), 2) is a UNIX-based de-
sign which has only been implemented on Linux
and OSF1, 3) uses proprietary software like C++
class libraries, 4) requires high-quality audio (mi-
crophone and AD converter) and 5) as an active
research project has frequent updates to programs
and models.

To “get ATR-MATRIX out of the laboratory
into the real world” we introduce here a client-
server system architecture for ATR-MATRIX. Di-
viding ATR-MATRIX into a client front end and a
server main part solves most of the problems listed
above or at least hides them from users. The sys-
tem becomes portable and easy to install and use.

2 Implementation

2.1 Splitting up ATR-MATRIX

The split into client and server for both, recognition
subsystem and synthesis subsystem, was chosen 1)
to minimize required bandwidth and, 2) to mini-

mize processing requirements on the client. Fig-
ure 2 shows the client-server architecture.
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Fig. 2: Splitting up ATR-MATRIX modules into
client and server .

For the recognition subsystem, we perform fea-
ture extraction on the client and then compress the
cepstral parameters to 5.6 kbps without degrada-
tion of recognition accuracy [6]. *

For the synthesis subsystem, unit selection is
performed on the server and the start and end time
of each selected wave chunk is sent to the client.
The client simply concatenates the wave chunks by
accessing the locally copied database. The neces-
sary bandwidth is less than 1 kbps. One disadvan-
tage for this scheme is the necessity for a local copy
of the database, requiring between 10 and 100 MB
per desired speaker.

2.2 Administration of Multiple ATR-
MATRIX Servers

To efficiently use resources, a server management
system was implemented as shown in Figure 3. Clients
log-in to this resource manager by transmitting some
client properties and the desired type of service.
The resource manager has a list of existing servers
and their properties, thus supporting various server
types, such as special servers for clients communi-
cating by telephone instead of using a PC or for
different language pairs. As session initiation pro-
tocol we use SIP [8].

3 Application Examples
3.1

An example screenshot of a client running on Win-
dows95 is shown in Figure 4. A Japanese utter-
ance is preprocessed on the client, transferred to
the server, decoded, translated, appropriate wave
chunks are selected, the file indices for these chunks
are transferred to the client, concatenated and played
on the client DA.

1This has been improved down to 2 kbps at the expense
of increased complexity[7].

One-Way Japanese-English
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Fig. 4: Screenshot of client ATR-MATRIX on
Windows95

3.2 Communicating with Other Trans-
lation Systems

For communication of a Japanese speaker with an
English speaker, the Japanese-English system of
the previous section can be connected to an English-
Japanese translation system for example via the C-
Star protocol (see Figure 5). The C-Star protocol
basically broadcasts recognition and translation re-
sults as ASCII strings to all connected parties sim-
ilar to IRC chat.

optional connection to
other translation systems
®
® (other servers)
®

OSF1 o
: (-]
- |BH
: Linux

multiple ATR-MATRIX servers
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C-Star switch

JE server

ATRSPREC
- client

ATRSPREC .
client -

Fig. 5: Bi-directional English-Japanese translation
system

For the C-star experiment [4], we used a com-
mercially available “wearable computer”, a device
consisting of a headset with screen and headphone
and a small CPU part that can be carried on a
belt around the hip. An American traveller and
a Japanese, their wearables connected via mobile
LAN to the EJ and JE servers, performed a sim-
ple information exchange showing the potential for
mobile translation technology.

4 Evaluation

Evaluation experiments were performed to find out
how casy the system is usable for an unexperi-
enced user, hereforth called “customer” and which
problems arise from unexpected use. The Japanese
users were asked to reserve a hotel room using ATR-

— 171 —



MATRIX. A second ATR-MATRIX system was given
to an experienced English speaker who acted as ho-
tel clerk.

Each Japanese customer was given a one page
technical manual how to use ATR-MATRIX and
some pages of dialog content information such as a
schedule, telephone and credit card number. The
customers had to start with a standalone laptop,
i.e. they had to open a modem connection to the
Internet and to run ATR-MATRIX by themselves.

Figure 6 explains the experiment setup. Servers
were a DEC Alpha 500/500 with 500 MB RAM and
Digital UNIX V4.0D for Japanese and a Compaq
workstation XP-1000 with 400 MB RAM running
Digital UNIX V4.0E for English. Client computers
were a Panasonic CF-S22 Laptop with Intel MMX
processor (266 MHz), 95 MB RAM and built-in 56
kbps modem for Japanese and a Panasonic AL-N2
Laptop with Intel Pentium 133 and LAN network
connection for the English side.

Usually, the main purpose of evaluation exper-
iments is to get recognition rates, translation ac-
curacy ratings etc. for untrained speakers. Here,
the main objective of the evaluation experiment re-
ported was to find out problems occuring when peo-
ple unfamiliar with ATR-MATRIX and the client
software are asked to use it. For this purpose, the
first experiments are the most valuable ones. The
experiments provided insight in the process of eval-
uation experiments. ’
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Fig. 6: Client-server ATR-MATRIX evaluation ex-
periment setup.

4.1 Task Performance and Discussion

Table 1 shows a list of customers and how long it
took them to complete the task, i.e. to reserve a
hotel room. Most customers finished the reserva-
tion conversation after some 40 minutes. The total
conversation time splits into setup time, including
connecting the computer via modem to the network
and starting ATR-MATRIX, and the actual dialog
time. Customer F0001 could not connect to the
dial-in network because the modem line was busy,

so the setup time for her is very long.

Tab. 1: Timing information for each customer in
hours:minutes:seconds

ID turns setup dialog total
M0001 40 3:07  35:11 38:18
F0001 80 15:26  55:28 1:10:54
F0002 79 2:06  38:19 40:25
F0003 72 4:20  49:55 54:15

All four speakers completed their task, although
the task completion times were far too long. In the
"real” world, they would have probably given up.
Interestingly, speaker F0003, with a recognition ac-
curacy of under 50% took less time to complete the
task than speaker FO001 who achieved more than
80% word accuracy. Although the small sample
size makes it impossible to draw any conclusions,
it seems that word accuracy and task completion
rate are not necessarily highly correlated,

Compared to a simple phone call, ”setup time”
is also too long, i.e. between 2 and 4 minutes if
nothing goes wrong. This is partly because the cus-
tomers were unsure of what to do and read the in-
structions carefully before each of the single steps.

4.2 Audio Device Dependent Word
Recognition Accuracy

The column “DAT” in Table 2 shows word recog-
nition accuracy for different audio devices. The
numbers in column “DAT” are computed using the
recorded speech and manually generated transcrip-
tions for scoring. As the speech was recorded on
DAT before passing through the client audio de-
vice, the calculated accuracy is not identical to the
recognition accuracy during the experiment.

Tab. 2: Word accuracy in % for DAT, Yamaha
OPL3-SA3, and ESS Technology ESS1876

D DAT OPL3-SA3 ESS1876
MO0001  88.28 88.62 89.66
F0001 85.32 83.50 83.80
F0002 72.86 77.51 81.41
F0003 44.03 48.22 47.38
average 72.50 74.17 75.28

To have more precise information about the ac-
tual recognition rate the speech that had been recor-
ded on DAT was used as input to the audio de-
vice of the laptop computer used in the experiment.
The column labelled with “OPL3-SA3” in Table 2
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shows the recognition results for this setup. To
measure the influence of the laptop audio device
on recognition accuracy, the same speech data was
filtered through one more laptop with an ESS1876
audio device.

The influence of the audio device is amazingly
small. The significant drop in recognition rate we
expected to find if we use “laptop audio device
speech” instead of high quality speech directly from
DAT did not occur. On the contrary we got a slight
recognition rate improvement with speech piped
through the laptop audio devices.

5 Future Work

The results show that there is still a lot of effort re-
quired for building a useful speech translation prod-
uct. Major unsolved problems are

audio device quality: in a client-server setting,
control of the client audio device becomes
very difficult. An informal test with 8 dif-
ferent laptops showed that the quality of the
AD was quite bad for 6 of them, with audi-
ble(!) differences even for the same model.
‘We hope that USB based audio devices will
solve this problem.

status display and feedback: the current status
of the server should be fed-back to the user.
In the standalone ATR-MATRIX system, this
is achieved by an additional video channel
and 100 msec updates of the current recog-
nition status. This would require too much
bandwidth in the client-server setting.

evaluation: overall system evaluation is a time-

consuming process that requires bi-lingual spea-

kers to manually grade the translation qual-
ity. Automatic evaluation for translation re-
sults is still an open research area.

porting: we have ported the client side of ATR-
SPREC to WindowsCE and verified that AD
and preprocessing is working. However, real-
time performance was about 100 times slower,
probably due to inefficient floating-point op-
erations and inefficient wrapper code for func-
tions like geic(). We are now working on the
ultimate light-weight client, i.e. a simple cel-
lular phone. This requires data collection and
retraining of acoustic models.

6 Conclusions

With a small effort of overall 6 man-months, it was

possible to split-up the complex ATR-MATRIX trans-

lation system in a relatively simple client side and

a (still complex) server side. Additionally, this
client side was ported to Windows95/98, Linux and
OSF1. This was made possible by two main design
criteria:

o the modular, eventloop-based paradigm of ATR-

SPREC [9]

o the use of Python, an object-oriented, cross-
platform RAD language.
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