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1. INTRODUCTION 

ATR 
s叩pe回echlanguage translation system ~eveloped 
at ITL. Unlike its predecessor ASURA2， ATR-
Matrix is designed for spontaneous speech 
input; and it's much faster. This paper describes 
its implementation for 2 operators， applied to 
the Hotel Reservation Task， from Japanese to 
English. 

2. DESIGN 
The basic design consists of three subsystems and 
a Satellite Controller for each， and a Main Controller 
as shown in Figure 1 
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Graphica1 User Interface 

Figure 1. Basic 80伽 rareArchitecture 

The recognition subsystem consists of SPREC3.4， the 
translation subsystem consists ofTDMYi， and the 
synthesis subsystem consists of CHATR6

• Each 
Satellite Controller encapsulates the knowledge for 
its subsystem， so that the Main Controller can 
interact with them in a uniform way， using a standard 
packet message format 
SPREC is a speaker independent recognizer 
designed for spontaneous speech input. For ATR. 
Matrix， we added a module to SPREC that converts its 
output from a Lattice ωN-Best format and (1) marks 
the end of each sentence within an utterance 
(Sentence Splitting7)， and then (2) at the end of each 
sentence， if the pitch is rising， tags it as a question to 
be translated appropriately (Question Detection). 
The Translation Satellite Controller sends each of 
the utterances included in the N-Best list from SPREC 
to TOMT. The first utterance that TOMT can translate 
is captured and sent back to the Main Controller as 
the translation result 
Before the Synthesis Satellite Controller sends the 

translation result to CHATR， it selects the speaker， 
male or female， depending on the sex ofthe operator; 
this information comes from the acoustic model set 
(one for male and one for female) that gave the best 
match企omSPREC. 
The Main Controller has access ωall major data 
paths， and sends relevant information to the 
Graphical User Interface (GUI). Based on user input 
企omthe GUI， it controls the subsystems via the 
appropriate Satellite Controllers. It also logs activity 
on all major data paths， for later analysis of system 
behavior 
Each Satellite Controller handles details so that 
the Main Controller can e伍cientlyperform the 
switching and GUI interaction. This separation of 
Main Controller and Satellite Controllers facilitates 
complete substitution of a major subsystem. 
Separation into individual Unix processes allows us to 
test each subsystem and its Satellite Controller 
individually. The basic configuration of ATR-Matrix 
can be changed by rewriting only the Main Controller. 
We developed a 2・userversion of ATR.Matrix by 
modifシingthe Main Controller to accept commands 
for turn-taking from the GUI， described below， and ω 
accept a 2nd recognizer identical in all respects to the 
first but running on a separate host workstation with 
separate audio input 
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Well， I'd like to have a twin， please 

目園田回目玉目
Figure 2. Graphical User Interface 

The large letters of the upper windows (logo， 
recognition result， translation result) are for easy 
viewing by the audience. The smaller lower windows 
and buttons are for the operator:“Talk" to begin 
talking，“Over" to pass the turn to the other party. 
Real-time display of input level and speech detection 
state is essential for operator feedback. The “Oops" 
and “Cancel" buttons are reserved for use with 
dialogue control 
The timing diagram in Figure 3 is a rough 
measurement of packet arrival times for a typical 
example: r宿泊の予約をお願いしますJtransla ted to 
“I'd like to make a reservatioロfora roorn， please." 
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Figure 3. Timing Diagram 

Recognition appears to have the 10ngest 
processing time， but we believe that most of it is due 
to de1ays in the data acquisition hardware and driver. 
This figure shows the rea1 de1ay that the user sees. 
SPREC calcu1ates the feature vectors and performs 
the forward search whi1e the operator is speaking 
Disp1ay on the GUI comes a little 1ater but is not 
shown here because it does not de1ay the main data 
path. Passing data through the Sate1lite Controller 
and Main Controller isωo fast to be shown in the 
figure (this is a benefit of writing the controllers in 
C++ rather than a Rapid Prototyping 1anguage as we 
did the GUI).τ'rans1ation requires 2.8 seconds in this 
case. After CHATR spends a short time concatenating 
the output utterance and sending it to the output 
device， the sound arrives企omthe 10udspeaker. The 
tota1 response time of ATR-Matrix is about 5.8 
seconds for this examp1e. During this time， written 
information and partia1 trans1ations are disp1ayed， 
one by one， so it does not appear to be slow. 

3. IMPLEMENTATION ISSUES 
Al10wing some direct connections between 
subsystems wou1d decrease the tra伍cconcentration 
through the Main Controller， but it would a1so create 
synchronization prob1ems. We opted for the safety of 
centra1 contro1 over the speed of direct connections. 
Running this as an online demonstration revea1ed 
many issues that are not obvious when each 
subsystem is demonstrated in iso1ation. 
First is the importance of Streaming Speech 
Detection. SPREC's EPD modu1e is a streaming speech 
detector， ab1e to detect the start of speech within 
about 50ms but the detection of the end is much 
10nger: almost 1 second. If SPREC's forward search 
detects a 10ng match with a pause mode1， then it may 
detect the end of speech before EPD does， thus great1y 
reducing the response time. IfEPD or the search 
decides that what was detected was not speech， 
nothing is output， and SPREC continues waiting for 
the operator to speak 
To avoid SPREC triggering unexpected1y， we have 
configured SPREC to disab1e its audio input when an 
utterance has been recognized. The operator must 
enab1e it with the Talk button in the GUI. This gives 
the operator more contro1 over the system， but it does 
require use of the hands 
A second issue is error handling. If TDMT can not 
trans1ate any of the output from SPREC， then the 
Synthesis Sate1lite Controller commands CHATR to 
choose a J apanese fema1e speaker and say the 
Japanese equiva1ent of， "P1ease repeat." We choos 

Software and hardware resource usage: 
Workstation DEC Alphastation 500/500 

Runtime Memory 210 MB rea1+ 203MB virt 
Disk space 1 . 6 G工gabytes

Operating System Digital Unix v3. 2G 
Microphone Sennheiser 410 
Audio Input DAT-Link+， 12KHz， 16 bit 
Audio Output internal， 16KHz， 16bi t 
Installed Software gcc， python， Tc1/Tk， A11egro 

Common Lisp v4.3， Rogue Wave 
C++ Class Libraries 

4. WHAT'S NEXT? 
Work is in progress on an English-to-Japanese 
version of ATR-Matrix. More work is a1so p1anned on 
Dia10gue Contro1 
We are a1so working on improvements to the 
Question Detection. It is current1y imp1emented not 
as a subsystem but as a SPREC Modu1e. Work is a1so in 
progress on a faster and more stab1e pitch-tracking 
a1gorithm for use in Question Detection. We are a1so 
working on algorithms for detecting and passing more 
comp1ex prosody-based information for more natura1 
and intelligib1e output speech. 
ATR-Matrix is a starting point for new areas of 
research and deve1opment. ATR-Matrix is a real 
system in which we can imp1ement the resu1t of 
ongoing research at ITL. A comprehensive eva1uation 1 
of the whole ATR 
speech output， will shed light on those areas needing 
work 
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