ISSUES RELA

TING TO THE FUTURE OF ASR

F OR TELECOMMUNICA

TIONS APPLICA

TIONS

Shigeki Sagayama, Kiyo aki Aikawa

NTT Human Interface Lab oratories

1-1, Hik ari-no-Ok a, Y ok osuk a-shi, Kanagaw a, 239 Japan

ABSTRACT

Issues relating to automatic sp eech recognition (ASR)

are discussed with resp ect to applications in the telecom-

m unications area in the near future. As a preliminary ,

w e introduce an interesting discussion from a past con-

ference in Japan ab out what is hindering the spread

of ASR. Then, some relatively new robustness issues in

telephone-based ASR applications are discussed. These

include accurate voice/noise discrimination, and mul-

tiple microphones, utterance veri�cation/rejection for

exible vo cabulary systems, breath noise and hand noise,

instan taneous adaptation to environmen tal noise, a sp ell-

ing metho d for Japanese Kanji texts, dialog control is-

sues, distransparency of ASR systems, children’s voices,

HMM training with lo calized data, adaptive dialog strat-

egy .

1. INTRODUCTION

There are still a number of problems that must b e

solv ed b efore we can successfully apply automatic sp eech

recognition (ASR) technology to telecommunications.

Some hav e received a lot of attention and hav e b een

partly solved. F or instance, there has b een progress in

robust acoustic parameters, sp eaker and channel adap-

tation, word sp otting techniques, extraneous utterances,

e�cien t search metho ds, dialog control, etc. Apart

from these currently highly concerned problems, there

are numerous other imp ortant issues. Some of them

are related to already discussed issues; some others are

new.

This pap er fo cuses on topics and issues other than

those often addressed in pap ers and at conferences.

Our inten t is to attract attention to topics that, while

relativ ely rare, are still imp ortant.

Authors’ E-mail addresses: fsaga,aikg@nttspch.hil.n tt.co.jp,

resp ectively .

2. GENERAL PROBLEMS OF SPEECH

RECOGNITION

2.1. An E-mail-based Discussion in 1994

There has b een a long-running discussion among Japan-

ese researchers and managers working in the ASR area

as to why ASR is not widely used in the real world even

after the great technological progress made due to ap-

plying statistical approaches to sp eech recognition.

In 1994, one of the authors (Sagay ama) used the op-

p ortunity provided by the formation of a new Sp ecial

Interest Group of Sp oken Language Pro cessing (SIG-

LSP , Prof. S. Nak agaw a, chair), which is a SIG in the

Information Pro cessing So ciety of Japan (IPSJ), to run

an internet-based discussion of what is hindering the

wider use of ASR and how to cop e with the problems.

T o start the discussion, we compiled a list of 22 likely

reasons [(a){(v) b elow]. In the ensuing active and ex-

citing E-mail discussions, a number of other views were

contributed and �nally six more reasons [(A){(F)] were

added. W e rep orted the entire list in the op ening of a

SIG-SLP conference and asked the participants to vote

on these explanations. Here is the list and the votes

each item received.

(a) Recognition accuracy is still to o low. ASR tech-

nology is not mature and currently not useful.

(36 votes)

(b) ASR will not b e useful until sp ontaneous sp eech

recognition is achiev ed. Current continuous sp eech

recognition technology is useless. (23 votes)

(c) The recognition accuracy v aries to o muc h dep end-

ing on the sp eaker. ASR will b e useless so long

as there are sp eakers with low recognition accu-

racies. (13 votes)

(d) The vo cabulary is still to o small. (11 votes)

(e) ASR with vocabulary constraints is not useful.

Users do not feel comfortable unless arbitrary

sp eech can b e conv erted to text. (4 votes)

(f ) A word sp otting technique is essential. (18 votes)

(g) The biggest problem with ASR is p o or rejection

ability against erroneous and extraneous utter-

ances. (40 votes)

(h) Robustness against noise, utterance and channel

v ariabilities is to o p o or. (46 votes)

(i) The human interface is to o p o or for users to utilize

ASR comfortably

. (41 votes)

(j) Go o d dialog control is imp ortant: ASR is not b eing

used b ecause of p o or dialog control. (22 votes)

(k) Humans hate to sp eak to machines. People intrin-

sically dislike ASR. (7 votes)

(l) It is not clear to users how recognition errors o c-

cur and how they can b e av oided. This distrans-

parency (opacity) greatly annoys users. (41 votes)

(m) E�ciency is not higher than other existing input

metho ds. (17 votes)

(n) A go o d interface (API) has not b een established

b etw een ASR and applications. (24 votes)

(o) The cost problem { ASR technology is currently

to o exp ensive. (11 votes)

(p) The sp eed (resp onse time) of ASR is not su�cient

yet. (6 votes)

(q) Applications are limited b ecause the microphone

has to b e held close to the mouth. (10 votes)

(r) W e lack go o d ideas for ASR applications. Go o d

ideas would make it p ossible to fully utilize ASR

at the current technological level. (37 votes)

(s) Linguistic pro cessing is the problem. Even though

acoustic pro cessing has reached a considerably

high level, language mo dels, or linguistic pro cess-

ing, (e.g., syntactic analysis, semantic pro cess-

ing, pragmatics, knowledge, common sense) are

far b ehind. (18 votes)

(t) The requirements ASR must meet at are often

to o demanding. ASR technology went from sim-

ple to more complex; so should the applications.

(0 votes)

(u) Humans should b e trained in how to use ASR.

Keyb oards required more than a day

. (6 votes)

(v) There is no so cial consensus how ASR should b e

used. (11 votes)

(A) ASR researchers are not serious ab out the ASR

into practical use. Belief and devotion are essen-

tial in technology developmen t. (22 votes)

(B) Intelligen t dialog is not the problem; instead, in-

telligent service provided through ASR is imp or-

tant. (21 votes)

(C) The following 3 items are not going well yet:

1. The achievmen t of a certain level of ASR p er-

formance and functionality (dep ending on

the application).

2. Av ailabilit y of supp ort to ols that enables the

user (system integrator) to easily integrate

ASR into a system.

3. The developmen t of sp eci�c applications that

utilize ASR. (e.g., Computer-aided Instruc-

tion) (34 votes)

(D) Progress in ASR research is not su�ciently re-

p orted to the public. In addition to fundamental

research, we need go o d ideas, technologies, de-

votion, and capital to use ASR in pro ducts and

services to build up the market. (7 votes)

(E) ASR is a great technological human dream. The

ideal picture is muc h to o far ahead of the reality .

This is the reason why ASR is not well reputed.

The world needs to change its thinking. (4 votes)

(F) No manner has b een established to �ll the gap

b etween the mental mo del (how the system is p er-

ceived by the user) and the real system. (36 votes)

F rom the ab ov e votes, one can see that the robust-

ness issue was of most concern to the attendants. These

explanations for low public acceptance were compiled

almost three years ago, so some of them now seem triv-

ial (e.g., the cost of ASR is not a big issue thanks to

rapid progress in p ersonal computers). Most, how ev er,

are still interesting and stimulating.

2.2. Adv an tages of ASR

The b ene�ts ASR promises are the p oints we should

alwa ys come back to and hav e in mind every time we

discuss ASR problems and issues. In attempt to clarify

some of these b ene�ts show how to get the most use

out of current ASR technology

, the author wrote in [2]:

T elephone c hannels: A very imp ortant asp ect ASR

allows information exchange through telephone

lines without any sp ecial equipment at the users’

side. The ANSER system was the �rst service in

this area.

Comfortableness: It has long b een assumed that

users will no longer need keyb oards (which are

cumb ersome for Japanese p eople) when they hav e

ASR capability

. In addition to this adv an tage, so-

phisticated dialog control and system implemen-

tation of ASR applications provide more comfort-

able communications b etw een humans and ma-

chines than a keyb oard and mouse.

Case of no alternatives: ASR is an e�ective wa y

to enter information particularly when the hands

are o ccupied with another task. One p otentially

large market is in car navigation systems where

eyes and hands are o ccupied while driving. The

physically challenged and senior citizens repre-

sent another imp ortant market.

E�ciency: It has b een said that ASR provides faster

information entry than typing. Multimo dal in-

put seems more e�ective for higher e�ciency

, i.e.,

sp oken commands with drawing.

Synergy: Synergy with other input mo des is very

imp ortant. Not ASR alone, but ASR with a key-

b oard is the right picture. Both hands and voice

will b e used for work e�ciency rather than us-

ability .

Do wnsizing: The merging computers and mobile

telephones will mean removing keyb oard and dis-

play to minimize the size. Sp eech input/output

functionality is the only p ossible wa y to do this.

Lo w cost: In the future, there will b e a very small

inexp ensive computers consisting of a CPU, a mi-

crophone, an earphone, and a battery with ASR

functionality

. Computers equipp ed with a key-

b oard and a display will b e considered high-class

but exp ensive. Computers with ASR will b e p op-

ular only b ecause they are small, light, and cheap.

F un: ASR is fun. In game machines, the game will b e

made more exciting by talking with the machines.

Con v ersation with a rob ot: Not classic rob ots,

but virtual p ersons in cyb erspace. These virtual

p ersons must b e able to talk and listen to the

human user. ASR will b e vital for clerks to talk

with users in \cyb ershops".

Lo w cost and downsizing were new views several years

ago, but they sound quite reasonable now due to b o osts

in p ersonal computers sp eed.

3. ACOUSTIC AND TRANSMISSION

ISSUES

Acoustic issues in ASR include robustness against v ari-

ability of transmission characteristics and of the char-

acteristics of telephone microphones including those

used in mobile telephones.

3.1. Multi-microphone, Ro om Acoustics

F or hands-free and p osition-free ASR, ASR should b e

combined with acoustic signal pro cessing. It may b e

p ossible to obtain even b etter sp eech recognition abil-

ity than humans hav e in a reverb erant ro om using an

array microphone. There are big p ossibilities of gain-

ing signi�cant improv emen ts by combining techniques

other than sp eech recognition techniques.

3.2. Accurate V oice/Noise Discrimination

It is often p ointed out that sp eech detection errors

cause serious degradation of ov erall ASR p erformance.

In some applications, such as the electronic secretary ,

voice/noise discrimination for accurately capturing sp eech

input is particularly imp ortant. Sp eech detectors should

b e accurate and computationally inexp ensive so that

they can b e run continuously until the computation-

ally intensiv e ASR is activ ated.

3.3. T elecomm unication Issues

In a discussion with R. Rose of A

T&T, he p ointed out

the following telecommunications issues:

Customer Premises Equipment: How will the evolu-

tion of V oice/Data telephone terminal equipment

along with computer/telephony integration a�ect

ASR?

Globalization: T elecomm unications services and tech-

nology suppliers are expanding internationally

. What

are the issues asso ciated with providing service of-

ferings to a multi-lingual, multi-cultural customer

base? What are the issues asso ciated with sup-

p orting a v ariet y of networks all with di�erent

transmission characteristics?

Netw ork Architecture: Dep ending on the netw ork ar-

chitecture, a sp eech recognizer might b e placed

in di�erent parts of the netw ork or its functional-

ity may b e distributed. W e may p erform feature

analysis in a handset and transmit features. What

are the p ossibilities, and what new problems arise

as a result?

T ransducers and T ransmission Channels: Will the v ari-

ability of channels and transducers decrease as a result of an increase in digital transmission lines,

or will it increase as a result of a larger num b er of

service providers?

As for the third problem, mobile telephones actually

con tain sp eech analysis as a part of digital co ding of

sp eech. W e can think of a conversion algorithm from

co ded sp eech into sp eech recognition feature parame-

ters.

4. SPEAKER AND ENVIRONMENT AL

ISSUES

Robustness against sp eaker and environmen tal di�er-

ences b etw een the mo del and the target sp eech has

b een one of most concerned problems in ASR research.

Sp eaker, environmen tal noise, and channel adaptation

is recently inv estigated actively

. In sp eaker-indep endent

ASR, the out-lier problem is one of most imp ortant is-

sues and it is still true that \there is no data like more

data" for training acoustic mo dels.

4.1. Children’s and Seniors’ V oice

The p erformance of ASR with young children’s sp eech

is often discouraging. One reason is that it is gener-

ally di�cult to collect a su�cient amount of training

data from young children b ecause they can not read

utterance texts nor maintain a stable sp eaking style

throughout the data collection session. This contra-

dicts the exp ectation that ASR is supp osed to b e par-

ticularly useful to p eople who can not read and write

texts. This p erformance degradation is also seen with

senior citizens, another group to whom ASR is sup-

p osed to b e useful.

4.2. Instantaneous Adaptation to Environmen-

tal Noise

In telecommunications applications, every time ASR is

used, it could b e by a di�erent sp eaker in a di�erent

en vironmental noise. Even go o d acoustic mo dels for

sp eaker-indep endent ASR may not provide acceptable

p erformance with di�erent background noise. Existing

tec hniques for adaptation of acoustic mo dels to envi-

ronmen tal noise (e.g., NOV

O or PMC) are often com-

putationally to o exp ensive to execute the algorithm

ev ery time an utterance is entered. W e need a nov el

algorithm that lets the acoustic mo dels adapt instan-

taneously as to make them ready to recognize the input

sp eech well b efore the recognition phase.

One p ossible algorithm for this purp ose is based

on the Jacobian adaptation (JA) of acoustic mo dels

[3] which requires small amount noise observ ation and computational cost for go o d p erformance. In noisy

sp eech recognition at 10 dB SNR, JA exp erimentally

gav e even b etter p erformance with a 0.2-second noise

observ ation than NOV

O (or, equiv alently

, PMC) with

a 60-second noise observ ation, while having only 1/34

computational complexity .

In contrast to the existing idea of comp osition of

clean sp eech HMMs and noise HMMs (e.g., PMC or

NOV O), the JA approach is based on an idea of \adap-

tation of HMMs with noise A to HMMs with noise B ".

The comp osite cepstrum of sp eech and noise is a non-

linear function of the sp eech cepstrum, C

S

, and the

noise cepstrum, C

N

, such that

C

S + N

= F

�1

log (exp(F C

S

) + exp(F C

N

))) (1)

where F is the F ourier transform op erator. When C

N

slightly changes to

~

C

N

, the comp osite cepstrum also

slightly changes from C

S + N to

~

C

S + N and these small

changes are related by a linear approximation using a

Jacobian matrix:

~

C

S + N

= C

S + N

+

@ C

S + N

@ C

N

(

~

C

N

� C

N

) (2)

where the Jacobian is obtained by

@ C

S + N

@ C

N

= F

�

N

S + N

F (3)

from Eq. (1) where S and N represents the sp eech and

noise sp ectra. The Jacobian matrices are calculated b e-

forehand in the training phase, a likely noise cepstrum

b eing assumed. In recognition, the small di�erence b e-

tw een the assumed and actual noises is detected and

used to comp ensate the mo del parameters using Eq.

(2).

If the environmental noise is observed for a short

time (e.g., 0.2 sec at the pause in the guidance) af-

ter the telephone is connected to the user, the acous-

tic mo dels are promptly adapted to the environmen tal

noise and b ecome ready to recognize the input sp eech.

Adaptation of cepstral mean vectors is most e�ective

while delta-cepstral means and v ariances can also b e

adapted [3]. In the case of barge-in, how ev er, the noise

observ ation timing is not a simple problem.

4.3. HMM T raining with Lo calized Data

When a dialog is sp oken b etw een the user and the

system, the system will obtain a certain amount of

user’s sp eech. It is desirable to utilize this to improv e

the recognition accuracy using the sp eaker adaptation

technique. How ever, the training data are often to o

lo calized, i.e., they cov er only a small v ariet y of the

vocabulary and do not balance well for training the acoustic mo del. One issue here is HMM training with

v ery lo calized training data. This issue will b ecome

more imp ortant when the ASR function is equipp ed in

more p ersonal computers as a common input mo dality .

4.4. Sp eaker Consistency

There is no sp eaker-indep endent sp eech signal; all sp eech

signals are sp eaker-dependent. In most ASR systems,

this fact is entirely neglected and \sp eaker-indep endent"

acoustic mo dels are used.

The sp eaker is consistent throughout an utterance.

A sp eaker change half wa y through the utterance of

a sentence is quite unlikely

. This fact should receive

more attention. One simple application of this princi-

ple is the gender-dep endent mo del where the sp eaker’s

iden tity is only male or female. Only few studies hav e

b een done on the sp eaker consistency principle. One

has inv estigated \sp eaker-consisten t parsing", where

the phoneme sequence and the sp eaker class are simul-

taneously parsed to �nd the b est hyp othesis [4].

5. UTTERANCE ISSUES

Utterances are often made in di�erent wa ys from those

exp ected or assumed in the design stage, e.g., some-

times to o casually and sometimes to o nervously

. Ro-

bustness against di�erent ways of utterances is imp or-

tan t. Out-of-vocabulary words, extraneous words, barge-

in, the Lombard e�ect and other phenomena related

to sp ontaneous sp eech hav e b een actively explored re-

cen tly .

5.1. Breath Noise, Handling Noise, etc.

ASR errors are often found in degraded utterances with

breath noises. The errors are caused by turbulent air

o w onto microphones and telephone set. The sp eech

signal is partly masked by a loud noise, other parts

b eing normal. This situation lo oks like it requires a

new search technique that skips the degraded parts and

traces the reliable matching path.

Another problem is noise made by friction b etw een

the user’s hand and the telephone handset. This is

a practical problem like co ded sp eech in mobile tele-

phones. It is not clear at present whether we can de-

riv e a sp eci�c technique for the recognition of digitally

co ded sp eech.

5.2. Utterance V eri�cation or Accurate Rejec-

tion of Erroneous Utterances in the Flexible V o-

cabulary F ramew ork

Rejection of extraneous utterances (e.g., eh, ah, well,

hmm, laughing, coughs, sighs, ...) and out-of-vo cabu-

lary words is sometimes even more imp ortant than the

high ASR accuracy within the vo cabulary for a reli-

able and smart dialog b etw een the user and the system.

This problem inv olves veri�cation that the recognition

result is reliable and veri�cation that the utterance is

really within the vo cabulary

, or in other words, the de-

tection of recognition errors (con�dence measure), and

the detection of out-of-vo cabulary utterances. If these

detections can b e done with a very high accuracy

, even

isolated-word ASR will gain a wide range of applica-

tions through a reliable dialog.

This issue has often b een discussed in past research

pap ers on utterance veri�cation and rejection. How-

ever, the task is often �xed and acoustic mo del train-

ing is done to enhance the utterance veri�cation p ow er

within a closed domain.

F or wider application capabilities, it is absolutely

necessary that the system has b oth exible vo cabulary

capability and accurate utterance veri�cation ability .

How ev er, this is not a simple problem. The phone-

based ASR approach is essential for exible vo cabu-

lary

, but it is not easy to enhance the discrimination

p ower b etw een the vo cabulary words and the out-of-

vocabulary words in terms of phone mo del training.

Once the active vo cabulary is changed, the vo cabulary-

dep endent discrimination p ow er is not necessarily ap-

plicable to the new vo cabulary

. This will b e one of

most imp ortant problems in the area of acoustic mo del

training.

With accurate utterance veri�cation, reliable ser-

vices are p ossible by combining ASR and human backup.

If the utterance veri�cation function detects an utter-

ance not recognized by ASR, it is supp orted by the

human op erator.

6. DIALOG ISSUES

ASR robustness for information entry is another imp or-

tant asp ect. Dialog control includes a num b er of inter-

esting unsolved problems. W e discuss a few of them

here.

6.1. Adaptive Dialog Strategy

In dialog b etw een the user and system, the user b e-

comes skillful in handling the ASR function. When

we sp eak to another p erson, we estimate the listener’s

background knowledge and exp eriances and adjust our sp eaking style, sp eed, and proso dy (e.g., in dialog b e-

t ween a customer and the customer service center).

The dialog system also should hav e the ability to adap-

tiv ely change its dialog strategy dep ending on the user’s

skill and exp eriance. When the system can estimate the

user’s skill and exp eriances, it can skip lengthy guid-

ance pro cedures and can encourage the user to utilize

the barge-in function. How to estimate the user’s skill

and exp eriances through dialog is a new challenge.

Barge-in timing is another related problem. If the

system allows barge-in, the timing of switching from

training the echo cancellor to accepting the barge-in

utterances is an imp ortant factor in dialog design.

6.2. Distransparency

One problem is the big gap b etween ASR errors and

h uman-felt distances. The ASR system sometimes gives

a recognition result that lo oks very strange and very

unlik e what the user exp ected as the output. This is

often due to breath noise and other causes which the

user is unconscious of. This sometimes confuses the

user. Since ASR aims at a go o d human interface, ASR

errors should also b e human-lik e { at least, they should

b e reasonable to the user.

Among the p ossible hindrances discussed in 1994,

one convincing explanation is \distransparency". Even

if users work very co-op eratively with the ASR system

and are very motiv ated to av oid the recognition errors

and ready to change their utterance styles, they do not

kno w how they can help the system.

All successful systems are transparent at certain

lev el, namely

, users can form mental mo dels (what they

should do to get what they wan t). Users can think of

w ays to improv e system utility (throughput), control-

ling themselves according to their \mental mo del". In-

telligen t systems that are not really intelligen t, such as

ASR, present a serious problem. It is generally di�-

cult to mo del from the users’ p oint of view what the

relationship is b etween the input and the output.

When an ASR error o ccurs, users often try to im-

pro ve their utterances by sp eaking more clearly and

loudly

. When the same error, or a di�cult error o c-

curs, they sp eak even more clearly and more loudly;

to o clear and to o loud for correct recognition, which

results in a hop eless vicious circle. An imp ortant ques-

tion is how we will b e able to make sp eech recognition

systems transparent to users.

6.3. Sp eech-to-T ext Conv ersion

P otential ASR users often hav e the illusion that ASR

b e able to conv ert whatever the user sp eaks into text

b ecause this is fairly true for human listeners. The common wa y of ASR usage, where the vo cabulary and

the grammar are given b eforehand, narrows the imag-

ination of users’ application p ossibilities.

Just like text-to-sp eech technology

, sp eech-to-text

technology without de�ning the vo cabulary and gram-

mar is one of most aw aited technologies, whatever its

implementation may b e. W e do not know how such

a system can b e realized. A simple phonetic deco der

can pro duce a transcription of input sp eech, but with

a num b er of errors.

6.4. Sp ell-Out Metho d for Japanese Kanji T exts

One problem with the Japanese language is that Kanji

(Chinese-origin) characters are essential for describing

and exchanging ideas. The rich phonetic v ariet y of Chi-

nese has degenerated into the numerous homonyms of

Japanese Kanji characters ov er time. The same thing

is happ ening in this century for English words. English

pronunciations are incorp orated into the Japanese pho-

netic system and b ecome numerous homonyms (e.g.,

vote, b o at, b ort and b ought are equally pronounced).

But, the problem with Kanji characters is muc h more

serious. There is no alphab etical lab els for Kanji char-

acters, nor are their common phonetic co des as in the

English system: a lpha, b r avo, C harlie, d elta, e cho, f ox-

tr ot, g olf, h otel. Therefore it is not trivial for Japanese

to transfer Kanji sp ellings to others in the sp oken lan-

guage. Describing Kanji sp elling in sp oken language is

very awkw ard

1

.

As Japanese language has no wa y of sp elling out

Kanji words, p eople try to describ e the Kanji sp elling

using the common knowledge b etw een the tw o parties.

Therefore, a very intelligen t automatic dialogue system

for accepting Kanji sp elling from the user is aw aited.

If one could b e created, even though it might run very

slowly

, it would b e a very robust communications chan-

nel that would allow us to tell the machine the Kanji

text.

In applications of sp eech synthesis, \describing Kanji

characters in voice" is b eing actively explored for re-

mote access to Kanji-based data and the vision-impaired.

1

F or example, a relatively rare Japanese p ersonal name

Sagayama is sp elled as \�" in Kanji. It is often describ ed as

follows: the �rst character \�" /sa/ consists of \�" /yama/ for

\mountain" at the lefthand side and \�" /sa/ for \di�erence"

at the righthand side; the second character \�" /ga/ consists of

\�" /yama/ for \mountain" and \�" /ware/ for \myself "; the

last character is \�" /yama/ for \mountain" alone. Alternative

p ossible descriptions are: the �rst 2-character part \�" /saga/

is sp elled same as the name of a p opular touristic place in Ky-

oto; or \�" /saga/ is identical to the name of a past Japanese

emp eror almost 1200 years ago.

7. PC-BASED SYSTEM ISSUES

7.1. Electronic Secretary Metaphor

In future telecommunications, p ersonal computers will

pla y the crucial role as the agent mediating b etw een

the user and the telecommunications netw ork. Con-

cerning PC-based ASR applications, one of largest mar-

k et exists in the computer-telephony integration (CTI).

\CTI" has multiple meanings. One of the multiple as-

p ects of CTI is that computers and telecommunications

will b e combined more tightly where ASR will b e found

useful as a user-friendly human interface.

As for the question: how will the the evolution of

v oice/data telephone terminal equipment along with

the computer/telephony integration a�ect ASR, one

answ er is an electronic secretary metaphor. As a re-

sult of the integration of high-sp eed PCs and telephony ,

ASR will b e one of the basic functions of p ersonal

systems. When numerous application softw ares are

com bined with the ASR function, we need a simple

metaphor that provides a uni�ed idea of a user-friendly

in terface b etween the user and PC. The electronic sec-

retary as a sp eech I/O agent for the computer-telephony

system human-mac hine interface is based on such an

idea.

With an animated image of a secretary

, it accepts

the user’s requests such as \Call Aik a w a-san", \Do I

ha ve E-mail messages?", \What is to day’s schedule?",

etc, through a smart dialog. At the �rst stage, ASR will

b e used as an alternative to mouse and clicked menus.

F or example, the complicated mouse clicks in a the hier-

arc hical menu and scrolling numerous menu items will

b e replaced by a simple \click by voice". This will b e

one of the secretary functions. The electronic secretary

is a conv enient platform on which future functions will

b e implemented just as human secretaries keep acquir-

ing new skills of o�ce works.

7.2. Cyb er So ciety

In the near future, the so-called \cyb er so ciety" will

b ecome p opular. In a cyb er-shopping mall, the user

can go around the mall and enjoy shopping while talk-

ing with shop clerks. That means a cyb er-clerk should

ha ve an animated human image as well as the ability

to talk with customers using ASR. This issue inv olv es

not only contin uous sp eech recognition but also sp on-

taneous sp eech phenomena, conv ersational dialog con-

trol, sp eech synthesis with a wide range of sp eaking

st yles and proso dy control, and intelligen t natural lan-

guage pro cessing. Intelligen t rob ots in cyb er space may

b e the largest market for ASR in the future.

8. CONCLUSION

W e discussed some relatively new issues related to ASR

for telecommunications applications. Some of them will

b e imp ortant in the future of ASR.

W e would like to express sp ecial thanks to Rick

Rose, A

T&T Labs, for discussing telecommunication

issues, and Mikio Kitai, NTT Human Interface Labs,

for discussing dialog issues in ASR.

9. REFERENCES

[1] Shigeki Sagayama: \Why Is Sp eech Recognition

Not Widely Used ? How Can It b e Used More Of-

ten ?," IPS T ec hnical Rep ort, V ol. 94, No. 40, pp.

23-30, 1994. (in Japanese)

[2] Shigeki Sagay ama: \Discussion tow ard the Practi-

cal Use of Sp eech Recognition T ec hnology

," V ol. 36,

No. 11, pp. 1047{1053, Nov 1995. (in Japanese)

[3] Shigeki Sagay ama, Y oshik azu Y amaguc hi, Satoshi

T ak ahashi, and Jun-ichi T ak ahashi: \Jacobian

Approach to F ast Acoustic Mo del Adaptation,"

to app ear in Pro c. IEEE International Confer-

ence of Acoust., Sp eech, and Signal Pro cessing

(ICASSP97) (Munich), Apr 1997.

[4] Kouichi Y amaguc hi, Harald Singer, Shoichi Matsu-

naga, Shigeki Sagay ama: \Sp eaker-consisten t Pars-

ing for Sp eaker-indep endent Contin uous Sp eech

Recognition," T rans. IEICE Inf. & Syst., V ol. E78-

D, No. 6, June 1995.