ABSTRACT

A new unified messaging system which
integrates voice messages, fax and e-mail in a
common mailbox has been developed. The
combination of speech and linguistic engineering
advances allows a natural oral man-machine
interaction withthe user whenaccessing the messages
by phone. Advanced features are supplied such as
texts summarization, messages classification and
notification through the phone of new messages
received. :

1. INTRODUCTION

Nowadays, the use of e-mail, voice mail and
fax has become indispensable in any working
environment. In all cases, a dependency exists
between each message type and its associated
electronic device. The user mustuse acomputer to
access the e-mail, a phone to listen the voice mail
and a fax machine to manage the faxes.

We present Petra*, which solves this
dependency, providing acommon mailbox and two
access methods easily available, webmail and
telephone.

The whole work included three work lines:

1. Integration of phone, internet and fax
services.

2. Development of an advanced dialogue
system whichbrings the userafriendlieraccess than
the provided by a system working only with the
DTMFtones.

*The project has been funded by the Spanish Government
(CICYT TIC-2000-0335) and is related to the European
project Majordome (E!-2340).
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3.Intelligentinformation management for text
classificationand summarization.

The convergence of speech processing and
natural language processing technologiesisacrucial
factorin the development of such a system, which
requires the concourse of awiderange of knowledge
andexperiencein linguisticengineering.

The paperis organized as follows. Firstly we
present the main aspects of the unified messaging
platform developed. In section 3, the phone access
system to the messages is discussed. Evaluation
results are showedinsection4. We finish with some
conclusions.

2. THE UNIFIED MESSAGING SYSTEM
PETRA

The new system presented gives the usertwo
alternatives to access his messages: awebmail and
a telephone. Features such as mail filtering and
classification, notifications of new mailreceived, a
dialogue drivenby anatural manlanguage orthe text
summarization,added to the usual functionality of a
mail agent, convert Petrain an advanced unified
messaging system.

The architecture of the demonstrator platform
installed atourlabis shownonfigure 1. This demo
system is accessible by registered users from the
public telephone network and from Internet. The -
external mail accounts from the users can be also
accessed from Petraand are treated as extra folders.

The filtering module includes an automatic

classifier that, for demo purposes, has been trained
witha Spam messages corpus todetect this class of
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filter's rules, are received by the users via a short
message in the cellphone or viaa phone call.

3. PHONE ACCESS SYSTEM

The phone access systemis based on six main
modules as seenin figure 2. A CTIboard from Intel
Dialogicisused ascommunicationinterface. Verbio
(Verbio.2004) libraries provide speechrecognition
and text-to-speech functionality. A speaker
verification parthas been developed and integrated
for security authentication purposes and a new
dialogue manager was built. Finally, extern data
modules are needed, mainly mail servers and user
database.
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Figure 2: Phone access modules
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Thismodule offers the useraneasy andefficient
way to listen and send messages using a natural
dialogue with the system. The design and
implementation of the new dialogue manager is
based on the one used in Attemps (Padrell and
Hernando.,2002), a previous project giving real-
time meteorological information by phone.

Recognition of userutterancesisbasedon ABNF
grammars. Ineach stage of the dialogue, the group
of active grammars define the user’s possible
answers. Some grammars, which contain user
specific data, as his folders or contact addresses,
are dynamically generated after the authentication
process. Some commands are enabled all the time
to offer help, add recognition error correction or to
give access to the main menu.

An experienced user is able to interrupt the
system to answer a question before it is finished,
completing tasks inaminor time (although barge-in
can degrade recognition performance in noisy
environments).

The confidence level of an user utterance
returned by therecognizeris used todecide between
two confirmation policies. Forlevels higherthana
threshold, lastansweris confirmedimplicitly, asking
also fornextdata. Iflower, orin critical situations,
asinamessage deletion, an explicitconfirmation
policyisused.



Oralresponse generationis based on sentence
selection from patterns, which are combined and
completed with particular session information to
give the desired meaning to the sentence. In
confirming the answers, the system creates sentences
with the same form as the user when referring to
dates ornumbers (forexample, "the 13th of May"
or "next Thursday"), avoiding confusing the useras
m

U send the message next Thursday?
S: Do you want to send the message on
May 15th?

For most common responses, the dialogue
manager answers with one of multiple equivalent
sentences, selected randomly each time is required,
increasing this way the sensationof anatural dialogue.

Besides the help provided when anuser asks
for it, the system follows an automatic helping
strategy. Inafirst turn, the manager faces the user
with a short and open sentence. If the user answer
is wrong, the system asks forasecond time with a
more explicitquestion, showing the possibilities
and, in further turns, giving the exact words to say or
the key tones thatuser can press instead of his voice.

3.2 User authentication

In order to ensure confidentiality of the
information, the userneedstosigninusing aspeaker
verification system. The system we presentcan be
trained and configured by the user independently.

Upon dialing the system phone number and
receiving the greeting, the useris prompted to say
the user login and the password. If the speaker
verification systemis activated, the user'sidentity is
verified and entrance to the main menu granted or
rejected.

Asweseeinfigure 3, theuserneeds toprovide
avalidlogin and password. Which are firstassessed
usingdigitsrecognitionand, if the speaker verification
systemis enabled, independentlikelihood values
arereturned.
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Figure 3: Speaker authentication system diagram.

Such likelihoods are compared with the
speaker threshold values and the speakeris granted
entrance only ifboth are positive.

The speaker verification system is based on
Gaussian Mixture Models (GMM). Bothloginand
password consist of 4 digits. Two different
approaches can be used when training the GMM
and decoding: a) In independent digits mode the
models for digits (0-9) are independently trained.
Decoding is done using the corresponding models
only. b) Insentence mode bothlogin and password
are treated as awhole sentence, amodel foreachis
trained.

The user can train and modify his personal
verification models through a voice menu accessible
from the main menu. Before using the speaker
verification capability he willhave to select thekind
of verification to use and train the models. Once the
systemis working he can change some of the system
variables by voice though the same menu.

3.3. Message adaptation to speech synthesizer

For multimodal e-mail messages received,
only text and audio parts are selected to be
reproduced. The system, will inform about the
existence of other parts, as images or binary
documents.

The appropriate speech synthesizerisactivated
detecting each paragraph language following an
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stochastic method. A count of words in Spanish,
Catalan and Englishisdone, selecting the language
thathas more words. The efficiency of the method
increases with the number of words.

Inorderto synthesize correctly the text, some
structures as dates, electronic addresses,
abbreviations andinitials are rewritten. Any format
of dateis writtenin anextended version. Electronic
addresses are spelled and for abbreviations and
initialsanequivalenceis searched inadictionary of
exceptions.

3.4 E-mail summarization

Petragives,uponrequest,amessage summary
provided by Carpanta [reference] module. The
goalis tocreate summaries thatare indicative of the
number of topics discussed, in contrast with
informative summaries, which try tosynthesize most
of the relevantinformation. Carpanta does not build
new texts, but selects mostrepresentative sentences
in the text. Its modular architecture permits to
difference between language-independent modules,
which are the core of the system, and language-
dependentmodules, which guarantees the portability
tootherlanguages different from Spanish.

4. EVALUATION

To evaluate the phone access system, the
participation of 30 people was requested. Three
calls were required for each participant. The first
one,common for all people, offered a first contact
with the application and its use. For second and
third calls, different simulated scenarios were
prepared, each one with a goal to be achieved
during the call.

Results were obtained from the analysis of 72
registered calls. We took the following measures: 1)
Understanding rate, the system understood the user
commandand acted properly. 2) Wronguserentry,
tries toidentify dialogue turns where the users had
somedifficulties. 3) Recognition failure, the system
wasnot capable tounderstand the user, although his
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command wasright. Itcould be due toa vocabulary
lack ordue to anoisy environment.

Measures (%) wlo barge-in ' w barge-in’
Understanding rate [ 76.6 71.1
Wrong user entry | 29 i

Recognition failure | 204 | 212

Table 1: - Evaluation results

Toseethe effects of barge-in whenit's used,
those turns were measured separately. Table 1
shows these results.

Barge-indid not show a clear degradation of
the recognition rates. This is probably due to the
users being more confident in their answers when
they interrupt the system prompt. We arrived to
such conclusion by listening to the recorded calls.

Finally, users were asked for fill on a website
asurvey measuring user satisfaction. Table 2 shows
the results, where punctuation goes from 1 (worst)

to 5 (best).

Table 2: - User satisfaction results

Statements Mark
I understood what the system said 423
The system understood me 3,33

I knew what I could say to the system 3,50
The system helped me when I needed 4,23
The system behaviors as I could expect | 3,61
The dialogue is natural 3,39
The system voice results friendly 2,72
The goal of call 2 was easy to achieve 3,72
The goal of call 3 was easy to achieve 3,06

5. CONCLUSION

Wehave presented the new unified messaging
systemdevelopedusingrecentadvancesinlinguistic
engineering. E-mail, voice mail and fax messages
canbeaccessed from acommon mailbox. The main
features of the system have been explained-and
phone access to the system has been discussed in
more detail. The modular design used for
implementing the dialogue system will permit to



reuse the new tools developed in different domain
applications, gettingaminor time of implementation.

The phone access behavior and usability has
beenevaluated, getting satisfactory results. Useful
conclusions were extracted from the campaign wich
will permit the improvement of those stages of
dialogue where the users had difficulties.

A computer with internet connection and a
telephone withhands-free capabilities willbe needed
for make the presentation in the meeting.
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