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PREDGOVOR MULTIKONFERENCI
INFORMACIJSKA DRUZBA 2006

V svojem devetem letu ostaja multikonferenca Informacijska druzba 2006 (http://is.ijs.si) ena vodilnih
srednjeevropskih konferenc, ki zdruZuje znanstvenike z razli¢nih raziskovalnih podrocij povezanih z
informacijsko druzbo. V letu 2006 smo v multikonferenco povezali osem neodvisnih konferenc.
Informacijska druzba postaja vedno bolj zapleten socialni, ekonomski in tehnoloski sistem, ki je pritegnil
pozornost vrste specializiranih konferenc v Sloveniji in Evropi. NaSa multikonferenca izstopa po Sirini in
obsegu tem, ki jih obravnava.

Rdeca nit multikonference ostaja sinergija interdisciplinarnih pristopov, ki obravnavajo razli¢ne vidike
informacijske druzbe ter poglabljajo razumevanje informacijskih in komunikacijskih storitev v najSirSem
pomenu besede. Na multikonferenci predstavljamo, analiziramo in preverjamo nova odkritja in
pripravljamo teren za njihovo prakticno uporabo, saj je njen osnovni namen promocija raziskovalnih
dosezkov in spodbujanje njihovega prenosa v prakso na razlicnih podrogjih informacijske druzbe tako v
Sloveniji kot tujini.

Na multikonferenci, ki bo trajala Sest dni, bo na vzporednih konferencah predstavljenih preko 200
referatov, vkljucevala pa bo tudi okrogle mize in razprave. Referati so objavljeni v zbornikih
multikonference, izbrani prispevki pa bodo izsli tudi v dveh posebnih Stevilkah znanstvenih revij, od
katerih je ena Informatica, ki se ponaSa s 30-letno tradicijo odli¢ne znanstvene revijei. Multikonferenco
Informacijska druzba 2006 sestavljajo naslednje samostojne konference:

« BIOMA 2006 - Bioinspired Optimization Methods and their Applications
o Mejne kognitivne znanosti

o Kognitivne znanosti

e Sodelovanje in informacijska druzba

e Rudarjenje podatkov in podatkovna skladisca

e Vzgoja v informacijski druzbi

o Inteligentni sistemi

« Jezikovne tehnologije.

Soorganizatorji in podporniki konference so razli¢ne raziskovalne institucije in zdruZzenja, med njimi tudi
ACM Slovenija. Zahvaljujemo se tudi Ministrstvu za visoko Solstvo, znanost in tehnologijo za njihovo
sodelovanje in podporo. V imenu organizatorjev konference pa se Zelimo posebej zahvaliti udelezencem
za njihove dragocene prispevke in priloznost, da z nami delijo svoje izkudnje o informacijski druzbi.
Zahvaljujemo se tudi recenzentom za njihovo pomoc pri recenziranju.

V letu 2006 sta se programski in organizacijski odbor odlocila, da bosta podelila posebno priznanje
Slovencu ali Slovenki za izjemen prispevek k razvoju in promociji informacijske druzbe v nasem okolju.
Z vegino glasov je letodnje priznanje pripadlo prof. dr. Cenetu Bavcu. Cestitamo!

Viljan Mahni¢, predsednik programskega odbora
Matjaz Gams, predsednik organizacijskega odbora
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FOREWORD - INFORMATION SOCIETY 2006

In its 9" year, the Information Society Multiconference (http://is.ijs.si) continues as one of the leading
conferences in Central Europe gathering scientific community with a wide range of research interest in
information society. In 2006, we organized eight independent conferences forming the multiconference.
Information society displays a complex interplay of social, economic, and technological issues that attract
attention of many scientific events around Europe. The broad range of topics makes our event unique
among similar conferences.

The motto of the Multiconference is synergy of different interdisciplinary approaches dealing with the
challenges of information society. The major driving forces of the Multiconference are search and
demand for new knowledge related to information, communication, and computer services. We present,
analyze, and verify new discoveries in order to prepare the ground for their enrichment and development
in practice. The main objective of the Multiconference is presentation and promotion of research results,
to encourage their practical application in new ICT products and information services in Slovenia and
also broader region.

The Multiconference is running in parallel sessions for six days with over 200 presentations of scientific
papers. The papers are published in the conference proceedings, and in two special journal issues. One of
them is Informatica with its 30 years of tradition in excellent research publications.

The Information Society 2006 Multi-Conference consists of the following conferences:

« BIOMA 2006 - Bioinspired Optimization Methods and their Applications

o Borderline Cognitive Sciences

o Cognitive Sciences

e Collaboration and Information Society
« Data Mining and Data Warehouses

e Education in Information Society

e Intelligent Systems

e Language Technologies.

The Conference is co-organized and supported by several major research institutions and societies,
among them ACM Slovenia, i.e. the Slovenian chapter of ACM. We would like to express our
appreciation to the Slovenian Government for cooperation and support, in particular through the Ministry
of Higher Education, Science and Technology.

At the end we would like to bring your attention to a special event. In 2006, the Programme and
Organizing Committees decided to award one Slovenian for his/her outstanding contribution to
development and promotion of information society in our country. With the majority of votes, this honor
went to Prof. Dr. Cene Bavec. Congratulations!

On behalf of the conference organizers we would like to thank all participants for their valuable
contribution and their interest in this event, and particularly the reviewers for their thorough reviews.

Viljan Mahni¢, President of the Programme Committee
Matjaz Gams, President of the Organizing Committee
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Predgovor

V pri¢ujocem zborniku so objavljeni prispevki s Pete slovenske in prve mednarodne konference
Jezikovne tehnologije”, ki je potekala 9. in 10. oktobra 2006 v Ljubljani, v okviru meta-
konference Informacijska druzba, 1S'2006. Konferenca je bila namenjena ¢lanom Slovenskega
drustva za jezikovne tehnologije (SDJT) in drugim, ki jih to podro¢je zanima, kot forum, kjer
lahko predstavijo svoje delo v preteklih dveh letih, kolikor je minilo od zadnje slovenske
konference o jezikovnih tehnologijah.

To srecanje je bilo peto v vrsti slovenskih konferenc o jezikovnih tehnologijah, letos pa prvi¢
organizirano kot mednarodna konferenca z mednarodnim programskim odborom.

Zbornik vsebuje 52 prispevkov, ki obravnavajo Siroko paleto raziskav in aplikacij. Prispevki so
priblizno enakovredno razdeljeni med tiste, ki obravnavajo govorne tehnologije, in take, ki se
ukvarjajo z besedilom. Prispevki so po obravnavani tematiki izrazito raznovrstni, je pa ponovno,
glede na prve konference, opazen premik k opisu vecjezikovnih virov, projektov in aplikacij.

Organizatorji bi se radi zahvalili vsem, ki so prispevali k uspehu konference: vabljenim
predavateljem, avtorjem prispevkov, programskemu odboru za recenzentsko delo ter
organizatorjem 1S'2006.

Tomaz Erjavec, Jerneja Zganec Gros
Ljubljana, oktober 2006.



Preface

These proceedings contain the contributions to the conference Fifth Slovenian and First
International Language Technologies, which took place on October 9th and 10th, 2006, in
Ljubljana, in the scope of the Information Society Multiconference, 1S'2006. The conference was
meant as a forum for members of the Slovenian Language Technology Society and others
interested in the field, where they could present their work in the last two

years, which have passed since the previous Slovenian conference on Language Technologies.

The event was the fifth in the series of Slovenian Language Technologies Conferences, now for
the first time organised as an international conference, with an international programme
committee.

These proceedings contain 52 contributions, which present a wide variety of research and
application topics. The contributions are about equally divided into those that address speech
technologies and those that deal with text. The papers are quite diverse as regards their subject
matter but, in comparison to the previous Slovenian LT conferences, we can note a further shift
to multilingual applications.

The organisers would like to thank the many people who contributed to the success of the
conference: the invited speakers and the authors of

contributions, the programme committee of the conference and the organising committee of IS
2006.

Tomaz Erjavec, Jerneja Zganec Gros
Ljubljana, October 2006.
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Abstract
The problem we want to address is that - even if the complexity of a language is independent of the number of speakers - industrial
developers of language and speech technology (and, unfortunately, hence the EU R&D programmes) focus their efforts on the major
languages, because of their economic potential. This is something we cannot change, but in our talk we will discuss what the smaller
language communities can do to create optimal conditions for the development of their own language and speech technologies..

Krepitev manjsih evropskih jezikov

Ceprav je kompleksnost jezika neodvisna od Stevila govorcev, industrijski razvijalci jezikovnih in govornih tehnologij zaradi

ekonomskega potenciala osredoto¢ajo svoja prizadevanja na velikih jezike,

kar na Zalost posledi¢no velja tudi za raziskovalno-

razvojne programe EU. Tega ne moremo spemeniti, vendar bomo v prispevku preucili, kaj lahko govorci manjsih jeziki storijo, da
vzpostavijo optimalne pogoje za razvoj lastnih jezikovnih in govornih tehnologij.

1. Introduction

This paper is based on earlier presentations given at
the Baltic HLT Conference in Tallinn in April 2005 and at
the SALTMIL Workshop at LREC in Genoa in May 2006.
The purpose of the paper is not to present new research
results, but rather to draw attention to the fate of the
smaller languages in Europe and to discuss what we can
do to improve the conditions for the smaller languages. In
this paper | will use the term smaller languages to refer to
languages with limited technological support. There have
recently been many discussions on various mailing lists
about the most appropriate and politically correct term for
this', but in the absence of a satisfactory solution Ill stick
to smaller for the time being.

2. Roles of Language

Our language is our most important instrument for
communication with others. Where in the past the circle of
others would normally remain limited to people living in
our direct environment (neighbourhood, city, country) the
creation and expansion of the EU have made us all
member of a much larger community, where more than 60
languages are being used for communication between
citizens, 20 of which have the status of official languages.
Contrary to the situation in the past we all have to face the
fact that most of our fellow EU citizens do not speak or
understand our language. This affects a number of aspects
of our daily and professional life, and we should ask
ourselves to what extent this may cause problems or
disadvantages for some of us, and — more importantly —
how language and speech technology could help to
overcome the problems.

Politically we see that more and more of our local
policies are determined by EU legislation coming from
Brussels. Although the decision procedures are democratic
and every member state gets its chances to participate in
the discussions leading to legislative measures and is
allowed to use its own language at all formal sessions one
may wonder whether everybody’s voice is heard equally

well during this process and the preparatory stages, where
informal discussions may be held in one of the major
working languages. At this moment language and speech
technology is used by the EU to support professional
translators and interpreters, and to provide quick and dirty
translations of internal documents between some
languages. In spite of these efforts there is no guarantee
that all EU legislators are playing on an equal playing
field as far as language is concerned.

Economically we can now observe that Europe has
become our home market, and the world at large our
foreign market. In order to be able to sell products and
services both on our home and our foreign market we will
always have to cross language barriers. In many countries
users of services expect to be addressed in their own
language, and very often national legislation requires user
manuals to be provided in the national language.

From a cultural point of view we have now become
part of the European culture. From an integration point of
view it is desirable that our cultural heritage is accessible
to our fellow EU citizens, and that they have access to
ours. Unfortunately much of this heritage is based on or
described in language, which constitutes a major obstacle
for mutual cultural exchanges. At the same time we
should realize that our language is not only an instrument
to convey information about our culture: language is an
inalienable part of our cultural identity, and needs to be
preserved and protected in the same way we protect
buildings, paintings and literature.

Our society and economy become more and more
information driven. Unfortunately most information is
encoded in language, which means that having electronic
access to information is a necessary but not a sufficient
condition for having full access to our information society.

Individuals from all member states have become
European citizens and can now move freely around in
Europe, but one can wonder what it means to be a
European citizen if one cannot communicate with most
fellow EU citizens. Taking away political frontiers is one
step, taking away the language barriers is a natural next
step.



3. Where does that leave us?

The ability to cross language barriers is essential for
the integration of Europe and for further economic
development of the EU as a whole. This is more pressing
for small language communities than for the larger ones.
One can easily live in an English, French or German
speaking region without ever realizing that there exist
people who speak a different language. All books are
translated, movies are dubbed, and if president Putin,
Chirac, Bush or the Pope open their mouth on television a
voice-over will take over from him within half a second,
unless he happens to speak the local language. If one is
living in a smaller language community one is constantly
confronted with other languages and with language
barriers that have to be crossed.

Traditionally we have three methods to help us to
cross language barriers: human translators for written
language, human interpreters for spoken language, and
(last but not least) learning a foreign language. The first
two methods are valid and effective in some situations,
but not always applicable in day-to-day communication.
The third method can be very helpful in certain situations,
but language learning (especially after school age)
requires a long-term investment, and there are limits to the
number of languages one can learn in a lifetime.

It is not obvious how this situation can ever be
improved without the help of technology. In this paper we
will discuss how technology can be used to overcome (or
at least) reduce the language barriers, and more
specifically how we can make sure that both bigger and
smaller languages can benefit from the new technologies.

4. The role of language and speech
technology

Over the years the EU has invested massively in the
development of language and speech technology, and
many dedicated R&D programmes have had a significant
impact on its advancement, including applications
oriented towards solving the multilinguality problem.
Even though the 6th Framework Programme, now running
towards its end, does not have specific language and
speech technology oriented action lines, many of the
present projects address language issues.

Unfortunately the strong industrial bias of recent EU
programmes has led to a situation where the major part of
the funding for language and speech technology goes to
the major languages. This is not surprising, as industrial
players will prefer to invest in the development and
deployment of technologies for larger markets. As a
consequence there has been only marginal support for the
development of language and speech technology for the
language communities that do not constitute profitable
markets. As the development cost of such technologies is
independent of the number of speakers of a language (“all
languages are equally difficult”) this has created a very
unbalanced situation.

5. What can we do to improve the situation
at the EU political level?

At the EU political level it is important that the
speakers of smaller languages don’t accept that their
languages (and the speakers themselves) be marginalized
in Europe. It is well-known that the cost (both in time and
in money) of multilinguality for the EU is enormous (€

1123 million in 2005"), and that it will be hard to resist the
temptation to reduce the number of official working
languages to just a couple. One may be forced to resort to
such or similar pragmatic solutions, but representatives of
the smaller (or maybe rather commercially not attractive)
languages should under all circumstances try to avoid that
such pragmatic solutions put them in a disadvantaged
position in comparison with those who will be able to use
their native languages on all occasions.

It is mandatory to keep the multilinguality problem on
the EU agenda as a top priority, and a common
responsibility. In this context one should keep in mind that
the biggest potential enemy is the so-called subsidiarity
principle. There is nothing wrong with the principle as
such (“don’t treat anything at the EU level that could be
treated at the national level”), but in past discussions with
EU officials this same principle has been used to explain
why the EU could not possibly provide financial support
for the technological development of smaller languages,
as a language is primarily the responsibility of the national
government. This attitude does not only do injustice to the
fact that multilinguality is primarily a European problem
(as opposed to a collection of national problems), but it
also does not seem to be completely consistent with the
fact that effectively most of the EU funds for language
and speech technology are used to support a few major
languages (some of which are supported by strong
economies and would actually not need any EU support at
all).

One would hope that the coming 7th Framework
Programme will recognize the language dimension of
Europe, and will address support for language and speech
technology development explicitly, irrespective of the
economic potential of individual languages or EU world
leadership ambitions.

6. What can be done at the national level?

6.1. Human resources

As speakers of smaller languages we have to face the
facts: if we don’t take care of our languages no one will
do it — or Microsoft (provided they judge the potential
market interesting enough to make the investment).

In order to properly develop language and speech
technology for one’s own language (both from a
monolingual and from a multilingual point of view) a
number of preparations are necessary. First of all language
and speech technology have to find their way to higher
education curricula. Traditionally language technologists
tend to come from a linguistics background, whereas
speech technologists have an engineering background.
Very few of them have received an education directly
aimed at language or speech technology, and there is very
little integration between the two. Researchers in more
recently emerging areas (multimodality, interfaces,
knowledge engineering) have even to a larger extent been
obliged to educate themselves, as no standard curricula
exist for these fields. Reflection on future curricula seems
desirable; in order to be able to offer the next generation
of researchers and developers in these (interdisciplinary)
fields a better-tailored package of knowledge and skills. In
this context we would like to point to initiatives such as
the European Masters in Language and Speech
Programme", and the European Masters Program in



Language and Communication Technologies", both
aiming at defining (and continuously updating) a masters
curricula in language and speech technology. The EU
Tempus programme offers special mobility grants that can
be used to collaborate in the creation of new curricula”.

When building up local expertise with respect to the
national language it is important to keep in mind that even
if every language is unique, many problems may manifest
themselves in several (often related) languages, and may
have been solved there. Even if these solutions might not
be directly applicable to one’s own language, it is often
easier to port the solutions than to try to solve the problem
from scratch. In order for researchers to optimally benefit
from this it is very important that they get the opportunity
to attend international conferences, workshops or courses.
The organization of local (or regional) training courses is
a very useful instrument to introduce new technologies
that have been developed elsewnhere.

6.2. Language resources

Language resources (written and spoken corpora,
lexicons, parsers, annotation tools, etc) are essential for
the development of language technologies and for the
training of students. These resources, whatever their
nature, have all in common that they are expensive (in
time and money) to create. In order to maximally exploit
the resources that have been and will be created their re-
usability is a very important feature. Funders of the
creation of resources should take great care to ensure that
once these resources have been created for a specific
purpose (e.g. a project) they can be re-used by future
projects. This has different aspects:

(i) from an IPR point of view it should be ensured that
resources created through public funding can be re-used
by others without any legal constraints, at least for
research purposes;

(ii) technically these resources should be created in
conformity with existing standards or best practice, in
order to ensure optimal interoperability with other tools
and resources;

(iii) organisationally it should be ensured that a body is
identified that is responsible for the maintenance and
further distribution of these resources, in order to
guarantee that these precious materials do not get lost
when research teams are dissolved or new hard- and
software platforms emerge.

6.2.1. The BLARK

Given the emergence of statistical methods in all sub-
areas of language and speech technology there is virtually
no limit to the amount of resources researchers can use.
As the creation of such resources can be a significant
financial burden ELSNET, in cooperation with a number
of partners, including ELDA (Paris), CST (Copenhagen),
CNR-ILC (Pisa), is in the process of developing the
BLARK concept. BLARK stands for Basic Language
Resource Kit, and it aims at defining the minimal
collection of resources that is needed to do any research
and (precompetitive) development in language and speech
technology at all. In its final form it should comprise a list
of necessary components (specified both qualitatively and
quantitatively), and the standards (formal or de facto) to

be adhered to. We will also aim at including cost
estimations for the production of the various components,
based on experience. The BLARK concept was first
launched in the ELRA Newsletter published in May
1998"'. The definition allows for adaptations to specific
properties of languages.

The BLARK definition should be used as a common
reference point for language communities that want to
start their own language and speech technology activities,
and that need to make up a priority list of what is needed.
Once the definition is available teams can make an
inventory of what exists and what is missing.

Initial BLARK definitions have been provided for the
Dutch language, by researchers associated with the Dutch
Language Union. A first inventory and an identification of
priorities has led to a large language and speech
technology programme funded by the Dutch government
and the regional Flemish government in Belgium.

In the framework of the EU funded NEMLAR
project™ an initial BLARK definition has been prepared
for Arabic, and first steps have been made towards the
creation of a BLARK for Arabic. The current version of
the definition can be found on the same site. """

6.2.2. The BLARKette

One of the findings of the NEMLAR project with
respect to the BLARK was that even if a BLARK should
be seen as a modest entry point for the creation of
resources for a language it has a tendency to grow quickly,
as technology advances and discipline boundaries become
more and more vague. There is a certain risk that the
definition and creation of a full-blown BLARK may be
one or more steps too far for smaller, regional languages
in Europe, for which no or very little technological
support exists, and for which only modest national or
regional funding is made available.

In order to accommodate this problem we have
proposed the definition of a scaled down, entry-level
version of the BLARK, targeting exclusively the research
and (especially) the education community. It should be
light and compact, not too demanding in terms of hard and
software requirements, cheap, free from IPR issues, and
ideally small enough to fit on a CD or DVD. We expect to
release a first document, with tentative summary
specifications, towards the end of 2006. Check the
ELSNET site for news™.

7. What can be done internationally at the
EU level?

Many countries have a long and well-established
tradition of national language and speech technology
programmes. Within the framework of the creation of the
ERA the EU aims at better coordination between national
language and speech technology related programmes.
Language and speech technology would be an excellent
opportunity for such coordination, because it would
facilitate both porting of knowledge and expertise between
languages addressing cross-lingual issues.

The EU’s 7th Framework Programme will also offer
opportunities for language and speech technology oriented
research and development. There are indications that
language and speech technology, which were completely



out of focus in the 6th Framework Programme, will be
given a more prominent role, and it is hoped (but not
guaranteed) that the smaller (i.e. commercially less
significant) languages will receive more attention.

Another interesting development is the decision by the
EU to add Irish to the set of official EU languages, and to
give a similar status (although on a self-paying basis, and
on the basis of special agreements) to Galician, Catalan-
Valencian and Basque and other officially recognized
languages in member states.

8. What sort of language and speech
technology solutions are we looking for?

It is easy to say that we should resort to language and
speech technology in order to get our multilinguality
problems out of the way, but how realistic is this? In spite
of all the efforts made by the R&D community machine
translation (MT) is still not mature enough to be accepted
as a generally applicable solution. For the time being the
creation of high quality MT systems is still a wonderful
research topic, but nothing more than that.

Yet it has to be kept in mind that even state-of-the-art
MT can be useful. The obvious example is just finding out
what a mail message or a web page in a foreign language
is about. I am receiving hundreds of spam messages per
day, but sometimes |1 am really curious what it is that
people are trying to sell me from Russia, Korea or China,
and a free on-line MT system is good enough to get an
idea.

If you buy an MT system like Systran you can get it
almost for free, and the quality is moderate (to put it
mildly), but if you are prepared to spend a bit (or rather: a
lot) more it can be customized to your specific needs, and
the quality level improves dramatically. Like in the case
the cheap inkjet printers and the expensive cartridges
Systran’s real business is not the MT system but its
customization.

If your company has a professional translation
department the introduction of an MT system can easily
save you 30% on your translation costs. The raw
translation is not good enough for publication, but the
total process of making the raw translation and having it
edited by a professional translator can become a lot
cheaper and faster.

Unfortunately MT companies will normally not be
interested in the development of systems for language
pairs for which they don’t see a large potential market
which will guarantee them a significant return on their
investments.

For normal citizens MT is not really a useful option to
cross language barriers. In order to find good alternatives
we have to abandon the idea that one single solution
should solve the problem in all situations. Different
situations may require different types of solutions, just
like in traffic where you can solve the problem that you
happen to be in the wrong place by walking, using your
bike or car, taking the train or the plane, or just using the
phone.

Let me just give a few examples. Many mobile phones
or PDAs come with a small camera these days. Why can’t
I use this to point at the menu in a restaurant in Ljubljana,
have it OCR-ed, translated and displayed on the screen in
my own language? As a matter of fact | used this example
some ten years ago to illustrate my dreams of what future
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technology might bring us, and only very recently | read
that such a facility now exists for Japanese to English!

Why isn’t my PowerPoint presentation displayed on
two screens in parallel, one in English and one in
Slovenian (by way of — possibly imperfect — subtitles)?
Why doesn’t the manager of my hotel use a multilingual
authoring system to present his announcements in my own
language? Why can’t | use my mobile phone or PDA to
have the spoken word spinach translated in Slovenian and
displayed on the screen so that | can show the shopkeeper
that it is spinach | want?

The morale of this should be clear: even if we don’t
know how to do full MT yet there are lots of ways to deal
with the language problem in different contexts, especially
since many contexts offer opportunities to support
language communication with additional modalities
(combination of spoken and written language, gesturing,
facial expressions, video displays, etc).

Apart from that there seems to be a wealth of
opportunities in the development of computer assisted
learning of languages, not just in class-room settings, but
also for adults who want to learn new languages from
home, or when sitting in trains, planes or traffic jams.

9. Concluding remarks

I have tried to describe above why multilinguality is a
pressing problem, especially for the smaller language
communities in Europe. | have also indicated what one
could do to in order to keep the problem on the EU’s
political agenda, what one can do to strengthen one’s own
local language and speech technology, and what sort of
solutions present day language and speech technology can
offer. Personally | do not see an immediate danger that our
small languages will disappear in the first hundred years
or so, but in my view the real danger is that speakers of
smaller languages may find themselves more and more
marginalized, both economically and politically, if they
don’t make a serious effort to overcome the language
problem. From my own professional point of view the use
of language and speech technology is the most promising
direction, but at the same time | would like to make it
clear that | also sympathize with the EU’s efforts in their
language action plan to encourage people to learn at least
two other EU languages in addition to their native
language, and where language and speech technology can
become very important instruments to achieve this.

' See e.g. MT-list on http://www.mail-archive.com
/mt-list@eamt.org/

" See http://europa.eu/languages/en/document/59#8
" See http://www.cstr.ed.ac.uk/euromasters

" See http://lct-master.org/

¥ See http://ec.europa.eu/education/programmes
ftempus/index_en.html

*' Also published on http://www:.elsnet.org/blark.html
" http://www.nemlar.org

" http://www.nemlar.org/Publications/BLARK-final.pdf
™ See http://www.elsnet.org
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Abstract

This paper describes some recent work towards a conversational speech synthesis system for use in interactive dialogues between a human
and an information system, robot, or speech translation device. The paper describes several response-type utterances that are currently
very difficult to implement using traditional speech synthesis methods, and shows how these non-verbal speech sounds function to
provide feedback and status-updates in an interactive discourse. The talk will be illustrated with examples of such utterances, which
include laughter and grunts as well as common phrases and idiom, showing how their variety can reveal several types of information
about the speaker-(i.e., listener) states. The paper proposes a model of information exchange (through speech) whereby this feedback
from the listener allows the speaker to efficiently deliver content and to be assured of successful information transmission.

Sinteza govora in diskurzna informacija

Clanek opisuje zadnje dales pri razvoju pogovornega sintetizatorja govora, ki je namenjen uporabi v interaktivnih dialogih med
¢lovekom in informacijskim sistemom, robotom ali govorno-prevajalno napr@emek opisuje Vevrst neverbalnih odgovorov, ki jih

je z uporabo tradicionalnih postopkov za sintezo govokkdemplementirati, in pokze vliogo teh neverbalnih govornih segmentov
pri zagotavaljanju povratne informacije in statusnih d#ew v interaktivnem diskurzu. Predstavitev bo opremljena s primeri takih
neverbalnih govornih segmentov, ki vidjujejo smeh in mrmranje, kot tudi pogoste fraze in idiome. Pokazano bo, kako lahko njihova
raznolikost razkrije vé vrst podatkov o stanju govorca oziroma pdslica. Clanek predlaga model za informacijsko izmenjavo (s
pomg:jo govora), v katerem postalceva povratna informacija govorcu omage da @inkovito posreduje vsebino in govorcu zagotavlja,

da bo informacija usg@o prenesena.

1. Introduction without placing the speakers under any requirement to self-

Speech synthesis has made considerable progress oJapnitor their speech or to produce different speaking styles

the past ten years, and some of the recent applications u2n-demand”.
ing unit-selection and concatenation of raw waveforms can

now only occassionallly be distinguished from natural hu- ~ female male

man speech in terms of voice quality and expressiveness .

(see for example [1,2]). Their use in many news-reading, (cfa efa cma ema ) (foreign)

announcement, or customer-care applications has become / ) \ Group A

almost transparent, but problems still remain when speech ifa ) jma

synthesis is to be used in a speech translation environment | ) |

or when the technology has to replace human speakers in 1™ jmb Group B

a one-to-one dialogue situation. The expressiveness of a . | . |

one-to-one conversation is much richer than that of a one- € - jmc

to-many broadcast situation, and many of the differences | _ Group C
(fam) (fam) (intimate)

are signalled using tone-of-voice on utterances that carry
little or no propositional content.

. Figure 1: Showing the form of interactions between the par-
2. Data Collection ticipants. The first letter of the participant identifier indi-
As part of the JST/CREST ‘Expressive Speech Procesgsates the mother-tongue (Japanese/Chinese/English) of the
ing’ project (ESP), we recorded a series of telephone conspeaker, the second letter indicates the speaker’s sex (fe-
versations between ten people who were not initially famil-male or male), and the third letter is the group identifier.
iar with each other and who had little or no face-to-face
contact during the recording period. They spoke together The ten speakers were all recorded in Osaka, Japan, and
once a week over the telephone for thirty-minutes each timall conversations were in Japanese. Since the speakers were
during a period of three months. The content of the convernot familiar with each other initially, the use of the local
sations was completely unconstrained. We refer to this adialect was not expected and conversations were largely
the ESPC subset of the ESP corpus. carried out in so-called ‘standard’ Japanese. Again, no
The volunteer speakers were paired so that each corconstraints on types of language use were imposed, since
versed with a different combination of partners to max-the goal of this data collection was to observe the types of
imise the different types of expressiveness in the dialoguespeech and the variety of speaking styles that ‘normal’ peo-
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ple used in different everyday situations. to answer the telephone and speak with each partner for
Four of the ten speakers were non-native; their inclusiora fixed period of thirty-minutes each time. All wore head-
was not so that we should have foreign-accented speeahounted close-talking Sennheiser microphones and record-
data, but rather that we should be able to observe changésgs were taken directly to DAT with a sampling rate of
in the speech habits of the Japanese native speakers whé8kHz. The offices were air-conditioned, but the rooms
confronted with linguistically-impaired partners. Two were were large and quiet, and no unwanted noises (or acoustic
male, two female, two Chinese, and two English-languageeflections) were present in the recordings.
mother-tongue speakers. These and the two Japanese who

spoke with them formed Group A in our study. Group B cEa JEA CO1 200.369 0491 #
is the ‘baselln_e’ group, consisting of a male_ and a fe_malebFA JFA CO1 200.860 0.808 laugh
Japanese native speaker who conversed in turn with th8ea JEFA CO1 201.668 0.869 YT
each ofther and with the Ej]apanese native slpelakers of bofEA JFA CO1 202537 1.099 Thh. FL. 7
sexes from Groups A and C. Group C similarly consiste
of a male and a fpemale Japanese Eative speaier who cggzﬁ jEﬁ ggi gggggi ég?g Iau‘gh
. : . . I A
versed with each other and w_|th the members of Group BoEaA JEA CO1 206.174 0.744 #
but who also telephoned their own family members eacerA JEA CO1 206.918 0.917 I3\
week and spoke with them for a similar amount of time.  ~pa JFA CO1 207.835 2.691 #
CFA JFA CO01 210.526 0.602 3w
both female mixed both male CFA JFA CO01 211.128 2.791 #
6425 EFA JFA 9348 EMA JMA CFA JFA CO01 213.919 0.749 @S
7359 JFA EFA 7433 JMA EMA CFA JFA CO01 214.668 2.685 #5.Td. #H. &
8827 CFA JFA X (cma jma) 5.4, FM. . FL.®
9145 JFA CFA 7530 IMA CMA CFA JFA CO01 217.353 0.785 3w
9236 EFA JMA CFA JFA CO1 218.138 0.561 #
8499 JMA EFA CFA JFA CO01 218.699 0.731 (3w
7557 JMA CFA CFA JFA CO01 219.430 1.384 #
X (cfa-jma) CFA JFA CO1 220.814 1.088 47-.7. %9
8237 JFA CMA CFA JFA CO01 221.902 0.738 #
X (cma-jfa) CFA JFA CO01 222.640 0.784 3w
8416 JFA EMA CFA JFA CO01 223.424 1.107 #
8560 EMA JFA CFA JFA CO01 224531 1.356 H&o». —. % T9
10068 JEA JMA CFA JFA CO01 225.887 0.525 #
7701 JMA JFA CFA JFA CO01 226.412 0.600 (3w
9069 JFA JFB 8614 JMA JMB CFA JFA CO01 227.012 2.795 #
9378 JFB JFA 9465 JMB JMA CFA JFA CO01 229.807 0.443 |zw
8044 JEB JEC 6983 JMB JMC CFA JFA CO01 230.250 0.941 #
8234 JFC JFB 7735 IJMC JMB
7686 JFB JMC Figure 2: Transcription was performed by hand, using the
7222 JMC JFB Transcriber software package. The first 3 columns identify
10005 JFC JMB the speaker, partner, and conversation number. The num-
7980 JMB JFC bers represent the start time of each utterance in the con-
13900 JFC Fan 9961 JMC Fam versation (in seconds) and its duration. Laughs, non-speech

scribed (utterance count shown by an ‘x’).

noises, and silences are also transcribed along with the text.
Table 1: Showing utterance counts and speakers for eadbots in the text represent morphological boundaries as au-
recorded conversation. For example, 6425 is the numbdomatically determined by the ‘Mecab’ software.

of utterances spoken by EFA (English female, Group A) to
JFA (Japanese female, Group A). There were no sex con- The speakers were all mature adults who held part-time
straints for speech with family members, but the voice ofjobs with the same company and were paid for their par-
the remote partner in these cases was not recorded or traficipation in the recordings. They were initially unfamil-
scribed. Lower-case shows conversations yet to be trariar with each other, but the degree of familiarity naturally
increased throughout the period of the ten conversations.
All have signed consent forms allowing the contents of the
The corpus thus allows us to examine the prosodic charecordings to be used for scientific research. The ultimate

acteristics and speaking habits of Japanese native speghurpose of the data collection was not made specific to the
ers when confronted with a range of different partners orparticipants who were only told that their speech would be
the spectrum of familiarity, and to observe changes in theirecorded for use in telecommunications research.
speech as this familiarity changes over time. .

Our principal targets for this series of recordings were 3. Data Analysis
the six Japanese native speakers (three male and three fe- Figure 3 shows the corresponding part of the dialogue
male) who came to an office building in Osaka once a weelsegment presented in Figure 2. Here we see the Japanese
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JFA CFA COl1 203.276 1.362 4456 ==> <[ laugh ]>

JFA CFA CO1 204.638 0.902 0 ==> <[ @S >
JFA CFA CO1 205540 1.927 0 +-> << H—.>> . Z5.%. << << L. TF>> . p>>
JFA CFA CO1 207.467 0.322 0 ==> <[ @S |>

JFA CFA CO1 207.789 0.401 0 ==> <[ (3w ]>

JFA CFA CO1 208.190 0.227 0 ==> <[ @S ]>

JFA CFA CO1 208.417 1.744 0 ==> <[  »o— ]>

JFA CFA C01 210.976 0.393 814 ==> <[ 2 >
JFA CFA C01 211.369 0.260 0 ==> <[ 2 >

JFA CFA CO01 211.629 1.139 0 --> .. . &M #. 5. 2
JFA CFA C01 212.768 0.264 0 ==> <[ 2 >
JFA CFA CO1 213.032 1.566 0 -->  fi. B. %& 5. 72. £. BoLow. L
JFA CFA CO1 216.356 0.687 1757 --> 4. 4. H

JFA CFA C01 217.043 0.301 0 ==> <[ @S |>

JFA CFA COl 217.344 1498 0 +>  #.. << 735.7TF>> .

JFA CFA CO01 218.842 0.422 0 ==> <[ @S >

JFA CFA CO01 219.264 0.241 0 ==> <[ 2 >

JFA CFA CO1 219.505 1.193 0 -->  BF¥&A. 13

JFA CFA C01 221.686 0.283 987 --> X

JFA CFA CO1 221.969 0.819 0 >  #.. WHoL%2

JFA CFA C01 223.180 0.360 392 ==> <[ & [>

JFA CFA CO1 223540 1.248 0 --> 5. %>. TF. »

JFA CFA CO01 225571 0.749 783 -->  —. %

JFA CFA CO01 226.320 0.347 0 ==> <[ @S ]>
JFA CFA CO01 226.667 1.235 0 --> Ho.F3.,. U=
JFA CFA CO01 227.902 1.891 0 +-> ZOWNI. <K< EE IS L ESWIL A (12
JFA CFA CO01 229.793 1.494 0 +-> BEEA L .. Th. << KA. TI>> . p>>
JFA CFA CO01 231.287 0.746 0 ==> <[ @S ]>
JFA CFA C01 232.033 0.798 0 --> BR
1

JFA CFA CO01 234.539 0.424 1707 ==> <] » P>

Figure 3: The corresponding part of the dialogue shown in Figure 2, but after processing to identify repeated patterns.
Frequent utterances >= 100) are shown irn< [square] > brackets, and frequent segme(®é >= 100) within longer
utterances are shown < angle >> brackets, which may be embedded. Also shown here in column 6 are the delays (in
milliseconds) between succeedding utterances.

speaker’s utterances and can combine them with those ®&nt) and to mark those which are subject to frequent repe-
her Chinese partner to reproduce the conversation segmetition (and hence portray affect or discourse-control infor-
Some potentially ambiguous utterances can thereby be digaation). Two types of repetition have been marked; (a)
ambiguated by use of the textual content of the surroundingvhole phrases, and (b) phrasal chunks that form part of a
utterances, but a large number remain functionally indeterlarger, possibly unique, utterance but which are frequently
minate from the transcription alone. They are not at allrepeated anyway. The chunks were determined by use of
ambiguous when listening to the speech, and carry a corthe pds ‘mecab’ software [3] for morphological decompo-

siderable amount of discourse information. sition, in conjunction with ‘yamcha’ [4] for regrouping of
the fine morphological segments.
JFA: | CFA CMA EFA EMA JFB JMA The current setting of the pattern recognition program,

a,a— | 143 145 88 89 138 170 arbitrarily taking more than 99 repeats throughout the cor-
ano 224 277 221 176 209 26 pus as the minimum threshold for bracketing, yields 74,324
demo 41 24 31 17 89 134 untouched utterances, 72,942 marked as repeated phrases,
e— 48 51 37 25 74 94 and 49,136 utterances including repeated phrasal segments.
hai | 2932 2234 2181 3239 72 33 Taking some of the frequent repetitions from one of the
un,un| 1029 546 585 1190 909 1037 corpus speakers as an example, we notice different strate-
gies of usage according to differences in partner. This

Table 2: Counts for some frequently-repeated simple utterspeaker (JFA) makes considerable use of “a”, “ano”, “hai”,
ances from one speaker to six partners. The table illustrateend “un”, but not equally with all partners (see Table 3).
differences in usage strategies for these utterances. For example, when speaking with foreigners, she uses “hai”
(1xv=yes(perhaps?!)) frequently, but significantly less so
The text in Figure 3 has been further annotated by avhen speaking with Japanese partners. She uses “demo”
computer program to show which utterances are uniquéc % =but) much more frequently with Japanese partners,
(and therefore presumably convey more propositional conand “a” much less when conversing (in Japanese) with the
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10073 S A 467 X—— 228 H595A 134 ~N—.——

9692 @S 455 2 — 227 2o 134 jdvvidvidvnaign
8607 iw 450 A —— 226 ~N.—— 134 #5.T¢
4216 laugh 446 5———A 226 NN 133 @E
3487 S5—A 396 H— 225 3 .4A— 133 H.%95.70.A.TT.h
2906 2z 395 H».H— 200 #5T9h 130 %57 AT
1702 3—w 393 Zvviizvvigzwvyy 199 13.—— 129 13.—
1573 3——4A 387 H—.Aiw 193 Nn— 129 w
1348 x— 372 hz 192 #o 127 |3.—
1139 34 369 s——A 190 z2.2— 2SIV AVAVAVAVAN
1098 »Ho— 369 ho 188 H»H.h—— 119 (3wvvigw
1084 #»- 368 H—.A 187 n 119 |3.———
981 IxHW 366 H»H 180 A.lg3w 114
942 H»o 345 Ho.—— 180 »HD.——— 113 I3
941 s —A 337 AN 173 A.A 113 T.—
910 #5 335 2 172 7NN 113 <7
749 2z — 311 T4 168 (3wv.— 112 3.5—
714 H—— 305 z2—— 164 5.5 —4 110 »2>
701 » 274 3 4L.3A.9A 161 |3Z.—— 110 #o—
630 H——— 266 I\ 160 @K 110 &5
613 H.l3w 266 T.— 159 %#5.¢d9..h— 109 S———4
592 J5A4A.5A 266 z2.—— 151 Hp———— 108 3H.——
555 H»— 258 T 143 #h6.— 106 #%#>5Td4h.2
500 A-— 248 5 (IC] I AVAVAVAN 105 A—.A
469 A 242 ~— 137 #3.%#5.%35 104 WwR

Table 3: The hundred most frequent single utterances in the®E&#tpus. The numbers indicate the count of each word

or phrase when it occurs as a single utterance in the transcriptions. Since duration is usually considered as distinctive
in Japanese, the lengthening (an extra mora beat is indicated by a dash) may be significant. Note the highly repetitive
nature of many of these utterances, very few of which can be found in any standard dictionary of Japanese. Note that these
few samples alone account for more than a tiiitd= 72, 685) of the 200,000 utterances in the corpus. Less then half

(n = 92, 541) of the utterances were unique.

English-native-speaker partners. speaker’s affective states and discourse intentions; there
Such differences may reflect interpersonal relationds currently no way of easily specifying these higher-level

ships, personal characteristics, or cultural peculiarities, butonstraints in a synthesiser apparatus.

perhaps more interesting to us here (with speech synthesis

in mind) is the variety of pronunciation within each utter- | “a,a=" | CFA CMA EFA EMA JFB JMA
ance type, reflecting the speaker’s interest, state-of-mind,fOr 125 181 266 232 234 241
and type of participation in the discourse. fOm 201 214 220 192 206 194
4. Ambiguous Utterances — m:n :2))2 gg gg gg fé 43&

— A Challenge for Synthesis “un,un” | CFA CMA EFA EMA JFB JMA

It is a central tenet of this paper that these repeated fOr 154 152 182 181 161 141
segments can be used to carry affect-related and interperfOm 172 175 162 145 198 174
sonal information by variation in such acoustic character; pwr 28 29 27 26 29 27
istics as tone-of-voice, spectral tilt, pitch range and excurr pwm 37 40 36 35 42 39
sion, speaking rate, phonatory setting, etc. By being fref “ano” CFA CMA EFA EMA JFB JMA
quent and repetitive, they allow the listener (even one not for 106 113 161 154 169 155
yet familiar with the speaker’s traits) to make compara-| fOm 131 136 142 133 156 149
tive judgements about the speaker's emotional and affe¢- pwr 27 28 28 27 31 29
tive states and stances and to interpret subtle nuances in thgwm 38 40 37 36 42 39

speech by means of the prosodic cues hereby revealed [5].

In speech synthesis, a given text sequence is renderéld@ble 4: FO range (fOr) and average (fOm) values in Hz
into speech with a given prosodic pattern, usually predicteéand Power range (pwr) and average (pwm) values in dB
from part-of-speech information in conjunction with the for three sample utterances from speaker JFA according to
position of the words in the phrase and sentence. Herglifferences in conversational partner (see Figure 4).
however, we have whole phrases that consist of a sin-
gle word (itself often of doubtful or indeterminate part-  Tables 3 and 4, and Figure 4 illustrate some diffferences
of-speech status) whose prosody is dependent upon the pitch range (i.e, the amount of variation in the funda-
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Figure 4: Plots of Pitch Range (amount of variation in the fundamental frequency of the voice) for three utterances from
speaker JFA when conversing with six different partners. The width of the boxes is proportional to the number of tokens.
Differences are significant at the 5% level if the notches do not overlap. The vertical axis shows pitch range in Hz.
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Figure 5: Fundamental frequency contours differ according to the listener. The left-hand plot shows average fO values for
the initial third of the utterance, the middle plot for the middle third, and the right-hand plot shows average fO values for
the final third of the utterance. Plots show‘contours’ for “un,un”. We can see that Japanese partners evoke a high initial
contour, and English-native-speakers a lower fall at the end, though all contours appear to pass through the same high range
of values mid-utterance.
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mental frequency of the voice throughout the utterance) and Acknowledgement
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The data show that the speaker’s basic acoustic settingsisg wishes to thank the management of ATR SLC for sup-
and amount of physical energy used in each utterance vary,

not just by utterance, as would be expected, but also by lis-
tener (and presumably according to the content of the con- 6. References
versations). Figure 5 takes a subset of this data (fO contourg

for the utterance “un,un”) and plots a representation of the eutnagel, M., Conkie, A, Schroeter, J., Stylianou, Y., and
' P P Syrdal, A., “The AT&T Next-Gen TTS System”, in Proc TC-

shape’ of each_ utter_ance by showing averag(_ad f0 values for STAR Workshop on Speech-to-Speech Translation, Barcelona,
each progressive third of the utterance. Again we see con- gpain 2006.

siderabe variation, but that the variation between contourgamppell, N., “Conversational Speech Synthesis and the Need for
for different types of conversation partner is greater than some Laughter”, ifEEE Transactions on Audio, Speech, and
that between utterances within a given set of conversations. Language Processing, Vol 14, NoJuly 2006.

We can see that Japanese partners evoke a high initisdecab: http://mecab.sourceforge.jp/
contour, and English-native-speakers a lower fall at the endyamcha: http://www.chasen.org/ taku/software/yamcha/
though all countours appear to pass through the same higbampbell, N., “Getting to the heart of the matter; speech as ex-
range of values mid-utterance. The fact that these differ- pression of affect rather than just text or language”, pp 109-
ences appear more related to partner than to local contex- 118,Language Resources & Evaluation Vol 39, N&pringer,
tual differences implies that a higher-level of prosodic pro- 2005.
cessing is taking place; i.e., that a level of social interaction
is influencing the prosodic contour just as the linguistic re-
lations influence it a lower more independent level.

5. Conclusion

This paper has presented some data from the_ ESP
corpus of conversational dialogues, and has shown that
there is considerable prosodic variation on what are seem-
ingly very simple but also very frequent utterances. This
variation may indicate the speaker’s relationship with the
listener, since it seems to vary more between conversational
partners than between different utterances.

From a speech synthesis standpoint, this data presents
problems for current systems which use one standard set
of rules for predicting all prosodic characteristics. These
rules currently make no allowance for difference in the
relationship with the listener (or conversational partner)
but for interactive speech synthesis systems where a com-
puter is generating speech on behalf of one partner, such
as in a speech translation system, such information must
be mapped, processed, and included in the prosody control
rules.
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Abstract
The tracheoesophageal (TE) substitute voice is curretdlg-sof-the—art treatment to restore the ability to spdtk aryngectomy.
The intelligibility while talking over a telephone is an impant clinical factor, as it is a crucial part of the pat@rdocial life. An
objective way to rate the intelligibility of substitute \wais when talking over a telephone is desirable to improvedise-laryngectomy
speech therapy. An automatic speech recognition (ASRgsysatas applied to 41 high quality recordings of post—largtgay patients.
The ASR system was trained with normal, non—pathologic dpeé yielded a word accuracy (WA) of 36.9848.0%; compared to
the intelligibility rating of a group of human experts the RSystem had a correlation coefficient of -.88. After downglamy the 41
recordings to telephone quality, the ASR system reached a0¥26.4%+13.9% leading to a correlation coefficient of -.80. These
results confirm that an ASR system can be used for objectiedligibility rating over the telephone.

Samodejna evalvacija traheoezofagalnega telefonskegavgoa

Traheoezofagalni nadomestni glas je trenutno najsoddbnagin obnove sposobnosti govora po laringektomiji. zuRaljivost pri
telefonskem pogovoru je pomemben klinicen dejavnik, sajiptavija kljuten del pacientove socialne interakdj@izboljSanje govorne
terapije po laringektomiji je zaZelen objektiven nacicenjevanja razumljivosti nadomestnih glasov pri telekens pogovoru. S
sistemom za samodejno razpoznavanje govora (SRG) je lEigpgutanih 41 visoko kakovostnih posnetkov pacientov padaktomiji.
Sistem SRG so ucili z normalnim, nepatoloskim govorom stttk pravilno razpoznanih besed je bil 36;2%8,0%; v primerjavi z
ocenami razumljivosti, ki jih je podala skupina strokowge, je imel sistem SRG korelacijski koeficient -,88. Pozamiju frekvence
vzorcenja 41 posnetkov na telefonsko kakovost je sistei@ 88segel naslednji odstotek pravilno razpoznanih beségty2-13,9%
oziroma korelacijski koeficient -,80. Ti rezultati potyp, da je sistem SRG primeren za objektivho ocenjevanjenm§izosti
telefonskega govora.

1. Introduction ous work we showed that an automatic speech recognition
. o (ASR) system can be used to rate the intelligibility (Schus-
The tracheoesophageal (TE) substitute voice iS CUrger ot 51| 2006; Schuster et al., 2005) of post—laryngegtom
rently state—of-the-art treatment to restore the abibly t gyoarers. As the telephone is a crucial part of the patients’
speak after laryngectomy (Brown et al., 2003): A siliconegq g jife, an objective rating of the intelligibility wine

one-way valve is placed into a shunt between the trachegking over a telephone would enhance post—laryngectomy
and the esophagus, which on the one hand prevents asRiseech therapy.

ration and on the other hand deviates the air stream during
expiration into the upper esophagus. The upper esophagqg

the pharyngo—eé_o phagleal1(_EE) segt:r)nent, ser\f/ers] alié SO4f recognition system to achieve better results in order to
generator (see Figure 1). 1ssue v rations of the - S€rovide a proper objective intelligibility measure foreel
ment modulate the streaming air and generate the primal hone data

substitute voice signal which is then further modulated in
the same way as normal speech. In comparison to normal .
voices the quality of substitute voices is low, e.g. the gjean 2. The Recognition System
of pitch and volume is limited and inter—cycle frequency  The ASR system used for the experiments was de-
perturbations result in a hoarse voice (Schutte and Nigboeveloped at the Chair of Pattern Recognition (Lehrstuhl
2002). Another source of distortion is the so—called tra-fiir Mustererkennung) of the University of Erlangen—
cheostoma which is at the upper end of the trachea (see Figturemberg. It can handle spontaneous speech with
ure 1). In order to force the air to take its way through themid—sized vocabularies up to 10,000 words. A com-
shuntinto the esophagus and allow voicing, the patient usumercial version of this recognizer is used in high-end
ally closes the tracheostoma with a finger. If the patient iselephone—based conversational dialogue systen8yhy
not able to do this properly, loud “whistling” noises from palog (www.sympalog.com), a spin—off company of the
the eluding air occur. Acoustic studies of TE voices can beChair of Pattern Recognition. The latest version is de-
found for instance in (Robbins et al., 1984; Bellandese etcribed in detail in (Gallwitz, 2002; Stemmer, 2005).
al., 2001). The short-time analysis applies a Hamming window
In order to improve post-laryngectomy speech therapywith a length of 16 ms, the frame rate is 10ms. For each
an objective means to rate intelligibility is desired. lepr  frame, a 24—dimensional feature vector is computed which
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Figure 1: Physiological changes and speaking after lamgtogey: Anatomy of a person with intact larynteft), anatomy
after total laryngectomyn(iddlg), and the substitute voiceight) caused by vibration of the pharyngoesophageal segment
(pictures from (Lohscheller, 2003)).

contains the short—time energy, 11 Mel-frequency cepstratlose—talk signals produced slightly better agreemerit wit
coefficients (MFCC) and their first—order derivatives. Thespeech experts’ intelligibility ratings than a polyphone—
derivatives are approximated by the slope of a linear regresbased recognizer. We wanted to verify these results for a
sion line over 5 consecutive frames (56 ms). The filter bankarger corpus. Therefore we created four different recog-
for the Mel-spectrum consists of 25 triangle filters. Thenizers: For the 16 kHz and the 8 kHz training data, we
actual recognition is done using semi—continuous Hiddercreated a polyphone—based and a monophone—based recog-
Markov Models (SCHMMs). The codebook contains 500nizer (rows “16kHz/mono”, “8kHz/mono”, “16kHz/poly”,
Gaussian densities which are shared by all HMM states:8kHz/poly” in Table 3). After the training, the vocabulary
Also, a unigram language model is used, so that the rewas reduced to the words occurring in the German version
sults are mainly dependent on the acoustic models. The ebf the “The North Wind and the Sun” text, a fable from
ementary recognition units are polyphones, an extension dkesop. It is a phonetically rich text with 108 words (71
the well-known triphone approach (Schukat-Talamazzinidisjoint) which is often used in speech therapy in German
1995). The HMMs for the polyphones have three to fourspeaking countries.
states.

4. Evaluation Data

3. Recognizer Training 41 laryngectomeesu( = 62.0 + 7.7 years old, 2 fe-

The basic training set for our recognizers are dialoguesngle and 39 male) with TE substitute voice read the Ger-
from the VERBMOBIL project (Wahlster, 2000). The topic man version of the text “The North Wind and the Sun”.
of the recordings is appointment scheduling. The data wergpe speech samples were recorded with a close—talk mi-
recorded with a close—talk microphone at a sampling fre'crophone (“dnt Call 4U Comfort” headset) at a sampling
quency of 16 kHz and quantized with 16 bit (linear). Thefrequency of 16 kHz and quantized with 16 bit (linear).
speakers were from all over Germany and thus covered Eight of the patients additionally read the “The North
most dialectical regions. However, they were asked tquind and the Sun” text to an automatic telephone—based
speak standard German. About 80% of the 578 trainingecording system (the recording system was not yet avail-
speakers (304 male, 274 female) were between 20 and Zgje at the time of the recording of the other 33 patients).
years old, less than 10% were over 40. This is important infhe samples were recorded with 8 kHz and quantized with
view of the test data, because the fact that the average agg pit (linear). However, one has to keep in mind that the
of our test speakers is more than 60 years may influencgignal is logarithmically companded (8 bit) during trans-
the recognition results. A subset of the GermabBR¥-  mjssion which is approximately equivalent to 12 bit linear
MOBIL data (11,714 utterances, 257,810 words, 25 hour§rOWS “telephone calls” in Table 3).
of speech) was used for the training set and 48 utterances ggch close—talk recording was rated by 5 voice pro-
(1042 words) for the validation set . fessionals (see Sec. 5.). Previous work (Schuster et al.,

In order to get a telephone speech recognizer, we dowrpopg; Schuster et al., 2005) showed that there exists a sig-
sampled the training set to telephone quality. We reducejficant correlation between experts’ intelligibility iags
the sampling rate to 8 kHz and applied a low—pass filterang the speech recognizer’s word accuracy (WA) for close—
with a cutoff frequency of 3400 Hz to simulate telephoneta|k recordings. If an automatic evaluation of TE telephone
quality. speech is possible, there must be a similar correlatiomgusin

In (Schuster et al., 2005), we showed for a corpus Ofelephone data. To determine the change of correlation, we
18 TE speakers that a monophone-based recognizer fgfeated three additional versions of the close—talk data:

The training and validation corpus was thus the same as in 1. We downsampled the data to 8 kHz applying the same
(Gallwitz, 2002; Stemmer, 2005). low—pass filter (3400 Hz) as for the training data (rows
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“low—pass 3400" in Table 3). The weights were chosen as proposed by Cicchetti (Ci-

cchetti, 1976) with
2. In order to simulate the loss due to the logarithmic en- )

coding in the telephone channel, we converted these (ab) _ 1 T —1y\2 1
linearly quantized signals fe-law companded signals Way * = 17 (c — 1) : @
and back to linearly quantized signals (rows “low—pass _ .

3400,.—law” in Table 3). A k value greater thant is said to show moderate agree-

ment. The weighted multi—raterfor the 5 raters was .45.
3. Inorder to get a “telephone quality” version of the sig-
nals, we played back the close—talk recordings using a 6. Automatic Evaluation

standard PC and loudspeaker in a quiet office environ- - \y ysed the experts’ intelligibility ratings for the close—

ment and placed a telephone headset in front of theyk recordings as a reference for all 4 versions of the
loudspeaker. The replayed sound files were recordegh.ordings: We applied the two close—talk recognizers
with the same automatic dialogue system over the telezj the two telephone speech recognizers to the accordant
phone mentioned above with 8 kHz and 16 bit lineargpeech data and calculated the correlation between the WASs
(again, the signals were logarithmically companded, g the average of the experts’ intelligibility rating. The
during telephone transmission). Thus we simulated, 5 es were calculated using the recognizer as a 6th rater.

a real telephone call (rows “simulated telephone” in o this we mapped the WAs to marks on the Likert scale,
Table 3). Due to the multiple AD/DA conversions using the thresholds that are given in Table 2.
and the different frequency characteristics of the loud-

speaker and the microphones we expect the recogni- WA <0l <151 <251 <40 | > 40
tion rates to be a lower bound for the recognition rates Mark I 5 2 3 > 1 1
for real telephone calls.

Table 2: Thresholds for mapping the WA of the ASR sys-

Figure 2 shows spectrograms of a short passage fro . . : L
the “The North Wind and the Sun” fable. The recordings%rph;og:;ﬁsn the Likert scale for rating the intelligityii

are from one speaker who was recorded with the close—
talk microphone (top) and with the telephone—based system
(bottom). The spectrogram in the middle is from the down-

- i Table 3 shows the results for the monophone—based rec-
sampled close—talk version which waslaw companded.

ognizers (row 1-4) and the polyphone—based recognizers
5. Subjective Evaluation (row 5-8) for the 41 patients. I|_’1 addition, the results for
_ ) o ) the 8 real telephone calls are displayed (row 9-10). Note
A group of 5 voice professionals subjectively estimatedihat the correlation ang value were computed w.r.t. the
the intelligibility of the patients while listening to a pla  ratings of the close—talk data of these patients, i.e. aiff
back of the close—talk recordings. A five—point Likert scalegnt recording. The WA for these 8 patients was 23.0% for
(1 = very high, 2 = rather high, 3 = medium, 4 = rather low, the simulated telephone calls and and 39.7% for the close—
5 = very low) was applied to rate the intelligibility of each ta|k recordings using the polyphone—based recognizer com-
recording. In this manner an averaged mark — expressed @&red to 37.0 for the real telephone calls.
a floating point value — for each patient could be calculated. Figure 3 shows the WAs of the 41 close—talk record-
To judge the agreement between the different raters wghgs compared to the simulated telephone recordings using
calculated correlation coefficients and the We|ghted multi po'yphone_based recognizerS. The recordings are ordered
rater . For each rater we calculated the correlation bewyjth increasing WA for the close—talk recordings.

tween his “|nte”|g|b|l|ty“ rating and the average of the 4 Figure 4 shows for the 41 recordings the WA in com-
other raters. Table 1 shows the correlation coefficient folarison to the average of the experts’ intelligibility sesr

each rater and the average correlation coefficient. using simulated telephone data and the polyphone—based
recognizer.
rater K L R S | U | avg.

Table 1: Correlation coefficients between single raters and The results of the evaluation for the 41 patients show

the average of the 4 other raters for the criterion “intéllig the possibility of an automatic objective way to rate the in-
bility”. telligibility of TE speech. The correlation between the WA

of the respective polyphone—based recognizers and the av-
erage of the experts’ intelligibility scores is only reddce
The weighted multi-raterx by Davies and Fleiss from -.88 to -.80, when going from close—talk to simulated

(Davies and Fleiss, 1982) also allows to compare anelephone speech.
arbitrary number of raters and weights the difference Adding the recognizer as &" expert to the expert
between the values to compare. This means e.g. for thgroup, does not change thevalue significantly. Due to
case that ratar gives a score of 2 and rateigives a score the loss of quality in telephone transmission, the multiple
of 3, this pair of numbers “matches better” and is thereforeAD/DA conversions, and the different frequency character-
weighted higher as if persdrrated the test data with a 4.  istics of the loudspeaker and the microphones, the overall

WA for the simulated telephone calls is reduced. Also, the
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Figure 2: Spectrograms from the German utterance “wer voaritbeiden wohl der Starkere ware”: 16 kHz close—talk vs.
8 kHz downsampled and-law companded vs. 8 kHz real telephone data.

| # | recording | data/recognizet ;«(WA) | o(WA) | correlation| weighteds |

41 | close-talk 16kHz/mono| 35.3 13.7 -.82 41
41 | low—pass 3400 8kHz/mono| 33.4 12.1 -.81 A2
41 | low—pass 3400,—law 8kHz/mono| 33.6 12.7 -.78 42
41 | simulated telephone 8kHz/mono| 28.4 10.3 -.69 A2
41 | close—talk 16kHz/poly | 36.9 18.0 -.88 45
41 | low—pass 3400 8kHz/poly | 32.3 17.4 -.85 A7
41 | low—pass 340Q,—law 8kHz/poly | 33.1 16.7 -.86 46
41 | simulated telephone 8kHz/poly | 26.4 13.9 -.80 46

8 | telephone calls 8kHz/mono| 32.9 12.8 -.55 27

8 | telephone calls 8kHz/poly | 37.0 15.1 -75 .32

Table 3: Evaluation results for the four different recognizfor the 41 patients and for the 8 real phone calls.

training data of the speech recognizer for the 8 kHz waave expect more robust recognition results. Furthermore,
downsampled close—talk data and not real telephone datae expect better recognition rates by modifying the feature
We chose this way instead of using real telephone trainextraction, which is our current research.

ing data, since we wanted the telephone recognizer to be The results in Table 3 show that for a larger corpus
trained with the same training data as the recognizer fofhe polyphone—based recognizer leads to better correlatio
the close—talk data. Reducing the acoustical distance Qfjth the experts’ group. Thus the results from (Schuster
training and evaluation data might lower the loss of cor-et g1, 2005) for 18 patients, where the monophone—based
relation. An acoustic comparison (see Figure 2) of the &ecognizer showed better agreement, were not confirmed.
kHz resampled data to the real telephone data shows that Experiments with the 8 real telephone calls support
the application of a low—pass filter with acutoff—frequencythese conclusions, even though this database is way too

32 ng?gtgrize aanJ_rLaov(\;iql?r?ntiﬁztltcigilneir?d goa;ga%%?)%?r?uls' small to draw conclusions. The WA for the real telephone
- BY fying 9 Y data is higher than for the simulated calls, probably for the
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Figure 3: WAs of the 41 close—talk recordings compared tosthmilated telephone recordings using polyphone—based
recognizers. The recordings are ordered with increasindgdvghe close—talk recordings.
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Figure 4: WA for the 41 recordings in comparison to the averafjthe experts’ intelligibility scores using simulated
telephone data and the polyphone—based recognizer.

reasons given above. The redueadhlues could be caused bility for the content of this paper lies with the authors.
by the fact that the human ratings refer to a different record

ing and by the small corpus size. We are currently collect- 9. References
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Abstract
This paper reviews the current state of a Hungarian project that seeks to create a speech recognition system for the dictation of thyroid
gland medical reports. We present the MRBA speech corpus that was collected to support the training of Hungarian LVCSR systems.
Besides the speech data, a huge set of medical reports was also collected to help the creation of domain-specific language models. At the
acoustic modelling level we experiment with two techniques — a conventional HMM one and an ANN-based solution — which are both
briefly described in the paper. Then we present the language modelling methodology currently applied in the system, and round off with
recognition results on test data taken from four people. The scores show that on the current restricted domain we are able to produce
word accuracies over 95%, but the planned extension of the system to larger vocabularies will probably require further improvements.

Prvi rezultati mad zarskega projekta narekovanja zdravnikih izvidov

Prispevek predstavlja pregled trenutnega stanjazanattega projekta, ki ska vzpostaviti sistem razpoznavanja govora za narekovanije
zdravnBkih izvidov na temazleze&Kitnice. Predstavljamo govorni korpus MRBA, ki je bil sestavljen za podp&emju madarskih
sistemov za razpoznavanje govora z velikim besednjakom. Poleg govornih podatkov je bilo zbrano tugteelixadravrskih izvidov

za poma pri pripravi jezikovnih modelov za omenjeno podj@uporabe. Na ravni akustiega modeliranja eksperimentiramo z dvema
tehnikama - konvencionalno s prikritimi Markovovimi modeli irsiijo, ki temelji na nevronskih migh - obe sta kratko predstavljeni.
Nato predstavljamo metodologijo jezikovnega modeliranja, ki je trenutno uporabljena v sistemu, igirakliurezultati razpoznavanja
na testnih podatkilstirih govorcev. Rezultati pok&jo, da smo pri trenutnem omejenem pdjuouporabe zmini dosegati tonost
razpoznavanja besedjo kot 95%, nartovana ragiritev sistema n&irse besedte pa bo verjetno zahtevala dodatne izbale.

1. Introduction: goals of the project general dictation task, we chose this application area with

the intent of assessing the capabilities of our acoustic and

Atthe present time there exists no general-purpose largRinguage modelling technologies. Depending on the find-
vocabulary continuous speech recognizer (LVCSR) for thengs, later we hope to extend the system to more general
Hungarian language. Among the university publicationsgictation domains. This is why the language resources were
even papers that deal with continuous speech recognitioghosen to be domain-specific, while the acoustic database

are hard to find, and these present results only for restrictegontains quite general, domain-independent recordings.

vocabularies (Szarvas and Furui, 2002) Although on the A|th0ugh both teams use the same Speech corpus for

industrial side Philips have adapted its SpeechMagic sysraining, they focus on different dictation tasks and experi-
tem to two special domains in Hungarian, it is sold at ament with their own acoustic and language modelling tech-
price that is affordable for only the largest institutes (Medis-nologies. Our team (Szeged) deals with the dictation of thy-
oft, 2004). The experts usually mention two reasons foroid scintigraphy medical reports, while the Budapest team
the lack of Hungarian LVCSR systems. First, there are nQjeals with gastroenterology reports. This paper describes

sufficiently large, publicly available speech databases thahe current state of development of the Szeged team only.
would allow the training of reliable phone models. The sec-

ond reason is the difficulties of language modelling due to 2. Speech and language resources

the highly agglutinative nature of Hungarian. In the first phase of the project we designed, collected
In 2004 the Research Group on Artificial Intelligence, and annotated a speech database that we refer to as the
University of Szeged and the Laboratory of Speech AcousMRBA corpus (the abbreviation stands for the "Hungar-
tics of the Budapest University of Technology and Eco-ian Reference Speech Database”) (Vicsi et al., 2004). Our
nomics started a project with the aim of collecting and/orgoal was to create a database that allows the training of
creating the basic resources needed for the construction general-purpose dictation systems which run on personal
a continuous dictation system. The project lasts for three@omputers in office environments and work with continu-
years, and is financially supported by the national fundous, read speech. The contents of the database were de-
IKTA-056/2003. As regards acoustic modelling, the projectsigned by the Laboratory of Speech Acoustics. As a start-
includes the collection and annotation of a large speech coing point, they took a large (1.6 MB) text corpus and af-
pus of phonetically rich sentences. As regards languagter automatic phonetic transcription they created phone, di-
modelling, we restricted the target domain to the dictationphone and triphone statistics from it. Then they selected
of certain types of medical reports. Although this clearly 1992 different sentences and 1992 different words in such
leads to a significant reduction compared to the originala way that 98.8% of the most frequent diphones had at least
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one occurrence in them. These sentences and words wespecial property that almost all phones have a short and
recorded from 332 speakers, each reading 12 sentences amdong counterpart, in the vocabulary of our specific dic-
12 words. Thus all sentences and words have two recordation task they seemed to have no discriminative role.
ings in the speech corpus. Both teams participated in thélence most of the long/short consonant labels were fused,
collection of the recordings, which was carried out in fourand this way we worked with just 44 phone classes. One
big cities, mostly at universities labs, offices and home enphone model was associated with each of these classes,
vironments. In the database the ratio of male and femaléhat is we applied monophone modelling and no context-
speakers is 57.5% to 42.5%. About one-third of the speakdependent models were tested in the system. The decoder
ers are between 16-30 years in age, the rest being evenbyuilt on these HMM phone models performs a combination
distributed among the remaining age groups. Both homef Viterbi and multi-stack decoding. For speed efficiency
PCs and laptops were used for the recordings, and the mit contains several built-in pruning criteria. First, it applies
crophones and the sound cards of course varied as well. Theam pruning, so only the hypotheses with a score no worse
sound files were cleaned and annotated at the Laboratory tiian the best score minus a threshold are kept. Second,
Speech Acoustics, while the Research Group on Artificiathe number of hypotheses extended at every time point is
Intelligence manually segmented and labelled one third ofimited, corresponding to multi-stack decoding with a stack
the files at the phone level. This part of the corpus is in-size constraint. The maximal evaluated phone duration can
tended to support the initialization of phone models. also be limited. Normally the decoder runs faster than real-
Besides the general-purpose MRBA corpus, we alsdime on our dictation task on a typical PC.
collected recordings that are specific for the target domain,
namely thyroid scintigraphy medical reports. From these4. Acoustic modelling Il: HMM/ANN phone
recordings 20-20 reports read aloud by 4 persons were used models over 2D-cepstrum features

as test data in the experiments done here. . Our alternative, more experimental acoustic model em-
For the constfuctlon of the.domaln—s.pecmc IanguagepIOyS the HMM/ANN hybrid technology (Bourlard and

models, we obtained 9231 wnt'Fe_n medical reF’O”S_ fromMorgan, 1994). The basic difference between this and the

the Department of Nuclear Medicine of the University of g5 n4arq HMM scheme is that here the emission probabil-

Szeged. These thyroid scintigraphy reports were WIitteyiog are modelled by Artificial Neural Networks (ANNS)
and stored between 1998 and 2004 using various SOT(t\’\""‘riﬂstead of the conventional Gaussian mixtures. In the sim-

pagkages th?t were employed at the department during thﬁ‘est configuration one can train the neural net over the
period. So first of all we had to convert all the reports to

f t which foll db st fusual 39 MFCC coefficients — whose result can serve as a
a common format, which was foflowed by Several SIeps Ok, 5 sqine for comparison with the conventional HMM. How-
error correction. Each report consists of 7 fields: heade

) . -a0€kyer, ANNs seem to be more capable of modelling the ob-
(name, ID number etc. of the patient), clinical observations

. servation context than the GMM technology, so the hybrid
request of the referral doctor, a summary of previous EXaMaodels are usually trained over longer time windows. The

inations, the findings of this examination, a one-Sentence, . qjest solution for this is to specify a couple of neighboring

summary, and a signature. From the corpus we omitted thg, .16 frames as input to the net: a conventional arrange-

first and the last, person-specific fields, for the sake of Peltent is to use 4 neighboring frames on both sides of the

sonal privacy. Then we discarded those reports that Werg i al frame (Bourlard and Morgan, 1994). Another option

inclomplete like those thst had rrpishsing figlds. This WaYis to apply some kind of transformation on the data block
only 8546 reports were kept, which contain 11 SeNntencess several neighboring frames. Knowing that the modula-
and 6 words per sentence on average. The next step W}

hical ; he datab Bn components play an important role in human speech
to remove any typogra_p_ ical errors from the database, q erception, performing a frequency analysis over the fea-
which there were surprisingly many (some words occurre

i 10-15 mi qf A 21 orobl hat of ure trajectories seems reasonable. When this analysis is
in 10-15 mistyped forms). A special problem was that o applied to the cepstral coefficients, the resulting feature set

unifying those Latin terms that can be written both with s usually referred to as the 2D-cepstrum (Kanedera et al.,

Latin or a Hungarian spelling. The abbreviations had to .bel 98). Research shows that most of the useful linguistic
resolve_d, too. The corpus we gotafter these steps containgermation is in the modulation frequency components be-
appromm_ately 2509 d|ffe_rent word forms, SO W€ WETE€ CON“y\yeen 1 and 16 Hz, especially between 2 and 10 Hz. This
fronted with a medium-sized vocabulary dictation task. means that not all of the components of a frequency anal-
. . . sis have to be retained, and so the 2D-cepstrum offers a
3. Acoustic modelling I: HMM phone )c/ompact representation of a longer temporalpcontext.
models over MFCC features In the experiments we tried to find the smallest feature
At the level of acoustic modelling we have been ex-set that gave the best recognition results. As a quick in-
perimenting with two quite different technologies. One dicator of the efficiency of a representation we used the
of these is a quite conventional Hidden Markov Model frame-level classification score, so the values given below
(HMM) decoder that works over the usual mel-frequencyare frame-level accuracy values (measured on a held-out
cepstral coefficient (MFCC) features (Huang et al., 2001)data set of 20% of the training data). First of all we tried to
More precisely, 13 coefficients are extracted from 25 mseextend the data of the ‘target’ frame by neighboring frames,
frames, along with theiA andAA values, at a rate of 100 without applying any transformation. The results shown in
frames/sec. The phone models applied have the usual JFable 1 indicate that training on more than 5 neighboring
state left-to-right topology. Although Hungarian has theframes only significantly increased the number of features
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and hidden neurons (and even more considerably the train- | Obs. size|| Hidden neurons Frames correc}

ing time) without bringing a real improvement in the score. 1 frames 150 64.16%

In the experiments with the 2D-cepstrum we first tried 3 frames 200 67.51%
to find the optimal size of the temporal window. Hence we 5 frames 250 68.67%
varied the size of the DFT analysis between 8, 16, 32, and 7 frames 300 68.81%
64, always retaining the first and second components (both 9 frames 350 68.76%

the real and the imaginary parts), and combined these with

the static MFCC coefficients. The results displayed in TableTable 1: The effect of varying the observation context size.

2 indicate that the optimum must be somewhere between 16
and 32 (160 and 320 milliseconds). This is smaller than the
400 ms value found optimal by Kanedera et al. (1998) and

0
the 310 ms value reported by Schwarz et al. (2003), but this 186 ;88 g?gg;’
might depend on the amount of training data available (a 32 200 67.01%2
larger database would cover more of the possible variations 64 200 64.75%

| DFT size || Hidden neurong Frames correct

and hence would allow a larger window size). Of course,
one could also experiment with the combination of various
window sizes as Kanedera et al. (1998) did, but we did not
run such multi-resolution tests.
As the next step we examined whether it was worth reJ
taining more components. In the case of the 16-point DFT]
we kept 3 components, while for the 32-point DFT we tried 32
retainin mponents (the high nter fr ncy bein
1%?75 HgZSacr:]% 1%?6§5tSHS reespgecetis\;[ecl:j).ti'hee?;seultsyshowgrable 3: Frame-level results with more DFT components.
(Table 3) that the higher modulation frequency components
are less useful, which accords with what is known aboutthe [ Transform [ Hidden neurong Frames correct

Table 2: Frame-level results at various DFT sizes.

DFT Size || Components H. neurons| Frames corr]

16 1,2,3 250 68.40%
1,2,3,4,5 300 70.64%

importance of the various modulation frequencies. DFT Re + Im 300 70.64%
Finally, we tried varying the type of transformation ap- DFT Re only 220 65.81%
plied. Motlicek reported that there is no need to retain both DCT 220 68.00%

the real and imaginary parts of the DFT coefficients; using
just one of them is sufficient. Also, he obtained a similar
performance when replacing the complex DFT with DCT
(Motlicek, 2003). Our findings agree more with those of
Kanedera et al. (1998), that is we obtained slightly worseestricted vocabulary is one of the reasons why we chose
results with these modifications (see Table 4). So we optethe medical dictation task. As was mentioned, the thyroid
for the complex DFT, using both the real and imaginarygland medical reports contained only about 2500 different
coefficients. One advantage of the complex DFT over thgvord forms. Although these many words could be easily
DCT might be that when only some of its coefficients aremanaged even by a simple list (‘linear lexicon’), we orga-
required (as in our case), it can be very efficiently computedize them into a lexical tree where the common prefixes of
using a recursive formulation (Jacobsen and Lyons, 2004)the lexical entries are shared. Apart from storage reduction
advantages, this representation also speeds up decoding, as
5. Domain-specific language modelling it eliminates redundant acoustic evaluations (Huang et al.,
A special difficulty of creating language models for 2001). The prefix tree representation is quite probably even
Hungarian is the highly agglutinative nature of the lan-more useful for agglqtlnatlve languages than for English,
guage. In a large vocabulary modelling task the applicaPecause of the many inflected forms of the same stem.
tion of a morphologic analyzer/generator seems inevitable. The limited size of the vocabulary and the highly re-
First, simply listing and storing all the word forms would stricted (i.e. low-perplexity) nature of the sentences used
be nearly impossible (an average noun can have about 700 the reports allowed us to create very efficidfigrams.
inflected forms). Second, if we simply handled all theseMoreover, we did not really have to worry about out-of-
inflected forms as different words, then achieving a cervocabulary words, since we had all the reports from the pre-
tain coverage rate in Hungarian would require a text aboutious six years, so the risk of facing unknown words dur-
5 times bigger than that in German and 20 times biggeing usage seemed minimal. The system currently applies
than that in English (Emeth and Zaink 2001). Hence, 3-grams by default, but it is able to ‘back off’ to smaller
the training of conventionaV-gram models would require N-grams (in the worst case to a smaltonstant) when
significantly larger corpora in Hungarian than in English, ornecessary. During the evaluation of thegrams the sys-
even in German. A possible solution might be to train thetem applies a language model lookahead technique. This
N-grams over morphemes instead of word forms, but themmeans that the language model returns its scores as early
again the handling of morphology would be necessary.  as possible, not just at word endings. For this purpose the
Though quite good morphological tools exist now for lexical trees get factored, so that when several words share
Hungarian, in the first experiments with our system we pre-a common prefix, the maximum of their probabilities is as-
ferred to avoid the complications with morphology. The sociated with that prefix (Huang et al., 2001). These tech-
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Table 4: The effect of varying the transformation type.



| Model Type | Feature Set | Male 1 | Male 2 | Female 1] Female 2]
HMM MFCC +A + AA 97.75% | 98.22%| 93.40% | 93.39%
HMM/ANN | MFCC +A + AA 97.65% | 97.37%| 96.78% | 96.91%
HMM/ANN | 5-frames« (MFCC +A + AA) 97.65% | 97.74% | 96.67% | 98.05%
HMM/ANN | MFCC +5 Mod. Comp. (Re +1m) 97.88% | 97.83% | 96.86% | 96.42%

Table 5: Word recognition accuracies of the various models and feature sets.

nigues allow a more efficient pruning of the search space. and linguistic modelling areas. Preliminary recognition re-
Besides wordV-grams we also experimented with con- sults were also given over a somewhat restricted subset of
structing classV-grams. For this purpose the words were the full domain to be handled. As the next step we plan
grouped into classes according to their parts-of-speech cate extend the vocabulary and language model to cover all
egory. The words were categorized using the POS taggehe available data, and our preliminary results show that
software developed at our university (Kuba et al., 2004)for a larger vocabulary several further improvements will
This software associates one or more MSD (morphobe necessary. On the acoustic modelling side we intend to
syntactic description) code with the words, and we conimplement speaker adaptation and context-dependent mod-
structed the clasd -grams over these codes. With the helpels (within the HMM system). We also plan to continue
of the classV-grams the language model can be made moreur research on observation context modelling (within the
robust in those cases when the wa¥dgram encounters HMM/ANN system). Finally, the language model will also
an unknown word, so it practically performs a kind of lan- need to be improved, especially when handling certain spe-
guage model smoothing. In previous experiments we foundial features like dates or abbreviations.
that the application of the language model lookahead tech-
nigue and clas®V-grams brought about a 30% decrease in 8. References
the word error rate when it was applied in combination withA. Banhalmi, A. Kocsor, and D. Paczolay. 2005. Support-
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Abstract
The development of a natural language dialogue system as an interface to a theater information database is a joint research project of
the University of Tartu (Estonia) and the Tallinn University of Technology (Estonia). The underlying database contains information
about theater performances in a certain theater or city. The dialogue system can be used to ask information about performances using
either spoken or typewritten natural language in Estonian. The dialogue management module was developed at the University of Tartu
while the modules for speech recognition and speech synthesis were added by the Tallinn University of Technology. This article
discusses the development of the dialogue module, the speech recognition module, and the speech synthesis module.

Sistem za dialog v naravnem jeziku kot vmesnik do gledaliSke podatkovne baze
Razvoj sistema za dialog v naravnem jeziku kot vmesnik do gledalike podatkovne baze je skupni raziskovalni projekt Univerze v
Tartuju (Estonija) in TehniSke univerze v Talinu (Estonija). Podatkovna baza vsebuje informacije o predstavah v dolo¢enem gledalis¢u
ali mestu. Sistem za dialog je mogoce uporabiti za pridobivanje informacij o predstavah bodisi v govorjeni ali pisni estons¢ini. Modul
za vodenje dialoga je bil razvit na Univerzi v Tartuju, medtem ko so module za razpoznavanje in sintezo govora dodali na Tehniski
univerzi v Talinu. Prispevek obravnava razvoj modulov za dialog, razpoznavanje govora in sintezo govora.

1. Introduction

The dialogue system developed in this project operates
in a constrained linguistic domain — theater information.
The underlying database contains information about
theater performances in a certain theater or city. The
dialogue system can be used to ask information about
performances. Currently, the system does not contain
price or booking information, also the names of actors and
authors are not included at this time. The system can deal
with either typewritten or spoken language. The typewrit-
ten interface is accessible at http://www.dialoogid.ee/.
The language used by the dialogue system is Estonian.

The research groups involved are with the Institute of
Cybernetics at the Laboratory of Phonetics and Speech
Technology of the Tallinn University of Technology, and
with the Institute of Computer Science at the Research
Group of Computational Linguistics at Tartu University.

The paper is organized as follows. Section 2 describes
the system components. Section 3 is concerned with
experiments. Section 4 describes the software environ-
ment of the implementation. Finally, our conclusions are
stated in section 5.

2. System Components

The dialogue system consists of modules for speech
recognition, dialogue management, morphological
analysis, query generation and speech synthesis (see
Figure 1). The date recognition module is a submodule of
query generation The theater information is stored in a
relational database system. The speech recognition,
dialogue management and speech synthesis modules are
all run as autonomous services

27

Speech
Recognition
Module

Speech Synthesis
Module

Dialogue Management Module

Morphological
Analyzer and
Generator

Query Generation and
Date Recognition

Figure 1: Dialogue system architecture
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2.1. Speech Recognition Module

The speech recognition module segments the input
stream into utterances and produces a recognition
hypothesis for each segment. It also triggers barge-in, if it
detects speech that continues for a configurable amount of
time. Barge-in sends a signal to the speech synthesis
module to stop any speech output.

2.1.1. Acoustic Modeling

The acoustic models for recognition experiments were
trained on the Estonian SpeechDat-like phonetic database
(Meister, et al., 2003), collected from volunteer speakers
over the telephone network. The total number of different
speakers in the database is 1332. The number of
acceptable utterances is 177 793. This represents about
241.1 hours of audio data.

The speech data was recorded at an 8 kHz sampling
rate and coded using 8-bit mono A-law. The recording
sessions consisted of a fixed set of utterance types, such as
isolated and connected digits, natural numbers, monetary
amounts, spelled words, time phrases, date phrases, yes/no



answers, person and company names, application words
and phrases, phonetically rich words, and sentences.

The open source SphinxTrain toolkit was used for
training the acoustic models. Models were created for 25
phonemes, the five filler/noise types and silence. For
acoustic features, MFCC coefficients were used. The
coefficients were calculated from a frequency band
ranging from 130 Hz to 3400 Hz, using a pre-emphasis
coefficient of 0.9. The window size was 0.0256 seconds
and the frame rate was 100 frames/second. A 512-point
FFT was used to calculate 31 filter banks, out of which 13
cepstral coefficients were generated. All units are modeled
by continuous left-to-right HMMs with three emitting
states and no skip transitions. The output vectors are 39-
dimensional and are composed of 13 cepstral coefficients,
delta and double delta coefficients. The final tied-state
triphone models have 8000 shared states in total. Each
state is modeled by eight Gaussian mixture components.

The pronunciation dictionary is automatically created
from word orthography using a set of context sensitive
rewrite rules. Since many performance names contain
foreign names, there is an additional manually compiled
pronunciation dictionary of non-native words that is
merged to the rule-driven dictionary.

2.1.2. Language Modeling

For speech recognition language modeling, a class-
based trigram model is used. The training data for the
language model is a set of sample questions to the system,
composed by system developers and testers, and collected
during live system testing. Some of the word classes used
in the language model are: city names, theater names,
performance names (synchronizable with the dialogue
manager database), day-of-month names, month names,
and weekdays. As Estonian is an inflective language, most
such words can occur in many inflections. Thus, there are
separate classes for each common inflection, e.g.,
[weekday, nom. sg.], [weekday, gen. sg.], [weekday, ad.
sg.] as in esmaspéev, 'Monday' nom. sg.; esmaspéeva,
‘Monday' gen. sg.; and esmaspéeval, 'Monday' ad. sg.

During the training process, all words in the training
sentences that belong to any class are replaced with the
corresponding class tag. The resulting pseudo-sentences
were used to train the trigram language model. All intra-
class probabilities were distributed evenly.

One problem with the language model is the common
use of shortened performance names in user queries. For
example, instead of saying the full name "Pianola or The
Mechanical Piano" (a popular performance), users tend to
refer to just "Pianola", often using the inflected word form
in the sentence (e.g., "Millal méngitakse Pianolat?",
"When is Pianola (gen. sg.) being played?"). Such
shorthand names are difficult to predict automatically
from the performance database. To cope with this, we
manually composed a list of such short names and put
them to a separate class (actually two classes - one for the
nominative and one for the often occurring genitive case).
However, those classes must be manually checked from
time to time for new entry candidates which creates some
additional administrative burden.

2.2. Dialogue Management Module

The dialogue management module integrates an
Estonian morphological analyzer/generator (Kaalep,
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1997). The Estonian language is an agglutinative language
that is rich in morphology. Therefore, the parsing
technique involves automatic generation of lemmas or
base forms using morphological analyzer. This way the
system can handle minor deviations of the input. As a
weakness — the morphological base form generation could
also trigger ambiguity leading to unexpected results. Some
deviations still cause problems and in the near future we
will use the spell checking functions of the morphological
analyzer to handle typing errors. We also plan to use the
Levenshtein algorithm to calculate the distance between
strings. This way we can guess which word (from a
dictionary or database) is intended when an unknown
word is encountered.

The morphological generator is used to produce
required forms of words from base forms e.g. from
jaanuar (January nom. sg.) to jaanuaril (on January ad.
sg.).

The system also uses examples of linguistic
phenomena from a dialogue corpus (Gerassimenko, et al.,
2004), yet it is not a stochastic approach as probabilistic
techniques are not used at the moment. We examined the
corpus to see how the users phrase their questions and
how they express dates and time.

2.2.1. Knowledge Base

The knowledge base of the dialogue management
module consists of a primary database and a secondary
database. The primary database contains the theater
information (city, theater, performance, date) and the
secondary database contains some simple linguistic facts
(domain specific words by attribute-value pairs), e.g.:

Keyword (the knowledge base is in Estonian): pilet
(ticket nom. sg.)

Values for keyword pilet (the number of values per
keyword is not limited):

Piletite hinnad puuduvad. (Sorry, we have no ticket
prices).

Piletite kohta kahjuks info puudub. (Sorry, we have no
information about tickets).

Tean ainult etenduste algusaegasid. (We only know
the dates of performances).

The primary database — the database of theaters and
performances — is gathered manually from several online
databases and is also updatable using a web interface. We
also plan to arrange the database to run automatic updates
daily.

The secondary database is also directly visible and
adjustable in a knowledge base settings file. Various
forms of greeting expressions and some domain specific
phrases can be modified by a system administrator.

2.2.2. Query Generation Module

The query generation component converts user input
to SQL (structured query language) queries - commands
to be passed to the underlying database.

The primary parser detects proper names that occur in
the primary relational database (names of performances
and theaters), date and time phrases. Once a certain
keyword has been recognized, the system may retrieve the
answer from the database having the power of SQL
available for quick definition and manipulation of data.



Let us consider a dialogue taking place between a
human and a computer.

<Human>: | would like to see the musical Cats on
March 17.

<Computer>: Cats is not playing on March 17. It is
playing on March 19.

In this example, the highlighted words (Cats and
March 17) are the actual keywords which convey the most
important information and are recognized by the system.
All the other words are semantically irrelevant and can be
ignored. The inflections that occur in Estonian language,
as in martsini (March ter. sg.), martsil (March ad. sg.), are
handled by the morphological analyzer that generates the
base form: marts (March nom. sg.).

The previous example might seem simple, yet the
recognition of dates is not a simple task. There are many
ways users can express dates and time (e.g. next Friday,
on Christmas day, two weeks from today). Therefore, we
have created a separate module in our system for date
recognition.

The reaction to a user utterance depends on the state of
the dialogue (dialogue context). That is, the choice of
answer is based on previously acquired knowledge. Users
can continue to ask queries about the previous topic. The
system can remember facts the user has asked before. For
example, if the user has mentioned a theater by name, all
further references to some certain dates are handled in the
context of the theater mentioned previously, e.g.,

<Human>: What is playing at Theater Royal?

<Computer>: The Producers is playing today.

<Human>: What about tomorrow?

<Computer>: There are no plays at the Theater Royal
tomorrow.

The secondary parser is used if the primary parser
gives no results. It can recognize only predefined words
and/or phrases described in the secondary database and
can only respond using a number of predefined sentence
patterns also described in the secondary database.

Randomization is used in choosing the answer from
the secondary database to provide the effect of non-linear
transformations between inputs and outputs. Users tend to
like slight unexpectedness and surprises (e.g., various
expressions of greetings). Users will get bored if the
system is too predictable and determine the limits of the
system too quickly.

It is essential to keep users actively engaged in trying
to get the answers they are searching for. This will provide
the developers with valuable chat logs as the system stores
all conversations. These chat logs are later used as training
data to manually improve the performance of the
linguistic model that relies on collection of predefined
keywords and expressions to represent semantic notions.

2.3. Speech Synthesis Module

Search results can be presented to the user in two
modalities: in text form and/or via speech output. In the
latter case the written answer will serve as the input text
for an Estonian text-to-speech synthesizer (Mihkla, et al.,
1999).

Speech synthesis starts with the linguistic analysis of
the input text, where the orthographic text is converted
into phonemic representation. The linguistic module
identifies numbers, abbreviations and acronyms in the
input sentence and transforms them into full orthographic
text. Next, the orthographic text is converted into an
adequate phonemic representation. A prosody model
calculates the phoneme durations and the contour of
fundamental frequency according to the communicative
type of sentence. Phonemic and prosodic information
serve as input for the acoustic unit generation, which is
based on the concatenative MBROLA model (Dutoit, et
al., 1993). The MBROLA-engine utilizes diphones as the
elementary concatenative units; the Estonian diphone
database includes about 1700 diphones.

Using synthetic speech as the output of a dialogue
system presents high demands on the prosodic (especially
intonation) modeling — the spoken answer must be
adequate with the dialogue structure and prosodically suit
the on-going discourse. The current version of the text-to-
speech synthesizer relies only on the linguistic
information of the input text and is not able to model the
prosodic structure of dialogue speech. Therefore, the
speech output is produced almost identically for different
types of answers. Significant improvement in prosody
modeling could be achieved by including information
about dialogue structure.

3. Results of Experiments

The system was tested with 150 conversations, some
typewritten and some spoken. There were differences in
typewritten and spoken conversations, yet the distinction
between those is not important at this stage of
development.

The system failed 25% of the time when attempting to
answer a question. Yet, the subjects failed to communicate
successfully with the system only 5% of the time. This
shows that the system can make mistakes while users are
still able to get their answers by rephrasing their
questions.

The main problems are:

e Some errors occur in pattern matching when minor
deviations in the input take place. These occur mainly
while matching the names of performances or names
of theatres. As stated above, in the near future we will
apply the Levenshtein algorithm to calculate the
distance between strings. This way we can guess
which word (from a dictionary or database) is meant
when an unknown word is encountered. We also plan
to use the spell checking functions of the
morphological analyzer to handle typing errors.

e The users quickly discover the limits of the system’s
knowledge — there is no information about ticket
prices, no booking. So the user is unable to retrieve
this information from the system. We plan to expand
the knowledge base and include ticket prices and
booking information in the near future.

4. Implementation

The dialogue module is a web enabled system.
Therefore, it is easy for the developer to add, modify and
deploy new functionality. The web enabled system also



provides an easy way to collect chat logs that can be used
as training data to manually improve the performance of
the linguistic model.

The dialogue module was developed in PHP using
MySQL as the database server and Apache HTTP Server
as the web server.

The speech recognition and speech synthesis modules
are standalone modules developed by collaborating
researchers at the Tallinn University of Technology.

5. Conclusions

The dialogue system developed in this project
demonstrates that we are capable of designing systems
which can understand a small subset of natural language
in a constrained linguistic domain. The conducted
experiments show that our methods are satisfactory yet
need some further improvements.

In the future, we hope to release a dialog based
speech-understanding system that could be used over a
telephone.
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Abstract
Cleft lip and palate (CLP) may cause functional limitations even after adequate surgical and non-surgical treatment, speech disorder
being one of them. Until now, an automatic, objective means to determine and quantify the intelligibility did not exist. We have
created an automatic evaluation system that assesses speech, based on the result of an automatic speech recognizer. It was applied to
35 recordings of children with CLP. A subjective evaluation of the intelligibility was performed by two experts and confronted to the
automatic speech evaluation. It complied with experts’ rating of intelligibility. Furthermore we present the results obtained on a control
group of 45 recordings of normal children and compare these results with those of the CLP children.

Samodejna ocena govora otrok z zajcjo ustnico in vol¢jim Zrelom

Zaj¢ja ustnica in vol¢je Zrelo lahko povzrocata funkcijske omejitve tudi po ustreznem operativnem ali neoperativnhem zdravljenju,
med njimi so tudi motnje govora. Do sedaj ni obstajal samodejni objektivni nain ugotavljanja razumljivosti. Razvili smo sistem za
samodejno vrednotenje, ki ocenjuje govor na podlagi rezultatov samodejnega razpoznavalnika govora. Uporabljen je bil pri 35 posnetkih
otrok z zaj¢jo ustnico in vol¢jim Zrelom. Subjektivno vrednotenje razumljivosti, ki sta ga opravila dva strokovnjaka, je bilo sooceno
s samodejnim vrednotenjem govora. Slednje se je ujemalo z oceno razumljivosti strokovnjakov. Poleg tega predstavljamo rezultate,
pridobljene pri kontrolni skupini s 45 posnetki govora otrok brez motenj govora, in jih primerjamo z rezultati posnetkov govora otrok z
zaj¢jo ustnico in vol¢jim Zrelom.

1. Introduction few years of experience (Paal et al., 2005). Until now, ob-
jective means exist only for quantitative measurements of
Cleft lip and palate (CLP) is the most common malfor- nasal emissions (Kiittner et al., 2003; Lierde et al., 2002;

mation of the head. It can result in morphological and func- Hogen Esch and Dejonckere, 2004) and for the detection
tional disorders (Wantia and Rettinger, 2002), whereat one of secondary voice disorders (Bressmann et al., 1998). But
has to differentiate primary from secondary disorders (Mil- other specific or non-specific articulation disorders in CLP

lard and Richman, 2001; Rosanowski and Eysholdt, 2002). as well as a global assessment of speech quality cannot
Primary disorders include e.g. swallowing, breathing and  be sufficiently quantified. In this paper, we present a new
mimic disorders. Speech and voice disorders (Schonweiler  technical procedure for the measurement and evaluation of
and Schonweiler, 1994) as well as conductive hearing loss speech disorders and compare the results obtained with sub-
that affect speech development (Schonweiler et al., 1999),  jective ratings of a panel of expert listeners.

are secondary disorders. Speech disorders can still be
present after reconstructive surgical treatment. The char-
acteristics of speech disorders are mainly a combination of For the objective measurement of the intelligibility of
different articulatory features, e.g. enhanced nasal air emis- children with speech disorders, an automatic speech recog-
sions that lead to altered nasality, a shift in localization of ~ nition system was applied, a state-of-the-art word recog-
articulation (e.g. using a /d/ built with the tip of the tongue nition system developed at the Chair for Pattern Recogni-
instead of a /g/ built with back of the tongue or vice versa), tion (Lehrstuhl fiir Mustererkennung) of the University of
and a modified articulatory tension (e.g. weakening of the Erlangen. In this study, the latest version as described in
plosives /t/, /k/, /p/) (Harding and Grunwell, 1998). They detail in (Stemmer, 2005) was used. The recognizer can
affect not only the intelligibility but therewith the social handle spontaneous speech with mid-sized vocabularies of

2. Automatic Speech Recognition System

competence and emotional development of a child. In clin- up to 10,000 words. As features we use Mel-Frequency
ical practice, articulation disorders are mainly evaluated by Cepstrum Coefficients (MFCC) 1 to 11 plus the energy of
subjective tools. The simplest method is the auditive per- the signal. Additionally 12 delta coefficients are computed

ception, mostly performed by a speech therapist. Previous over a context of 2 time frames to the left and the right side
studies have shown that experience is an important factor (56 ms in total). The recognition is performed with semi-
that influences the subjective estimation of speech disor- continuous Hidden Markov Models (SCHMMs). The code-
ders leading to inaccurate evaluation by persons with only book contains 500 full covariance Gaussian densities which
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are shared by all HMM states. The elementary recognition
units are polyphones (Schukat-Talamazzini and Niemann,
1991). The polyphones were constructed for each sequence
of phones which appeared more than 50 times in the train-
ing set.

We used two types of unigram language models ac-
cording to the application scenario. This helps to en-
hance recognition results by including linguistic informa-
tion. However, for our purpose it was necessary to put more
weight on the recognition of acoustic features. In the first
scenario the transliteration is assumed to be unknown. So
we created a basic language model which was trained with
just the reference words of the test (see below) since no fur-
ther information was available. This model has a perplex-
ity of 43 on the reference text. In the second scenario the
transliteration is available. This means that the data have to
be transliterated completely and that additional words can
appear which were not in the set of the reference words.
These words are added to the language model in order to
enable the their recognition. However, the probability of
the target words is increased by a factor of 2. The test set
perplexity of the language model differs for each speaker
since the language model is constructed individually if the
transliteration is known.

The speech recognition system had been trained with
acoustic information from spontaneous dialogues of the
VERBMOBIL project (Wahlster, 2000) and normal chil-
dren’s speech. The speech data of non-pathologic children
voices (30 female and 23 male) were recorded at two local
schools (age 10 to 14) in Erlangen and consisted of read
texts. The training population of the VERBMOBIL project
consisted of normal adult speakers from all over Germany
and thus covered all dialectal regions. All speakers were
asked to speak “standard” German. 90 % of the training
population (47 female and 85 male) were younger than 40
years. During training an evaluation set was used that only
contained children’s speech. The adults’ data was adapted
by vocal tract length normalization as proposed in (Stem-
mer et al., 2003).

MLLR adaptation (Gales et al., 1996) with the patients’
data lead to further improvement of the speech recognition
system.

3. Data

All children were asked to name pictures that were
shown according to the PLAKSS test (Fox, 2002). This
German test consists of 99 words shown as pictograms on
33 slides. With this test, the speech of children can be eval-
uated even if they are quite young since they do not need
the ability to read. However, the children could take advan-
tage of being able to read since the reference words were
shown as subtitles. The test includes all possible phonemes
of the German language in different positions (beginning,
center and end of a word).

The patients’ group consisted of 35 children and ado-
lescents (13 girls and 22 boys) with CLP at the age from
3.3 to 18.5 years (mean 8.3 4 3.6 years). The examination
was included in the regular out-patient examination of all
children and adolescents with CLP. These speech samples
were recorded with a close-talking microphone (dnt Call
4U Comfort headset) at a sampling frequency of 16 kHz
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and quantized with 16 bit. For these data no further post-
processing was done.

Furthermore a control group with 45 normal children
was recorded at a local elementary school. In total, data
from 27 girls and 18 boys were collected. The children
were in the age from 7.4 to 10.7 (mean 9.5 £+ 0.9 years).
The data were collected at 48 kHz with 16 bit quantiza-
tion. To match the patients’ data a resampling to 16 kHz
was done. For the control group a Sennheiser close-talking
microphone (handgrip K3U with ME 80 head) was used.
These data were post-processed: In some cases the voice
of the instructor was audible on the sound track. So the in-
structor’s voice was removed in all occasions. Furthermore
all of the children’s speech data was transliterated.

Informed consent had been obtained by all parents of
the children prior to the recording. All children were native
German speakers, some using a local dialect.

4. Subjective Evaluation

Two voice professionals subjectively estimated the in-
telligibility of the children’s speech while listening to a
play-back of the recordings. A five point Likert scale (1 =
very high, 2 = rather high, 3 = medium, 4 = rather low, 5 =
very low) was applied to rate the intelligibility of all indi-
vidual turns. In this manner an averaged mark — expressed
as a floating point value — for each patient could be calcu-
lated.

5. Analysis and Automatic Evaluation

For the agreement computations between different
raters on the one hand and raters/recognizer on the other
hand we use the Pearson product-moment correlation coef-
ficient (Pearson, 1896). It allows to compare two number
series which are of different scale and margin like in the
given case. So the ratings of the human experts and those
of the speech recognition system can be compared directly
without having to define a mapping between word accura-
cies and Likert scores. In order to compare both raters to
the recognition system the average rating of the experts was
computed for each speaker. For the recognition rate of the
speech recognition system we investigated the word accu-
racy (WA) like in (Haderlein et al., 2004), (Schuster et al.,
2005) or (Maier et al., 2006; Schuster et al., 2006) and the
word recognition rate (WR). The WA is defined as

c-1
WA:T-lo()%

where C' is the number of correctly recognized words, [
the number of wrongly inserted words and R the number of
words in the reference text. The WR is defined as follows:

c
WR = E-lOO%

Both measurements need a reference text in order to deter-
mine the number of correctly recognized words. However,
since the reference are pictures, the text is not known a pri-
ori. One solution to this problem is to transliterate all the
data like it was done before. Since we developed a new
recording and evaluation software we now know the exact
time when the reference slide was moved to the next slide.



measurement

|| recognized word chain

|reference | ¥ |

transliteration WA
transliteration WR

This is moon, bucket and a a ball
This is moon, bucket and a a ball

This is a moon, a bucket, and a tree | 55.5
This is a moon, a bucket, and a tree | 66.6

automatic WA
automatic WR

tiger moon bucket apple ball
tiger moon bucket apple ball

moon bucket tree 0
moon bucket tree 66.6

Table 1: Example of the effects of the automatic reference on the WA and WR. We assume that the spoken utterance is
“This is a moon, a bucket, and a tree”. Thus, the automatic reference is “moon bucket tree”

| measurement || transliteration WA | transliteration WR |

automatic WA 0.40 0.21
automatic WR 0.60 0.60

Table 2: Correlation between the different measurements
regarding the control group. The automatic WR yields the
results with the best correlation to the transliteration-based
measurements

| rater | M | S | mean |
automatic WA || -0.83 | -0.77 | -0.82
automatic WR || -0.88 | -0.85 | -0.89

Table 3: Correlation between the different raters and the
automatic measurements

We can exploit this information to approximate a reference
word chain. This reference word chain contains just the
words which are shown on the slide. Unfortunately this is
not sufficient to calculate a good word accuracy since most
of the children use carrier sentences like “This is a ...”
which are regarded as wrongly inserted words even if the
recognition would be perfect. In order to avoid this prob-
lem we applied the word recognition rate instead since it
does not weight the effect of inserted words. The differ-
ence between these methods is shown in Table 1.

6. Results

Since the control group was completely transliterated
and recorded with our new software we could investigate
the difference between the automatic measurements and
those based on the transliteration. As can be seen in Table 2
the word recognition rate correlates to both transliteration-
based measurements. The automatic word accuracy, how-
ever, matches poorly with the transliteration-based mea-
surements (cf. Table 1). Therefore we expected the WR to
show a good agreement with the results presented in (Maier
et al., 2006).

The recordings of the CLP children showed a wide
range of intelligibility (see Figure 1). Subjective speech
evaluation showed good consistency. The correlation coef-
ficient for the raters was 0.91. The results for the correla-
tions of the WA, the WR and the subjective speech evalua-
tion are shown in Table 3. When compared to the average
of the raters, the WA for the recognizer has a correlation
of -0.82 while the WR even correlates with -0.89. The co-
efficients are negative because high recognition rates come
from “good” speech with a low score number and vice versa
(note the regression line in Figure 1).

Figure 2 shows the word recognition rates of children in
the same age range of both groups. As can be seen, almost
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Figure 1: Word recognition rates in comparison to the
scores of the human experts for the patient group (r =
—0.89)

all 45 children of the control group have high recognition
rates. The distribution of the patients’ group shows a high
variance. This is due to the fact that the patients’ group con-
tained a wide range of intelligibility. Some of the patients
were as intelligible as normal children (cf. Figure 1). The
correlation between the age and the word recognition rate
is 0.2 for the 45 children of the control group and 0.3 for
the 20 children of the patient group. So there is just a weak
connection between the age and the intelligibility.

7. Discussion

First results for an automatic global evaluation of
speech disorders of different manifestations as found in
CLP speech are shown. The speech recognition system
shows high consistency with the experts’ estimation of the
intelligibility. The use of prior information about the speech
test and its setup allows us the create a fully automated pro-
cedure to create a global assessment of the speaker’s intel-
ligibility. In difference to (Maier et al., 2006) no manual
post-processing was done. Still the experts’ and the recog-
nizer’s evaluation show a high correlation.

Using a control group we could show that our measure
is sufficient to differentiate normal children’s speech from
pathologic speech. Furthermore we could show the consis-
tency of our new measure to the transliteration-based eval-
uation methods.

The technique allows an objective evaluation of speech
disorders and therapy effects. It avoids subjective influ-
ences from human raters with different experience and is
therefore of high clinical and scientific value. Automatic



patients

~_ control group
__distribution patients
distribution control group - - - -

14 T T T T T
12 .
10 .
o 8T 7]
&0
& 6 L+ 1
4 - ST —
2F 7 SN .
0 ,”/ ~ ‘l \\‘e
30 40 50 60 70 80 90

word recognition rate

Figure 2: Distribution of the patients and the control group
over the word recognition rate. Only members with about
the same age were considered.

evaluation in real-time will avoid long evaluation proceed-
ings by human experts. Further research will lead to the
classification and quantification of different speech disor-
ders. This will allow to quantify the impact of individual
speech disorders on the intelligibility and will improve ther-
apy strategies for speech disorders.

8. Conclusion

Automatic speech evaluation by a speech recognizer is
a valuable means for research and clinical purpose in order
to determine the global speech outcome of children with
CLP. It enables to quantify the quality of speech. Adap-
tation of the technique presented here will lead to further
applications to differentiate and quantify articulation dis-
orders. Modern technical solutions might easily provide
specialized centers and therapists with this new evaluation
method.
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Abstract
This paper deals with feature extraction in speech recognition. Three robust variants of popular HLDA transform are investigated.

Influence of adding posterior features to PLP feature stream is studied. The experimental results are obtained on CTS (continuous
telephone speech) data. Silence-reduced HLDA and LCRC phoneme-state posterior features together provide more than 4% absolute

improvement in word error rate.

Robustna heteroroskedasti¢na linearna diskriminantna analiza (HLDA) in LCRC posteriorne znacilke pri
razpoznavanju tekocega govora z velikim besednjakom

Prispevek se ukvarja z izlo¢anjem znacilk v razpoznavanju govora. Raziskane so tri robustne razli¢ice priljubljene transformacije HLDA.
Obravnavan je vpliv dodajanja posteriornih znailk zaporedju znacilk PLP. Experimentalni rezultati so dobljeni na podlagi podatkov
zveznega telefonskega govora. HLDA in LCRC posteriorne znailke stanja fonema skupaj prinasata ve¢ kot 4% absolutno izboljSanje pri

stopnji zanesljivosti razpoznavanja besed.

1.

Speech feature extraction is important part of every
large vocabulary continuous speech recognition system
(LVCSR). Performance gains obtained thanks to this block
are quite welcome as (on contrary to adding data or chang-
ing training or decoding algorithms), feature extraction is
considered as “cheap” part of speech recognition system.

One of key problems in feature extraction is to reduce
the dimensionality of feature vectors while preserving the
discriminative power of features. Linear transforms such
as Principal Component Analysis (PCA) and Linear Dis-
criminant Analysis (LDA) are mostly used for this task. In
recent years, Heteroscedastic Linear Discriminant Analysis
(HLDA) has gained popularity in the research community
(Kumar, 1997; Burget, 2004) for its relaxed constraints on
statistical properties of classes (unlike LDA, HLDA does
not assume the same covariance matrix for all classes).
To compute HLDA transformation matrix, however, more
statistics need to be estimated and the reliability of such
estimations becomes an issue. Section 2. discusses robust
variants of HLDA.

Second part of the paper is devoted to the use of
posterior-features. Posteriors generated by neural networks
(NN) and converted into features are also increasingly pop-
ular in small (Adami et al., 2002) and large (Zhu et al.,
2005) recognition systems for their complementarity with
classical PLP or MFCC coefficients. Section 3. introduces
phoneme-state posterior estimator based on split temporal
context (Schwarz et al., 2004; Schwarz et al., 2006) that has
already proved its quality in different tasks ranging from
language identification to keyword spotting.

Introduction

2. HLDA

HLDA allows to derive such projection that best de-
correlates features associated with each particular class
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(maximum likelihood linear transformation for diagonal
covariance modeling (Kumar, 1997)). To perform de-
correlation and dimensionality reduction, n-dimensional
feature vectors are projected into first p < n rows, ag—1...p,
of n x n HLDA transformation matrix, A.. An efficient iter-
ative algorithm (Gales., 1999; Burget, 2004) is used in our
experiments to estimate matrix A, where individual rows
are periodically re-estimated using the following formula:

/ T
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ar =c;G ckG(k)*lcf

where c; is the i*" row vector of co-factor matrix C' =
|A|A~! for current estimate of A and
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where 3 and 3 are estimates of the global covariance
matrix and covariance matrix of jth class, v; is number
of training feature vectors belonging to j*" class and T is
the total number of training feature vectors. In our exper-
iments, the classes are defined by each Gaussian mixture
component and «y; are their occupation counts.

Well known Linear Discriminant Analysis (LDA) can
be seen as special case of HLDA, where it is assumed that
covariance matrices of all classes are the same. In contrast
to HLDA, closed form solution exists in this case. Basis
of LDA transformation are given by eigen-vectors of ma-
trix X ¢ X ZITVIC, where Xy ¢ is within-class covariance
matrix and X 4 is across-class covariance matrix.

2.1. SHLDA

HLDA requires the covariance matrix to be estimated
for each class. The higher number of classes is used, the



fewer feature vector examples are available for each class
— class covariance matrix estimates become more noisy.
We have recently proposed (Burget, 2004) a technique
based on combination of HLDA and LDA, where class co-
variance matrices are estimated more robustly, and at the
same time, (at least the major) differences between covari-
ance matrices of different classes are preserved. Smoothed
HLDA (SHLDA) differs from HLDA only in the way
of class covariance matrices estimation. In the case of
SHLDA, estimate of class covariance matrices is given by:

3 =a%; + (1 - a)Zwe 3)
where 4 1s “smoothed” estimate of covariance matrix for
class j. flj is estimate of covariance matrix, Xy ¢ is esti-
mate of within-class covariance matrix and « is smoothing
factor — a value in the range of 0 to 1. Note that for o« equal
to 0, SHLDA becomes LDA and for « equal to 1, SHLDA
becomes HLDA.

2.2. MAP-SHLDA

SHLDA gives more robust estimation than standard
HLDA but optimal smoothing factor a depends on the
amount of data for each class. In extreme case, « should
be set to 0 (HLDA) if infinite amount of training data is
available. With decreasing amount of data, optimal « value
will slide up to LDA direction.

To add more robustness into the smoothing procedure,
we implemented maximum a posteriori (MAP) smoothing
(Gauvain and Lee, 1994), where within-class covariance
matrix Xy ¢ is considered as the prior. Estimate of the
class covariance matrix is then given by:
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where 7 is a control constant. Obviously, if insufficient data
is available for current class, the prior Xy ¢ is considered
more reliable than the class estimation 3;. In case of infi-
nite data, only the class estimation of covariance matrix ) j
is used for further processing.

2.3. Silence Reduction in HLDA

From the point of view of transformation estimation,
silence is a “bad” class as its distributions differ signif-
icantly from all speech classes. Moreover, training data
(even if end-pointed) contains significant proportion of si-
lence. Therefore, we have experimented with limiting the
influence of silence.

Rather than discarding the silence frames, the occupa-
tion counts «y; of silence classes, which take part in compu-
tation of global covariance matrix 3, and in Equation 2 are
scaled by silence reduction factor 1/SR. Setting SR = oo
corresponds to complete elimination of silence statistics.

3. Posterior features

Several works have shown that using posterior-features
generated by NNs is advantageous for speech recognition
(Adami et al., 2002; Zhu et al., 2005). We have experi-
mented with two setups to generate posteriors. The first one
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is based on a simple estimation of phoneme posterior prob-
abilities from a block of 9 consecutive PLP-feature vectors
(FeatureNet).

The second one uses our state-of-the-art phoneme-state
posterior estimator based on modeling long temporal con-
text (Schwarz et al., 2006). Details of the posterior estima-
tor are shown in Fig. 1. Mel filter bank log energies are
obtained in conventional way. Based on our previous work
in phoneme recognition (Schwarz et al., 2004), the context
of 31 frames (310 ms) around the current frame is taken.
This context is split into 2 halves: Left and Right Contexts
(hence the name “LCRC”). This allows for more precise
modeling of the whole trajectory while limiting the size of
the model (number of weights in the NN) and reducing the
amount of necessary training data. For both parts, tempo-
ral evolutions of critical band log energies are processed
by discrete cosine transform to de-correlate and reduce di-
mensionality. Two NNs are trained to produce phoneme-
state posterior probabilities for both context parts. We use
3 states per phoneme which follows similar idea as states
in phoneme HMM. Third NN functions as a merger and
produces final set of phoneme-state posterior probabilities!

For both approaches, the resulting posteriors are pro-
cessed by log and by a linear transform to de-correlate and
reduce dimensionality (details are given in the experimental
section below).

4. Experiments

Our recognition system was trained on ctstrain04 train-
ing set, a subset of the h5train03 set, defined at the Cam-
bridge University as training set for Conversation Tele-
phone Speech (CTS) recognition systems (Hain et al.,
2005). It contains about 278 hours of well transcribed
speech data from Switchboard I, IT and Call Home English.
All systems were tested on the Hub5 EvalOl test set com-
posed of 3 subsets of 20 conversations from Switchboard
I, II, and Switchboard-cellular, for a total length of about 6
hours of audio data.

The baseline features are 13th order PLP cepstral coef-
ficients, including Oth one, with first and second derivatives
added. This gives a standard 39 dimension feature vec-
tor. Cepstral mean and variance normalization was applied.
Baseline cross-word triphone HMM models were trained
by Baum-Welch re-estimation and mixture splitting. We
used a standard 3-state left-to-right phoneme setup, with 16
Gaussian mixture components per state. 7598 tied states
were obtained by decision tree clustering. Each Gaussian
mixture was taken as a different class for HLDA experi-
ment. Therefore, we had N = 16x7598 = 121568 classes.

The trigram language model used in decoding was es-
timated at University of Sheffield by interpolation from
Switchboard I, II, Call Home English and Hub4 (Broadcast
news) transcriptions. The size of recognition vocabulary
was 50k words.

The recognition output was generated in two passes:
At first, lattice generation with baseline HMMs and bi-
gram language model was performed. The lattices were

"Neural nets are trained using QuickNet from ICST and SNet —
a parallel NN training software being developed in Speech@FIT
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Figure 1: Phoneme-state posterior estimator based on split left and right contexts.
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Figure 2: Dependency of WER on the SHLDA smoothing
factors.

expanded by more accurate trigram language model. The
pruning process was applied to reduce them to reasonable
size. In the second pass, lattices were re-scored with tested
features and models.

4.1. Flavors of HLDA

We added the third derivatives into the feature stream,
which gave us 52 dimensional feature vectors. SHLDA
transform was then trained to perform the projection from
52 to 39 dimension. Smoothing factors « in Eq. 3 of 0.0
(LDA),0.3,0.4,0.5,0.7,0.9, 1.0 (HLDA) were tested. Fig-
ure 2 shows dependency of WER on SHLDA smoothing
factor . Pure LDA failed, probably due to bad assumption
of the same Gaussian distribution in all classes. The best
system performance (Table 1) was obtained for smoothing
factor 0.9. The relative improvement of this system is 7.9%
compared to the baseline and 0.6% compared to the clean
HLDA setup.

MAP-SHLDA test setup was built in same way as
SHLDA system, only the smoothing procedure (Equa-
tion 3) was replaced by MAP approach (Equation 4). The
average value of all class occupation counts was 820.
Therefore 7 = 820 in MAP-SHLDA should have the same
behavior as & = 0.5 in SHLDA if all classes had the same
number of observations. The optimal smoothing values for
SHLDA were in range 0.5—0.9 (Figure 2). Therefore, we
decided to test smoothing control constant 7 on values 0
(HLDA), 100, 200, 300, 400, 600, 800 and 1000. The re-
sults are shown in Figure 3. The best system performance
(Table 1) was obtained for 7 = 400. The relative improve-
ment of this system is 8% compared to the baseline and
0.7% compared to the clean HLDA setup.

Silence reduction in HLDA (SR-HLDA) was tested
with factors SR equal to 1 (no reduction), 2, 10, 100 and
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on the MAP-SHLDA

| System | WER [%] |
Baseline (no HLDA) 36.7
HLDA 34.8
SHLDA 34.6
MAP-SHLDA 34.6
SR-HLDA 34.5

Table 1: Comparison of HLDA systems.

oo (removing all silence classes). For SR = 1, the WER is
obviously 34.8%, for SR = 2 it drops to 34.6% and from
SR =10...00itis constant: 34.5%.

4.2. Posterior features

Posterior features were always used together with base
PLP features. Table 2 summarizes the results.

Upper part of Figure 4 shows the way the two fea-
ture streams were combined in FeatureNet experiments.
The upper branch corresponds to the previous section. To
compute posterior features, 9 frames of PLP+A+AA were
stacked and processed by a neural net with 1262 neurons in
the hidden layer (this number was chosen to have approx-
imately 500k weights in the NN). There are 45 phoneme
classes, which determines the size of the output layer. Log-
posteriors are processed by KLT or HLDA and then con-
catenated with PLP+HLDA features to form the final 64-
dimensional feature vectors.

Lower panel of Figure 4 presents the setup with LCRC-
posterior features. The PLPs were derived directly with A,
AA and AAA, and down-scaled by HLDA to 39 dimen-
sions. The detail of LCRC-posterior feature derivation is in
Fig. 1, all nets had 1500 neurons in the hidden layer. For



| System | WER [%] |
PLP SR-HLDA 34.5
PLP SR-HLDA + PLP-posteriors KLT 33.8
PLP SR-HLDA + PLP-posteriors HLDA 333
PLP SR-HLDA + LCRC-posteriors HLDA 32.6

Table 2: Performance of posterior features in the CTS sys-
tem.

39 52

stacking |
9 frames

52

PLP, AAAAAA HLDA '4

LC-RC 135 135 70 25
HLDA concat
64

system
(3 nets)

Figure 4: Configuration of the system with PLP- (upper

panel) LCRC-posteriors (lower panel).

PLP, A,AA

NN
(hidden
layer 1262)

KLT
or
HLDA

concat

64
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Mel filterbank

each frame, the output of LCRC system are estimates of
135 phoneme-state? posterior probabilities. As the number
of phoneme-state posteriors is too high to fit the statistics
necessary for HLDA estimation into the memory, the out-
put dimensionality of LCRC system is first reduced by KLT
from 135 to 70. The following HLDA reduces this size to
25, and the results are concatenated with PLP+HLDA fea-
tures to form again 64-dimensional feature vectors.

We see, that the posterior features improve the results by
almost 1% absolutely, and that there is clear preference of
HLDA to KLT. With the new LCRC features, we have con-
firmed good results they provide in phoneme recognition
(Schwarz et al., 2006) — with these features, the results are
almost 2% better than the PLP SR-HLDA baseline.

5. Conclusion

In this paper, we have investigated robust variants of
HLDA and use of classical and novel posterior features in
speech recognition.

In the HLDA part, 2 approaches of HLDA smoothing
were tested: Smoothed HLDA (SHLDA) and MAP vari-
ant of SHLDA, taking into account the amounts of data
available for estimation of statistics for different classes.
Both perform better than the basic HLDA. We have how-
ever found, that removing the silence class from the HLDA
estimations (Silence-reduced HLDA) is equally effective
and cheaper in computation. Testing SHLDA and MAP-
SHLDA on the top of SR-HLDA did not bring any fur-
ther improvement, therefore we stick with SR-HLDA as the
most suitable transformation in our LVCSR experiments.

Two kinds of posterior features were tested — “classical”
FeatureNet approach with stacked 9 frames of PLPs and

%see (Schwarz et al., 2006) for details on splitting each of
phonemes to 3 phoneme-states
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novel approach using more elaborate structure to phoneme-
state posterior modeling. The later scheme provided signif-
icant reduction of word error rate.

Our current work focuses on using the described feature
extraction schemes in meeting data recognition along with
speaker adaptative training scheme based on constrained
maximum likelihood linear regression (CMLLR) and dis-
criminative training using Minimum Phoneme Error (MPE)
criterion. First results indicate that the improvement ob-
tained by SHLDA and posterior features carries on through
both adaptation and discriminative training steps.
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Abstract

This paper presents our initial results in a new approach to vocal tract normalization (VTN). In experiments based on continuous
automatic speech recognition (ASR) the VTN procedure is in general carried out in both training and test phase. In the training phase it
is used to obtain speaker independent acoustic models of phones. In the test phase it is used to convert input observations into
observations nearer to the ones corresponding to the universal speaker. The approach described in this paper is new, because instead of
training a single set of acoustic models for the universal speaker, several sets of acoustic phone models corresponding to speakers with
similar vocal tract lengths were created. Instead of using the VTN procedure in the test phase, the recognized sequence estimated as the
most likely one among sequences based on different acoustic model sets was identified as the final recognition result.

Normiranje vokalnega trakta na podlagi lege formantov

V prispevku so predstavljeni zacetni rezultati novega pristopa k normiranju vokalnega trakta (NVT). V eksperimentih, ki temeljijo na
samodejnem razpoznavanju tekocega govora, se postopek NVT izvaja tako v uéni kot v testni fazi. V uéni fazi se uporablja za
pridobivanje akusti¢cnih modelov fonov, ki niso odvisni od govorca. V testni fazi se uporablja za pretvorbo vhodnih opaZzanj v
opaZanja, ki so bliZja tistim, ki ustrezajo univerzalnemu govorcu. Pristop, ki je opisan v tem prispevku, je nov: namesto da bi ucili
posamezno mnozico akustiénih modelov za univerzalnega govorca, je bilo ustvarjenih ve¢ mnoZic akusti¢nin modelov fonov, ki
ustrezajo govorcem s podobno dolZino vokalnega trakta. Namesto uporabe postopka NVT v testni fazi je bil konéni rezultat
razpoznavanja prepoznano zaporedje, ki je bilo ocenjeno kot najbolj verjetho med zaporedji, temeljecimi na razli¢nih mnoZicah
akusti¢nih modelov.

niques are not robust enough. Zhan and Waibel (1997)
1. Introduction showed that VTN based on formant positions did not

Most of today’s automatic speech recognition (ASR) result in any performance improvement, since formant
systems are based on hidden Markov models (HMM). frequency could not reflect difference in vocal tract length
Acoustic variations between training and test conditions, ~@MONg speakers because they are calculated with an
caused by different microphones, channels, background unconstrained context and there is no guarantee of phone
noise as well as speakers, are known to deteriorate ASR  palance in context among speakers (Zhan, Waibel, 1997).
performance. Speaker variations can be divided into ~ EXact phone boundaries can be used to avoid the problem
extrinsic and intrinsic. Extrinsic variations are related to of context deper_1dency of formant positions only in the
cultural variations among speakers as well as their emo- training phase, since they are not known in the test phas_e.
tional state, resulting in diverse speech prosody features.  In this ar;proach eXECt Iphone b;)undaﬂes ar_ehus_ed_lln
Intrinsic variations are related to speaker anatomy (vocal tralnllng p a:se toh make ¢ usﬁerf 0 spefa ers I:Wt simi a][
tract dimensions) and they manifest in different formant ~ VOcal tract lengths. For each cluster of speakers a set o0

positions of a given phoneme. Procedures for reducing ~ acoustic models is created. In the test phase the recog-
variation caused by different vocal tract dimensions in  Nized sequence estimated as the most likely one among

feature domain are known as vocal tract normalization ~ Seduences based on different acoustic model sets was
(VTN) procedures, whereas procedures in acoustic model identified as the final recognition result. Division of the
domain are referreéi to as adaptation procedures. training set into subsets i.e. speaker clusters would reduce

In this paper the improvements of the AlfaNum ASR the number of utterances per cluster and decrease robust-
system obtained by the VTN procedure will be presented. €SS of consequent acoustic models. In order to overcome
In section 3, a description of the corpus and features used th|§ problem a warping procedure was used to extend each
is given. Section 4 contains a description of HMM model- training subset with utterances spoken by speakers out of

ing on phonetic level. A description of VTN procedures is e cluster.
given in section 5. Experiment results are presented in
section 6, followed by conclusions in section 7. 3. Database and features
The used corpus is a part of the Serbian SpeechDat
2. Goal of the paper database (Puri¢, Pekar, Jovanov, 2002), containing only

utterances spoken by male speakers. The corpus in this
experiment is reduced only to those speakers for which at
least 10 instances of each vowel could be found in the
database in order to achieve good vocal tract length
estimation for each speaker in the corpus. The Serbian
SpeechDat database was recorded through the public
switched telephone network and sampled at 8 kHz with 8-
bit A-law quantization. The training set contains 14496
utterances spoken by 340 speakers. For testing system

Variations in vocal tract length are the main reason for
diverse formant positions within a given phoneme spoken
by different persons, hence formant based spectrum warp-
ing is more than reasonable. Unfortunately, this approach
to VTN has several disadvantages: (i) formant positions
are context dependent and could vary largely with differ-
ent context even for a single speaker; (ii) there are over-
laps between different formants across vowels spoken by
various speakers; (iii) existing formant estimation tech-
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performance 2 test sets were used. The first test set
contains 184 utterances spoken by 17 different speakers.
No utterance spoken by any of these speakers is present in
the training set. The second test set contains 435
utterances spoken by 17 different speakers. Some of the
utterances spoken by these speakers are present in training
set but not the same ones. The feature vector which was
used consists of 2 streams. The first stream contains 6
energy coefficients: normalized energy, logarithm of the
energy and their first and second derivatives. The second
stream contains 36 coefficients (12 static, 24 dynamic),
which describe spectral envelope and its changes in time.
These 12 static coefficients describe spectral slopes, or
more precisely, differences in energy between successive
filter banks. Filter banks divide the Mel-scaled spectrum
from 50 to 3800 Hz into 27 regions of equal width. Slopes
are evaluated for every other filter bank starting from the
third one. Spectral components below 300 Hz and above
3400 Hz are given less relative importance because the
AlfaNum ASR system uses telephone quality recordings
where these components are distorted. The feature vector
is estimated on 30 ms long segment. Overlapping between
successive segments is 20 ms.

4. Models

For the purposes of this experiment, several changes
into the phonetic inventory of the Serbian language had to
be introduced. Instead of the standard 5 vowels in Serbian,
two sets containing 5 long and 5 short vowels are taken
into consideration (the boundary between the two being
65 ms), and the phone /o/ (IPA notation) is regarded as a
standard vowel as well. The distinction based on vowel
length is motivated by a need to model steady formant
positions within long vowels better. Closure and explosion
of affricates and stops are modelled separately and
referred to as subphones. The basic modelling unit is a
context dependent phone or subphone referred to as
triphone. Silence and non-speech sounds present in the
corpus are modelled as context independent units.

The number of states per model is proportional to the
average duration of all the instances of the corresponding
phone in the database. The number of mixtures per state
depends on the distribution of observations in the feature
space and is determined dynamically. During the initial
training the maximum number of mixtures and the mini-
mum number of observations per mixture are specified.

Using triphones instead of monophones leads to a very
large set of models and insufficient training data for each
triphone. All HMM state distributions would be robustly
estimated if sufficient observations were available for
each state. This could be achieved by extending the train-
ing corpus or by including observations related to acousti-
cally similar states. The second solution was chosen as
being less expensive, even though it generates some sub-
optimal models. More details about the tying procedure
used can be found in (Jakovljevi¢, Pekar, 2005).

5. Formant estimation and the warping
function

Variations in vocal tract length are the main reason for
diverse formant positions within a given phoneme spoken
by different persons, therefore formant based spectrum
warping is more than reasonable. Unfortunately, the
existing formant estimation techniques are not robust
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enough. Some of the most frequent errors are: formant
merging, shifting formant frequencies towards harmonics
and false maximum caused by channel distortion (Gouvea,
1998). The algorithm used for formant detection was the
one described in (Welling, Ney, 1998). The algorithm
does not perform sufficiently well for Serbian vowels /u/
and /i/. The first and the second formant of the vowel /u/
are in many cases very close to each other in the spectrum,
and the algorithm can erroneously identify them as a
single formant, thus the third formant is detected as the
second. The first formant of the vowel /i/ is very low and
in some cases attenuated by the channel, and the algorithm
often identifies the peak in the range between 600 and
1800 Hz as the first formant. This kind of error is caused
by pre-emphasis, but omitting pre-emphasis would result
in wrong formant positions for other vowels. Coarticu-
lation is known to cause formant transition in vowels. If
the vowel is too short, positions of its formants cannot
reach context neutral values. In order to reduce this type
of variability, formant position estimation is based on the
most reliable 50% of the frames of long vowels /a/, /e/ and
/o/, which are those in the middle of the vowel. The results
published show minor differences in performance for
various VTN function types (Zhan, Westphal, 1997;
Uebel, Woodland, 1999; Pitz, 2005). The linear function
was chosen as the simplest one and applied in addition to
the Mel-scale warping mentioned above. The most natural
way to evaluate the frequency warping factor is as a mean
value of the ratio of the universal and the current formant
value, the universal formant value being the mean formant
value for a given phone across all speakers. The frequency
warping factor « (i.e. linear function slope) for a given
speaker can thus be estimated as follows:
Hil
a. = i

¢ zl:zf: Filf (1)

where g is the mean value of the i-th formant in the
phone | across all speakers, and Fj; is the current value of
the i-th formant in the frame f of the phone I. This
approach to warping factor estimation does not consider
the possibility of false formant estimation. A more robust
way to estimate «is as follows:

a; =arg mgx{n P{aFiIf |il}} 2
Zi Firr 443 /Un2
Qs =—F——= 3
f 2 (Filf ﬂn/Uil )2 ©
2ra [ P{asFy lil}
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; ani P{ot Ry |1}
where ¢ is the warping factor for the f-th frame, Fi; is

the value of the i-th formant in the f-th frame, g is the

mean value of the i-th formant in the phone I, si is the

standard deviation for the i-th formant in the phone I,

P{c Fisli,I} is the probability that frequency o Fy is

actually the i-th formant in the phoneme I, and « is the

warping factor for a given speaker. In the first stage for
each frame, warping factor ¢ is evaluated as most
probable warping factor for given vowel (Eq. 2). Under
assumption that formant distribution across all speakers
for a given vowel is Gaussian, Eq. 2 becomes Eq. 3. In the
second stage the warping factor for a given speaker is
calculated as the average value across all frames. Taking
probability P{e; Fis|i,I} into account reduces formant



estimation errors. This method could be performed only in
the training phase, when phones and theirs boundaries are
known. If the warping factor were calculated based on
formant positions of only one formant of a single vowel,
the reliability factor P{e; Fis|i,I} would be eliminated,
reducing Eg. 4 to Eq. 1.

6. Experiments

6.1. Finding optimal features for warping factor

estimation

The first step of the experiment was finding optimal
features for warping factor estimation. The search space
contains different combinations of the first 3 formants (F1,
F2 and F3) of the vowels /e/, /a/ and /o/. During the
evaluation of the formant estimation algorithm, vowels /i/
and /u/ were identified as unreliable (about 40% of
observed frames were incorrect). Instead of using an
existing ASR system as a reference, a new one using the
training corpus adapted for VTN purposes and described
in section 2 was trained. Results are thus made inde-
pendent of the training corpus and none of the utterances
of speakers whose utterances are present in the test set are
used for acoustic models training. The grammar consists
of 195 different words where 8 of them are not present in
the VTN test set but are phonetically similar to some of
the existing ones. The testing was carried out in a
supervised mode to avoid errors caused by incorrect
vowel recognition, because the aim of this step was to find
optimal features (the set of formants) for reliable warping
factor estimation and not to implement VTN procedure
itself. In supervised mode phone boundaries are located

formant |vowe| false |ins |del WER[%]
reference system 47 37 0 20.90
F2 e/ 39 P4 1 15.92
F2 allel 38 27 1 16.42
F1 F2 F3)a/ 41 B1 0 17.91
F3 e/ 43 29 Q1 18.16
F2 F3 e/ 42 30 1 18.16
F2 F3 a/lo/ 44 30 [0 18.41
F2 alle/lo/39 35 1 18.66
F2 a/ 46 B1 0 19.15
F2 F3 a/lello/4d3 B4 1 19.40
F3 o/ 46 33 1 19.90
F2 e/lo/ 44 35 1 19.90
F2 F3 a/ 49 B2 0 20.15
F1 a/ 47 B4 20.40
F2 F3 alle/l 45 B7 Q1 20.65
F2 F3 e/lo/ 49 35 [0 20.90
F2 a/llo/ 47 37 0 20.90
F3 a/ 46 37 1 20.90
F1 e/ 50 43 1 23.38
F2 F3 o/ 55 6 0 27.61
F2 o/ 64 pB5 P2 30.10
F1 o/ 71 B2 0 30.60

Table 1: System performances for different features for
warping factor estimation
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Figure 1. The histogram of the warping factor range

manually. After appropriate warping factor evaluation for
each speaker in the test set, the recognition is performed.
The results of this phase of the experiment are presented
in Table 1. The best system performance is achieved by
warping factor estimation based on the second formant of
the vowel /e/. Very similar performance is obtained if the
warping factor is estimated based on the second formant
of vowels /e/ and /a/ instead. Performance improvement
comes mostly as a result of a decrease in the number of
insertions. Reduction of Eg. 4 to Eq. 1 had no effect since
reliability of formant estimation for phoneme /e/ is high.
Since the vowel /a/ is the closest one to the neutral vowel
/af, where each formant frequency is inversely propor-
tional to vocal tract length, it was expected that the VTN
based on the formants of the vowel /a/ would produce the
best results. However, this was not the case. The results
obtained for the formants of the vowel /a/ show some
interesting features. If a single formant (F1, F2 or F3)
were used for warping factor estimation, or a combination
of F2 and F3, the gain is far less than if all 3 formants (F1,
F2 and F3) of the same vowel were used. A possible
explanation is that during warping factor estimation based
only on one formant of a single vowel, warping factor
estimation is less reliable, as explained in section 5. It can
be seen that experimental results are not very consistent.
The system performance in case warping factor estimation
is based on F2 of the vowel /a/ is somewhat inferior to the
system performance in case the estimation is based on F3
of the vowel /e/. On the other hand, the system with
warping factor estimation based on F2 of vowels /e/ and
/al performs significantly better than the system with
estimation based on F2 and F3 of the vowel /e/. One can
find further such examples in Table 1. The first formant
turned out to be the least appropriate feature for warping
factor estimation. A system with warping factor estima-
tion based only on the first formant shows serious degra-
dation of performance in comparison with the referent
system in most cases, except for the vowel /a/. In the
experiments described in (Gouvea, 1998), the system
using warping factor estimation based on the first formant
showed the least improvement, but the result was still
better than if no VTN procedure had been used. For this
reason the first formant was not used in any of the
experiments, except in the case of the vowel /a/, because
the ratio of its first three formant frequencies is always
near to 1:3:5 and it can be shown that F1 contributes to the
reliability of estimation of F2 and F3. The second formant
has turned out to be the best feature for warping factor
estimation. That was not unexpected, since it is known
that professional impersonators move their F2 closer to
the one of the target speaker, as it seems to be a very
important feature of human speaker recognition
(Blomberg, Elenius, Zetterholm, 2004). Unfortunately,
variations among warping factors obtained in different
ways are rather high. Fig. 1 shows the distribution of the



differences between the maximum and minimum warping
factor values for each speaker. This is the reason why for
some feature combination VTN procedure did not result in
any improvement.

6.2. Vocal tract normalization

A common method for improving performance is to
use separate acoustic model sets for male and female
speakers. Instead of creating an universal acoustic model
set, 3 separate model sets were created, representing
phones uttered by male speakers only. We intend to
extend this approach to the models for female speakers.
Any division of the training set into subsets would reduce
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Figure 2. Warping factor histogram for warping
factor estimation based on the 2nd formant of /e/

1.1 1.15 1.2

the number of utterances per subset and decrease
robustness of consequent acoustic models. In order to
overcome this problem warping factors based on F2 of the
vowel /e/ were used to extend each of the training sets.
The histogram of warping factors for all speakers in the
training set is shown in Fig 2. It can be seen that the best
coverage of speakers in the training set can be obtained if
the subsets of speakers with warping factor values 0.95, 1
and 1.05 are chosen. In order to be able to include the
utterances with an inappropriate warping factor in the
training set, the spectrum of each such utterance should be
scaled with the ratio of its own warping factor and the
target warping factor.

The comparative performance is presented in table 2.
In this experiment the most successful set of acoustic
models describing phones uttered by male speakers was
used as the referent system. The referent system was
trained on all sentences in the corpus, not only those of
speakers for which at least 10 instances of each vowel
were found in the database. The test set is the same as the
standard set for system evaluation described in section 2.
It contains 597 utterances with 735 words spoken by 100
speakers. The grammar consists of 110 words with 40 of
them not present in the training set.

In this way the complexity increased 2.8 times
(somewhat less than 3 because each subset in the extended
VTN system had fewer mixtures than the referent system
itself), and the relative improvement is about 7%. It is
expected that extension of this approach will result in
smaller complexity increase since some of the male and
female phone utterances overlap regarding formant
positions. The extension of the test set will improve WER

system false | ins | del | WER[%]
referent 39 37 |1 8.35
extended VTN | 30 26 |1 7.75

Table 2: System performance
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resolution, which may give a better picture of the relative
improvement.

7. Conclusion

In this paper a new approach to the vocal tract
normalization procedure is presented. Three separate
acoustic model sets are created to describe phones uttered
by male speakers only. The utterances are split into 3
classes according to speaker vocal tract length estimated
based on F2 of the vowel /e/. Reduction of the number of
instances caused by this procedure is overcome by
recalculation of warping factors for each utterance. Each
model set is trained on the same utterances, but warping
factors for an utterance may vary depending on the model
being trained. Such an approach omits warping factor
calculation during the test procedure, but increases model
complexity about 3 times. Achieved relative improvement
in WER of 7 % is very small considering the increase in
complexity. It is expected that the extension of this
approach to acoustic models of phones spoken by female
speakers will result in a more significant improvement in
performance without such an increase in complexity. On
the other hand, this extension will expand the training
corpus with utterances spoken by female speakers.
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Abstract

We present the efforts involved in designing SI-PRON, a comprehensive machine-readable pronunciation lexicon for Slovenian. It has
been built from two sources and contains all the lemmas from the Dictionary of Standard Slovenian (SSKIJ), the most frequent
inflected word forms found in contemporary Slovenian texts, and a first pass of inflected word forms derived from SSKJ lemmas. The
lexicon file contains the orthography, corresponding pronunciations, lemmas and morphosyntactic descriptors of lexical entries in a
format based on requirements defined by the W3C Voice Browser Activity. The current version of the SI-PRON pronunciation lexicon
contains over 1.4 million lexical entries. The word list determination procedure, the generation and validation of phonetic
transcriptions, and the lexicon format are described in the paper. Along with Onomastica, SI-PRON presents a valuable language
resource for linguistic studies and research of speech technologies for Slovenian. The lexicon is already being used by the Proteus
Slovenian text-to-speech synthesis system and for generating audio samples of the SSKJ headwords.

SI-PRON: slovar izgovorjav slovenskih besed

Naglasno mesto predstavlja zlog, na katerem ima beseda tonsko ali jakostno izrazitost. Glede na besedno obliko poznamo stalno mesto
naglasa, kot npr. v franco$¢ini na zadnjem zlogu, delno omejeno mesto naglasa, kot npr. v hrvascini, kjer zadnji zlog ni nikoli
naglasen, ter prosto mesto naglasa. Za slovenski jezik je znacilno prosto mesto naglasa, saj se ta lahko pojavi na prvem, zadnjem,
predzadnjem ali predpredzadnjem zlogu. Prav tako ima lahko posamezna beseda ve¢ mest naglasa. Mesto naglasa je dolo¢eno za vsako
besedo posebej in se ga nauc¢imo hkrati z uéenjem jezika in besed. Slovar izgovarjav, ki vsebuje foneti¢ne prepise besed, vkljucno z
oznakami za naglasno mesto, je nujno potreben jezikovni vir za razvoj jezikovno-tehnoloskih izdelkov ter za jezikoslovno Studije. Za
slovenski jezik so bili zgrajeni Stevilni slovarji izgovarjav, noben izmed njih pa ne pokriva celotnega besedisca iz Slovarja slovenskega
knjiznega jezika. V prispevku predstavljamo postopek pridobivanja SI-PRON slovarja izgovarjav za slovenske besede, ki so zbrane v
SSKJ. Seznam osnovnih besednih oblik smo razsirili s Stevilnimi pregibnimi oblikami. Skupaj z Onomastico predstavlja SI-PRON
dragocen jezikovni vir za izgradnjo govornih aplikacij. Vgrajen je bil v sintetizator govora za slovenski jezik, Proteus, prav tako je bil
uporabljen za izgradnjo zvoénih podob gesel SSKIJ, ki so predstavljene na spletni razli¢ici slovarja SSKJ, na strani http://bos.zrc-
sazu.si/sskj.html.

by the “Lexical Markup Framework” under ISO 24613
1. Introduction (Romary et al., 2006). The same description structure in
terms of morphology, syntax and semantics (and
critical to the success of many speech technology trar}slation) applies to monolil}gual up to.multilingqal
applications. Most state-of-the-art Automatic Speech lex1cqns. Multi-word  expressions are given special
Recognition (ASR) and Text-To-Speech (TTS) systems  attention.. - = . -
rely on lexicons, which contain pronunciation information Another initiative, the W3C Voice Browser Activity,
for many words. To provide for a maximum coverage of ~ 1as recently issued a last-call working draft of the
the words, multi-word expressions or even phrases, which ~ Pronunciation Lexicon Specification (PLS) Version 1.0

commonly occur in a given application-domain, (W3C PLS Version 1.0, 2006), which is expecte;d to be
application-specific word or phrase pronunciations may be soon submitted as a W3C candidate recommendation. The

required, especially for application-specific proper nouns, ~ FLS_document was designed to enable interoperable
such as personal names or location names. specification of pronunciation information for both ASR

Several guidelines have been reported to define the and TTS engines within voice browsing applications. The
structure of a pronunciation lexicon, ranging from simple ~ Mark-up language allows one or more pronunciations for a
two-column ASCII lexicons providing the mapping Word or phrase to be specified using a standard
between graphemic and phonemic transcriptions, to more ~ Pronunciation alphabet or if necessary using vendor
general de-facto standards and new standardization specific alphabets. Pronunciations are grouped together

attempts, which are also handling multiple orthographies info the PLS document which may be referenced frgm
and multiple pronunciations. other markup languages, such as the Speech Recognition

The ISO-TC37 initiative, which started at LREC 2002, ~ Grammar Specification (SRGS) and the Speech Synthesis
initiated work on a family of ISO standards related to Markup Language (,SSML):
natural language processing (Romary et al, 2006). The Bronugma‘uon Lexicon Markup Languag@:, ba;ed
Currently these standards are available in working drafts 1 PLS, is designed to allow open, portable specification

of high-Tevel specifications for word segmentation, feature ~ ©f pronunciation information for speech recognition and
structures, annotations, and also for lexicons. The high- speech synthesis engines. The language is intended to be

level specifications build on lower-level specifications in €3Sy to use by developers while supporting the accurate
form of language and country codes, data categories, code gpec1ﬁcgt10111 of  pronunciation  information  for
scripts, and Unicode. Lexicon specifications are covered international use.

Consistent specification of word pronunciation is

a4



The LC-STAR project consortium published another
set of recommendations for speech technology lexicons,
with an emphasis on application in machine translation,
speech recognition and speech synthesis (Shamas & van
den Heuvel, 2004; Fersge et al., 2004). A Slovenian
lexicon, produced at the University of Maribor, has been
built in the scope of the project (Verdonik et al., 2004).
Compared to the LC-STAR lexicon specifications the
current version of PLS lacks description specifications for
more complex features, such as morphological, syntactic,
and semantic features of lexical entries.

In Slovenian, lexical stress can be located on almost
any syllable and it obeys hardly any rules. The stressed
syllable in Slovenian may form the ultimate, the
penultimate or the preantepenultimate syllable of a
polysyllabic word. Speakers of Slovenian have to learn
lexical stress positions along with learning the language.
As a consequence, a pronunciation lexicon that indicates
lexical stress positions for as many Slovenian words as
possible is crucial for the development of speech
technology applications and linguistic research. Such a
lexicon can be used either in its full-blown form or as a
training material for machine learning techniques aimed at
automatically predicting word pronunciations.

Several attempts towards pronunciation lexicon
construction for Slovenian have been reported so far
(Derli¢ & Kaci¢, 1997; Gros & Mihelic, 1999; Gros et al.,
2001; Sef et al., 2002; Verdonik et al., 2002; Miheli¢ et
al., 2003). However, none of them has used the full lemma
set as given in the Dictionary of Standard Slovenian
(SSKJ) (SSK1J, 1991).

The paper describes the construction of a
comprehensive reference pronunciation lexicon for
Slovenian based on two sources: the information from the
SSKJ and another list of the most frequent inflected word
forms, which has been derived by an analysis of
contemporary Slovenian text corpora.

2. The SI-PRON Pronunciation Lexicon

2.1. SI-PRON Word List

The work on designing a new pronunciation lexicon
begins with the selection of words, multi-word
expressions or phrases, which will be represented in the
lexicon. Several word-list selection procedures are known
(Ziegenheim, 2003).

The construction of the SI-PRON lexicon started with
the complete lemma word list of 93,154 entries from the
SSKJ provided by the Fran Ramovs Institute of the
Slovenian Language, furnished with basic lexical stress
information on the stressed vowels and pronunciation
exceptions. The complete word pronunciations still had to
be determined.

In order to further expand the SI-PRON word list, we
are augmenting the SSKJ lemma descriptions with part-of-
speech information and declension/conjugation categories
(Toporisic, 1991), specifying the inflectional paradigms of
the lemmas. Irregular inflected word forms are processed
separately. Using automatic procedures, we are fully
expanding the lemmas into inflected word forms. So far,
over 1 million lexemes containing lexical stress
information have been derived.
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Since SSKJ contains many words derived from literary
texts, not so common in everyday situations, we decided
to upgrade the SI-PRON pronunciation lexicon with a list
of 50,000 most frequent inflected word forms whose
lemmas are not covered by the SSKJ word list. This
additional word list has been derived from a statistical
analysis of a contemporary Slovenian text corpus. The
corpus comprising over 3 million Slovenian words was
composed mainly from fiction and mainstream Slovenian
newspaper texts: Delo, Vecer, and the former Slovenec.
After tokenization and the elimination of numerals, named
entities, acronyms, and abbreviations, the remaining text
corpus included over 3 million tokens. Acronyms,
abbreviations, and named entities were stored into
separate word lists.

A statistical analysis performed on the text corpus
showed that about 50.000 most frequent words accounted
for approaching 95% of all non-SSKJ words used in the
text corpus (Gros & Miheli¢, 1999). These words form the
main additional word list. They were equipped with part-
of-speech tags indicating the part-of-speech function of
the words in the text corpus.

2.2. Collocations and Multi-word Expressions

The identification of collocations, i.e. current
combinations of words as they appear in context, can
considerably increase the naturalness of synthetic speech.
In human speech, collocations act as prosodic units and
are subject to a higher degree of reduction and internal
coarticulation than they would be had they been ordinary,
separate words. We have chosen a lexical approach for
handling collocations. The most common collocations or
multi-word expressions, reflexive verbs included, are
stored in a separate pronunciation lexicon.

3. Phonetic Transcriptions

We have developed a tool to automatically derive
word pronunciations for the SSKJ inflected words, by
looking-up their stem pronunciation and appending that of
the correct inflection from inflectional paradigms and
morphological rules of Slovenian (Toporisic, 1991).

Therefore, the pronunciation of lexemes has been
derived automatically for the SSKJ and SSKIJ inflected
word lists (about 2,500 entries, mainly words of foreign
origin that do not obey the general Slovenian
pronunciation rules, have been manually transcribed), and
semi-automatically for the remaining part of the word list.
Automatic lexical stress assignment and automatic
grapheme-to-phoneme conversion rules have been used to
process the latter.

3.1. Lexical Stress Assignment

The automatic lexical stress assignment algorithm for
unseen words, which we applied is to a large extent
determined by (un)stressable affixes, prefixes, and
suffixes of morphs and is based upon observations by
linguists (Toporisic, 1991).

For words that do not belong to these categories, the
most probable stressed syllable is predicted using the
results from a statistical analysis of stress position
depending on the number of syllables within a word (Gros
& Miheli¢, 1999).



3.2. Grapheme-to-Phoneme Rule Set for

Slovenian

Context-free grapheme-to-allophone rules from the
Proteus standard words rule set (Zganec Gros, 2006)
translate each grapheme string into a series of allophones.

The rules are accessed sequentially until a rule that
satisfies the current part of the input string is found. The
transformation defined by that rule is then performed, and
a pointer is incremented to point at the next unprocessed
part of the input string. The procedure is repeated until the
whole string has been converted.

The context free rules are rare and they include a one-
to-one correspondence, two-to-one correspondence and
one-to-two correspondence.

The vast majority of the rules for grapheme-to-
allophone transcription for Standard Slovene are context-
sensitive. This means that a grapheme or a string of
graphemes is transcribed differently according to its
phonetic environment. Certainly all rules for determining
which allophone of a certain phoneme is to be used in a
phonetic sequence are context-dependent.

Each context-sensitive rule consists of four parts: the
left context, the string to be transcribed, its right context
and the phonetic transcription. A number of writing
conventions has been adopted in order to keep the number
of rules relatively small and readable. The left and the
right context may contain code characters describing
larger phonetic sets, e.g.: ‘# stands for vowels, ‘$ for
consonants, °_’ for white space.

The rules for consonants are rather straightforward,
while those for vowels must handle vowel length and the
variant realizations of the orthographic /e/ and the
orthographic /o/ in stressed syllables.

A typical grapheme-to-allophone rule in the Proteus
standard words rule set has the following structure:

left grapheme right allophone
context  string context string
$ lex/ _ [@r]
= /m/ k [N]

The first rule says that the word final /er/ preceded by
a consonant is transcribed as [@r] (e.g. /gaber/ ->
[*ga:.b@r]). The second rule implies that any /n/ followed
by /k/ is transcribed into [N] ([N] is the allophone of [n]
when followed by /k/ or /g/, e.g. in /anka/ -> [*a:N.ka]).

The initial rule set based on the one produced in 2001
(Gros et al., 2001) was built by taking into acconut
various observations of expert linguists, e.g. (ToporiSic,
1991), and other basic rule sets for Slovenian grapheme-
to-allophone transcription (Gros & Miheli¢, 1999).

The initial set of rules has been undergoing continuous
refinement ever since and resulted in 194 rules of the
Proteus standard words rule set (Zganec Gros, 2006).
Rules for coarticulatory pronunciation corrections of
words according to the words’ left context and to the right
context are included.

In the recent years, telecommunication applications of
ASR and TTS have increased in importance, e.g.
automatic telephone directory inquiry systems. Names of
locations (cities, streets, etc.) and other proper names
cannot be mentally reconstructed from the context when
listening to the messages, and correct name pronunciation
is required. The Proteus standard word rules developed for
a standard Slovenian vocabulary do not lead to
satisfactory results when applied to names. Therefore,
additional ‘name-specific’ rules were added to the final
Proteus standard words rule set resulting in the Proteus
names rule set.

neani ng "good" in English -->
</ | exene>
</ | exi con>

<?xm versi on="1.0" encodi ng="UTF- 8" ?>

for the pronunciation of the Sloveni an word:

<l exi con version="1.0" xm:lang="si-SI" al phabet="x-sanpa- Sl -reduced">
<l exenme>
<gr aphenme>dober </ gr aphenme>
<phonene>"d/ o: - b@ </ phonene>
<I-- This is an exanple of the x-sanpa-Sl|-reduced string

"dober",

Figure 1. An example of a simple lexicon file with a single lexeme within SI-PRON.

3.3. Transcription Accuracy Experiment

The phonemization errors were determined by
comparing the automatic transcription outputs to manually
verified pronunciation lexicon transcriptions.

A performance test applied on the SI-PRON SSKIJ-
based word list pronunciation lexicon showed error rates
of about 25% in the stress assignment of unknown words
and consequently in the phonetic transcription. If stress
assignment and the transcriptions of graphemic /e/ and /o/
in stressed syllables was manually verified or known in
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advance, a transcription success rate of 99.1% was
achieved for standard SSKJ words.

A closer examination of the mismatches revealed that
the majority of the errors could be attributed to
inconsistencies in manual labelling during the preparation
of the original SSKJ.

As a consequence, we argue that, in order to semi-
automatically derive phonetic transcriptions for Slovenian
words not covered by the lexicon with a 0.3% error rate,
manual validation of the stress position and its type have
to be carried out, starting from automatically predicted
stress positions. The rest can be performed automatically




by applying our wupgraded grapheme-to-phoneme

conversion rule set.

4. SI-PRON Format

The SI-PRON lexicon format complies with the
Pronunciation Lexicon Specification (PLS) Version 1.0, a
W3C Voice Browser Activity working draft of syntax
specification for pronunciation lexicons (W3C PLS
Version 1.0, 2006). This lexicon specification has been
recommended for use by speech recognition and speech
synthesis engines in voice browser applications.

The element <| exene> represents a lexical entry and
may include multiple orthographies and multiple
pronunciation information. An example of a simple
lexicon file with a single lexeme within SI-PRON would
be as shown in Fig. 1.

In the Pronunciation Lexicon Specification, the
pronunciation alphabet is specified by the al phabet
attribute of the <phonene> element. We are using the
“x-sampa-SI-reduced” phonetic alphabet, a subset of the
X-SAMPA set as defined for Slovenian (Zemljak et al.,
2002), augmented with additional markers for Slovenian
lexical stress accents (acute, circumflex, and grave) and
tonemic accents (tonemic acute and tonemic circumflex).
Both primary and secondary stress positions are marked.

The <alias> element is used to provide the
pronunciation of an acronym or an abbreviation in terms
of an expanded orthographic representation.

4.1. Homographs

Homographs or words with the same spelling but
different pronunciations can be treated in two ways. If we
do not want to distinguish between the two words then we
can represent them as alternate pronunciations within the
same <| exene> element. In the opposite case, two
different <I exene> elements need to be used. In both
cases the application, which is making use of the lexicon,
will not be able to decide when to apply the first or the
second transcription unless additional information, such as
context-specific attributes or part-of-speech information is
provided.

4.2. Multiple Pronunciations

Providing multiple pronunciations for items that share
the same orthography and meaning is important for speech
recognition lexicons because they provide information on
variations of pronunciation within a language. Therefore,
for many lexemes, words, and multi-word expressions,
multiple standard pronunciations are specified, including
those, which consider possible coarticulation effects at
word boundaries. Multiple pronunciations are indicated by
subsequent <phonene> elements within one <| exene>
element.

Pronunciation preference — extensions needed?

In TTS applications, typically only one pronunciation
among the multiple pronunciation possibilities is required.
Therefore, to indicate default pronunciation variation, the
pref er attribute can be used in PLS. In SI-PRON,
unless marked otherwise, the default pronunciation is the
first pronunciation from SSKJ.

However, sometimes several pronunciation variations
in SSKJ are (almost) equally preferred, whereas the actual
preferred pronunciation for the TTS engine may depend
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on the application. This is not to be confused with
application-specific pronunciations, which can be handled
in separate application-specific pronunciation lexica.
What we have in mind is that there may exist several
almost equally preferred pronunciations for a given
grapheme, and the developers would like to have a
mechanism that would enable them to systematically
choose the preferred one.

Typically one of the two almost equally preferred
pronunciations yields better rendering of input text if the
application requires either overarticulated or fluent pro-
nunciation. Therefore, we would welcome a new optional
attribute to the <phonene> element in PLS, the: pr on-
styl e attribute indicating the preferred pronunciation
variation of a lexeme with respect to the desired
pronunciation style. The two attribute values, which
would be wuseful for SI-PRON, are "fluent" and
"overarticulated".

In addition, the pron-styl e optional attribute
would need to be introduced into SSML, as a defined
attribute for the <voi ce>, <speak>, <p>, and <s>
elements.

For the same elements in SSML: <voi ce>,
<speak>, <p>, and <s>, another optional attribute,
emotion, would be useful (e.g. for computer games, where
emotion changes occur frequently).

Example: For Slovenian male nouns, ending with a
consonant followed by "ilec", SSKJ often provides one of
the following single or multiple pronunciations of the "ilc"
sequence within the genitive form of the noun:
[1Uts]/[ilts], [ilts]/[iUts], [ilts], or [iUts]; examples would
be Slovenian words "nosilca", "krotilca", "darovalca", etc.
Many other cases of such pronunciation variations are
known for Slovenian, and are marked in SSKJ.

Whenever there are two pronunciation variations in
SSKIJ they typically account for an overarticulated (e.g.
[ilts]) or a more fluent (e.g. [iUts]) pronunciation
variation. The pronunciation order as indicated in SSKJ
indicates a slight pronunciation preference in standard
usage and should still be indicated by the prefer
attribute. In order to enable high-quality TTS such
pronunciation differentiations should be captured in the
text rendering process.

This would avoid the confusion of having a multitude
of TTS pronunciation lexicons with different variations of
the default pronunciation as given by the prefer
attribute. The multiple lexicons are impossible to edit
synchronously, and the proposed approach would allow us
to use one master pronunciation lexicon.

4.3. Multiple Orthographies

Sometimes multiple orthographies of a word share the
same meaning and pronunciation. They are presented with
subsequent <gr aphene> eclements within a single
<| exenme> element.

4.4. Part-of-Speech Tags

The most recent specification of the PLS focuses on
the major features described in the PLS requirements
document. Many more complex features, such as those
providing morphological, syntactic and semantic
information associated with pronunciations are expected
to be introduced in a future revision of the PLS
specification.



Therefore, proprietary <| enmmra> and <nor phsynt >
elements have been additionally defined for SI-PRON.
Multext-East morphosyntactic  descriptors for the
Slovenian language, as described in (Erjavec, 2004), were
used to provide the part-of-speech information of the
lexemes, along with the lemmas.

5. SI-PRON Validation

Finally, the SI-PRON lexicon has been subjected to an
automatic validation as a way to ensure that the structure
of the document is well-formed and conforms with the
chosen Document Type Definition (DTD).

Additionally, manual validation of both phonemic
transcriptions and morphosyntactic descriptions was
performed on a subset of the lexicon comprising 5.000
lexical entries. A subset from the LC-STAR lexicon
specifications for lexicon validation criteria was used
(Shamas and den Heuvel, 2002).

A lexicon editing tool with a user-friendly interface
has been designed to allow inspecting, editing, browsing
and automatic validation of the pronunciation lexicon.

6. Conclusion

Due to free lexical stress position, pronunciation lexica
are of crucial importance for development of speech
technology applications and linguistic research for
Slovenian. They are not only used for providing
application-specific pronunciations or pronunciations of
names, but are indispensable in any TTS or ASR system.

The task of constructing a master pronunciation
lexicon is very tedious and time-consuming and should
not be repeated often. Therefore, a master-lexicon
approach is best suited for Slovenian TTS, in which many
speaking-style pronunciation nuances are captured. We
propose refined extensions to both PLS and SSML, which
are described in section 4, and mainly deal with multiple
pronunciations and morphosyntactic descriptions.

Along with Onomastica, SI-PRON presents a valuable
language resource for linguistic studies as well as for
research and development of speech technologies for
Slovenian. The lexicon is already being used by the
Proteus Slovenian text-to-speech synthesis system
(Zganec Gros, 2006) and for generating audio samples of
the SSKJ word list, which are available at the very end of
every SSKJ lexical entry description (SSKJ audio, 2006).
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Abstract

The aim of this paper is to discuss and specify some pragmatic language categories that could be used as attributes in spontaneous
speech corpora, especially the corpora used for developing speech-to-speech translation systems components. When developing the
speech-to-speech translation, researchers have to deal with spontaneous (conversational) speech phenomena like hesitations, turn-
taking behaviors, self-repairs, false starts, filled pauses... This makes speech-to-speech translation a very hard task, with much space
for improvement. Language technologies use linguistically annotated corpora and lexica (morphologic, syntactic, semantic...) to
achieve better performance. In this paper I suggest to include pragmatic attributes of annotation to deal with some of the above
mentioned phenomena of spontaneous speech.

Pragmati¢no oznaceni korpusi v strojnem simultanem prevajanju govora

Namen tega prispevka je definirati nekatere pragmaticne jezikovne kategorije, ki jih lahko uporabimo kot atribute v pragmati¢no
oznacenih govornih korpusih, zlasti tistih, ki se uporabljajo pri razvoju sistemov strojnega simultanega prevajanja govora.
Raziskovalci, ki delajo na podrocju tehnologije strojnega simultanega prevajanja govora, opozarjajo, da je v pogovoru polno
elementov, kot so obotavljanja, menjavanje vlog, samopopravljanja, napacni zacetki, premori... Te znadilnosti so problemati¢ne za
strojno simultano prevajanje govora in zahtevajo ustrezne reSitve. Pri razvoju jezikovnih tehnologij se uporabljajo jezikoslovno
oznaceni korpusi in slovarji (oblikoslovni, skladenjski, semanticni...), saj pripomorejo k vecji uspesnosti tehnologije. V tem prispevku
predlagam vkljuCevanje pragmati¢nih atributov za oznacevanje govornih korpusov, da bi na tak nacin premoscali tezave pri razvoju
strojnega simultanega prevajanja govora, ki jih navajam zgoraj.

when dealing with spontaneous speech encourage us to try

. Introduction it and discuss it, and to encourage some further discussion

1. Introducti tand d t, and t g further d

Many projects developing speech-to-speech translation on pragmatically annotated corpora is one of the aims of
this paper.

systems (eg. Verbmobil — http://verbmobil.dfki.de/, Janus
— http://www.is.cs.cmu.edu/mie/janus.html, EuTrans -
http://www.cordis.lu/esprit/src/30268.htm, Nespole! —
http://nespole.itc.it/) had to face the reality of spontaneous
(conversational) speech. It is wusually observed that
spontaneous speech includes »disfluencies, hesitations
(um, hmm, etc.), repetitions« (Waibel, 1996), »pauses,
hesitations, turn-taking behaviors, etc.« (Kuremtasu et al.,
2000), »self-interruptions and self-repairs« (Tillmann,
Tischer, 1995), disfluencies such as »a-grammatical
phrases (repetitions, corrections, false starts), empty
pauses, filled pauses, incroprehensible utterances,
technical interruptions, and turn-takes« (Costantini et. al,
2002). Such characteristics can cause many problems for
automatics speech recognition and speech centered
translation, which are part of a speech-to-speech
translation system.

In linguistics (I refer to linguistics not only as a study
of language system, but also as a study of language use)
most of the above mentioned -characteristics are
considered as pragmatic, and are the subject of interest in
some fields of discourse analysis or pragmatics. In this
paper I will try to specify some basic pragmatic attributes
that cover some of these spontaneous speech
characteristics and that could be easily annotated in
spontaneous speech corpora. There have been few tries to

The research presented in this paper is based on a
corpus in the Slovenian language, therefore the attributes
for annotation are defined for the Slovenian, but the
presented concepts themselves are general. More details
on all aspects of the research which is a basis for this
discussion can be found in (Verdonik, 2006).

For the Slovenian language, speech-to-speech
translation system recently became an interesting issue.
(Zganec et al., 2005) present a design concept of the
Voice TRAN, speech-to-speech translation system that
would be able to translate simple domain-specific
sentences in the Slovenian-English language pair. The
other concept for the speech-to-speech translation system
including the Slovenian language is named Babilon, and it
is presented on the http://www.dsplab.uni-
mb.si/Dsplab/Slo/Projects_slo_ demo.php.

The structure of this article is the following: first I
describe the corpus (Turdis-1) that was used to track,
analyze and specify the pragmatic attributes for
annotation. Chapters 3, 4 and 5 bring specification of the
three levels of pragmatic annotation in spontaneous
speech corpora: conversation structure (sections, turns,
utterances), discourse markers and repairs. In chapter 6
some conclusions are drawn.

annotate some pragmatic elements in speech corpora for 2. Data for the analysis — the Turdis-1
use in developing speech technologies or natural language For the analysis I used a speech corpus of telephone
processing (eg. Heeman et al., 1998; Heeman, Allen,  conversations in tourism. Tourist domain seems to be one

1999; Miltsakaki et al., 2002), however pragmatics as  of the most promising and popular for speech-to-speech
level of annotation in language resources is fa}f frombeing  translation systems (it was the main or one of the main
broadly discussed or accepted. The processing problems  domains for speech-to-speech translation projects like
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Verbmobil, Janus, Nespole!, EuTrans...). Since the tourist
domain in general is too broad as a domain of interest for
typical speech-to-speech translation applications, it was
further restricted to the following sub-domains:
- telephone conversations in tourist agency
- telephone conversations in tourist office
- telephone conversations in hotel reception
Conversations with professional tourist agents and real
tourist organizations were recorded. The callers were
contacted personally; they were mostly employees and
students of the University of Maribor. The tourist
organizations which participated in recording were: two
local hotels, local tourist office and four local tourist
agencies. All conversations were in the Slovenian
language which was also the mother tongue of all the
callers. Recorded material was transcribed using the

Transcriber tool (http://trans.sourceforge.net/
en/presentation.php). We considered some of the
EAGLES recommendations (http://www.lc.cnr.it/

EAGLES96/spokentx/) and principles of transcribing
BNSI Broadcast News database (Zgank et al., 2004) when
transcribing. More details about recording and
transcribing can be found in (Verdonik, Rojc, 2006).

From the recorded material 30 conversations were
selected for the present study. This selection is named
Turdis-1. The total length of the recordings in the Turdis-1
is 106 minutes, the average length of a conversation 3,5
minutes, the number of tokens is 15,717, number of word
forms 2735, number of utterances 2171. The table 1 shows
more details about number and length of conversations,
and the table 2 about number and gender of speakers.

Table 1: Number and total length of conversations in the
Turdis-1 database.

No. of conv. Total length
Tourist agency 14 53,33 min.
Tourist office 8 28,1 min.
Hotel reception |8 24,38 min.
Total 30 106,2 min.

Table 2: Gender of the speakers (callers and tourist
agents) in the Turdis-1 database.

Male [Female
Tourist agents 3 17
Callers 14 10
Total 17 27

3. Conversation structure

When processing natural speech, we need to find the
most appropriate segments for processing first. This is
especially important when talk of one speaker is longer
than what is usually understood as a segment (in speech
technologies) or an utterance (in discourse analysis). So
the basic units of transcribing conversations are usually
turns and segments/utterances. Both need some further
clarifications.
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3.1. Turns

Turn is understood as the talk of one speaker before
the next speaker starts to talk. But in natural conversation
it often happens that at the exchange point talk of both
speakers overlap (so called overlaping speech). When
transcribing, different solutions are possible for
overlapping speech. The one I suggest here is that we
segment overlapping speech as a new, overlaping turn, but
include special tags for tracking connections between the
text in overlapping speech and the text in the previous or
the following segments. This is because when we tag the
overlapping speech as a special segment, we have
probably put some borders to the text which are not
consistent with prosodic, syntactic and semantic borders
(i.e. utterances), therefore also the previous or/and the
following segment may be syntactically, semantically and
prosodically incomplete.

Another issue of discussion is how to transcribe
backchannel signals (short expressions that hearer
pronounces in order to confirm to the speaker that he is
listening, that he understands, that he is interested...). I
suggest not to annotate them as overlapping speech, but as
special speech events.

3.2. Segments/utterances

Segments/utterances are usually the basic units for
processing speech. In written text corresponding units
could be sentences. It is quite clear what counts as a
sentence in the written text, but there seems to be less
agreement on what counts as an utterance in the
spontaneous speech. For use in developing speech
technologies, I believe syntactic, semantic and also
prosodic features (especially intonation and pauses) must
be considered when segmenting speech to utterances.

3.3. Sections

Sections can be as well an interesting attribute for
annotating conversation structure. Here, I will consider
only opening and closing sections in a conversation,
which are very important for pragmatically successful
conversation. It is open for a discussion, whether other
topic shifts during the course of a conversation are to be
annotated.

In opening and closing sections in the analyzed
telephone conversations I find more or less standard
pragmatic acts and standard phrases used. This can make
speech-to-speech translation task easier.

In an opening section a caller starts communication by
telephone ring. First talk in conversation is agent’s,
always introducing himself and/or organization he works
at, very often also greeting. Next turn is caller’s, he is
always greeting, very often introducing himself, and after
this explaining a reason for the call.

Closing sections are very delicate, because none of the
participants in a conversation should feel forced to end the
conversation. Analysis shows that discourse markers
dobro/v redu/okej/prav (Eng. good, alright, right, okay,
well, jusf) can be used as signals for closing the
conversation. Next act is usually thanking, which is also a
signal for closing the conversation. The last act of every
conversation are greetings.



4. Discourse markers

Discourse markers are expressions like oh, well, now,
y’know, and... In conversation, they are most often used
the way that they do not contribute much to the
propositional content, but have more or less pragmatic,
communicative functions. As such I find them an
interesting attribute for annotation.

Studies of discourse markers were increasing in the
last decades, not only for English but for many languages
worldwide (see for example special issues of Discourse
Processes (1997, 24/1) and Journal of Pragmatics (1999,
31/10), workshops like Workshop on Discourse Markers
(Egmond aan Zee, Nederlands, January 1995) or
COLING-ACL Workshop on Discourse Relations and
Discourse Markers (Montreal, Canada, August 1998),
books like (Schiffrin, 1987; Jucker, Ziv, 1998; Blakemore,
2002) etc.).

There are basically three different approaches to
discourse markers: coherence-based (most known is
Schiffrin’s research (1987)), relevance theory approach
(very known is work of Blakemore (1992; 2002)) and
grammatical-pragmatic approach (Fraser, 1990; 1996;
1999).

For the Slovenian language there are only few
researches of what I here name discourse markers, some
more some less close to the discursive perspective:
(Gorjanc, 1998), (Schlamberger Brezar, 1998), (Smolej,
2004a). (Pisanski, 2002; 2005) represents broader research
on text-organizing metatext in research articles.

4.1. discourse

Guidelines for

markers

annotating

When overviewing the researches on discourse
markers, we find out that there is still no agreement on
what counts as a discourse marker. But what we find
common is acknowledgement that there are two basically
different kinds of meaning, communicated by utterances:
Schiffrin (1987) distinguishes ideational plane on the one
hand, and exchange structure, action structure,
participation framework and information state on the other
hand; Blakemore (2002) distinguishes conceptual vs.
procedural meaning; Fraser (1996) distinguishes
propositional content and pragmatic information;
researches on metadiscourse (eg. Pisanski, 2002; 2005)
distinguish metadiscourse and propositional content. Even
though these distinctions are not completely parallel, they
have a lot in common. Discourse markers in these
distinctions are expressions that function primarily
pragmatically and contribute the least to the
ideational/propositional/conceptual domain.

As one of the most extensive, detailed and also most
often cited studies of discourse markers, based on
recorded material of natural conversations, I take work of
Schiffrin (1987) as the example. I keep the distinction
between ideational structure and all the other planes of
talk. Similar distinction is set by Redeker (1990), who
distinguishes markers of ideational structure and markers
of pragmatic structure. Since we are interested in
expressions that function primarily pragmatically and
contribute the least to the
ideational/propositional/conceptual domain, the aim was
to annotate discourse markers that function primarily as
pragmatic markers.
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According to this basic theoretical framework I
annotate discourse markers in the Turdis-1 corpus and
make a detailed analysis of annotated expressions in order
to define their pragmatic functions in a conversation, to
confirm or reject the chosen expressions, and to point to
problematic points in annotating discourse markers.

4.2. Expressions discourse
markers

functioning as

According to the framework for annotating, defined in
previous chapter, I annotated the expressions that
contribute the least to the propositional content of an
utterance in the Turdis-1 corpus. Such expressions were:
ja (Eng. yes, yeah, yea, well, I see — please notice that the
English expressions are only approximate description to
help readers who do not speak the Slovenian language; it
is based on the author’s knowledge of English, Slovenian-
English dictionary and British National Corpus
(http://www.natcorp.ox.ac.uk/); usage of discourse
markers is culturally specific and we would need a
comparative study to be able to specify the English
equivalents more exactly), mhm (Eng. mhm), aha (Eng. I
see, oh), aja (Eng. I see, oh), ne?/a ne?/ali ne?/jel? (no
close equivalent in English, a bit similar to right?, isn’t it?
etc.), no (Eng. well), eee/mmm/eeem... (Eng. um, uh, uhm),
dobro/v redu/okej/prav (Eng. good, alright, right, okay,
well, just), glejte/poglejte (Eng. look), veste/a veste (Eng.
y’know), mislim (Eng. I mean), zdaj (Eng. now), and
backchannel signals: mhm (Eng. mhm), aha (Eng. I see,
oh), ja (Eng. yes, yeah, yea, I see), aja (Eng. I see, oh),
dobro (Eng. okay, alright, right), okej (Eng. okay, alright,
right), tako (Eng. thus), tudi (Eng. also), seveda (Eng. of
course). 1 use the term backchannel signals for isolated
uses of discourse markers when hearer does not take over
the turn and also does not show intention to do so, but
merely expresses his attention, agreement, confirmation,
understanding etc. of what speaker is saying.

The results of the analysis showed that some of these
expressions always function as discourse markers: such
are mhm (Eng. mhm), aha (Eng. I see, oh), aja (Eng. [ see,
oh), no (Eng. well), eee/mmm/eeem... (Eng. um, uh, uhm).

Others (eg. (a/ali) ne? (in Eng. similar right?, isn’t it?
etc.), dobro/v redu/okej/prav (Eng. good, alright, right,
okay, well, just), glejte/poglejte (Eng. look), veste/a veste
(Eng. y’know), mislim (Eng. I mean)), can function either
as a discourse marker, for example dobro as discourse
marker:

K25: dobro gospa najlepsa hvala da ste se tako potrudli ne? /
okay madam thank you so much for your efforts

or as an important element of propositional content, for
example dobro in a proposition:

K39: ker[+SOGOVORNIK _ja] jim nikol ni¢ ni dobr in vedno
etc. / because[+OVERLAP_yes] nothing is ever qood enough for
them and they always etc.

but differences between both usages are easy to recognize
for a human annotator. For automatic detection it may be
helpful, that (according to the analysis of the Turdis-1
corpus) the analyzed expressions in the function of
discourse marker are usually positioned at the borders
between utterances.



But for some of the analyzed expressions, particularly
ja (Eng. yes, yeah, yea, well, I see) and zdaj (Eng. now),
the border between discourse marker and propositional
function was blurred. There were usages where these
expressions were functioning clearly pragmatically, other
usages where they were functioning clearly as part of a
proposition, but also usages where it was not clear which
of these two basic functions was more important, for
example:

K39: eeem treh ali pa stirih Nemcev to zaenkrat Se ne vem s() se
pravi oni[+SOGOVORNIK_mhm] S0 pac iz
Nemcije[+SOGOVORNIK_mhm] / um three or four German
people this I do not know exactly s() so they[+OVERLAP_mhm]
are from Germany[+OVERLAP_mhm]

K39: #nikol# Se niso bli v Sloveniji / they have #never# been to
Slovenia

K39: in zd€| bi jih ze() pac za tak$ne Stir pet dni pocimic ki jih
bojo meli v Sloveniji bi jim pac seveda etc. | and now I would f{)
for some four five days of vacation they will have in Slovenia 1
would of course etc.

Such examples confirm that the border between
pragmatic and semantic level is certainly not a clear cut,
and annotating in corpora needs careful considerations on
every step.

The above mentioned expressions are of course not all
discourse markers of the Slovenian language. But the
outlined considerations may be the starting point for
further discussion about discourse markers. In the Turdis-
1 corpus, discourse markers were manually annotated, but
the analysis showed that further annotation can be at least
partially automatic.

4.3. Pragmatic functions of the
discourse markers

analyzed

Since the analyzed expressions do not contribute much
to the content of a message, we can suppose that they have
some pragmatic functions. This suggestion is supported by
the fact that the analyzed discourse markers were used
more than 2000 times in 15,000 tokens corpus, what
corresponds to something more than 13% of all tokens,
and that is quite a lot. I used the conversational analysis
method (see Levinson, 1983, 286-287), and as the results
of the analysis I specified the following pragmatic
functions of discourse markers:

- signaling connections to propositional content
(backward or forward)
- building relationships between participants in

conversation (for example checking and confirming a
hearer’s  presence, interest in  conversation,
understanding...)

- expressing speaker’s attitude to the content of the
conversation (eg. surprise, dissatisfaction...)

- organizing the course of conversation (signals in turn-
taking system, signals for changing the topic and
ending a conversation, signals of disturbances (eg.
self-repairs) in utterance structure/production)

5. Self-repairs

As I pointed out in the introduction, spontaneous
speech characteristics like disfluencies, self-interruptions
and self-repairs, corrections, false starts etc. are
problematic for spontaneous speech processing. In
pragmatics most of these phenomena are treated as
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disfluencies or as self-repairs. In the Slovenian language
the phenomena did not draw special attention before this
research, it was merely noticed for example in (Smolej,
2004b; Krajnc, 2004).

Some of the most cited and known researches on self-
repairs were done by (Schegloff, Jefferson, Sacks, 1977;
Schegloff, 1979), by (Levelt, 1983), also (Allwood et al.,
1990) etc. Disfluencies were studied for example by
(Lickley, 1994; Shriberg, 1994; Tseng, 1999). They
consider the term more neutral, but it includes broader
phenomena (for example for Shriberg (1994) disfluencies
are um’s, repetitions and self-repairs, for Tseng (1999)
restarts, repetitions, pauses, speech errors, speech repairs).
Here, based on pragmatic researches of the phenomena, I
discuss only self-repairs. I try to define them the way that
we can use a definition of the self-repair to annotate the
part of an utterance that needs to be eliminated in further
processing because it is unfinished structure, replaced by
another structure.

I suggested to annotate segment/utterance the way that
it can be treated as a basic unit for processing, and I want
to define the self-repair the way that it is a structure that
needs to be eliminated, therefore I define the self-repair as
a phenomenon on the level of a segment/utterance.

5.1. Defining self-repairs

(Blanche-Benveniste, 1991; Smolej, 2004b in the
Slovenian linguistics) discuss two levels or axes of
producing a text: syntagmatic (horizontal) and
paradigmatic (vertical). In the eyes of this theory a self-
repair is a structure, where speaker does not continue
fluent speech, but stops and goes back to some previous
point on syntagmatic level of text, for example:

kolko pa potem stane nocitev pa recimo da S0 eee

daje  poln penzijon/
and how much then costs one night for example that we um
that itis  with

breakfast

But when listing, explaining, inserting structures etc.
speaker also goes back to some previous point on
syntagmatic level of text, for example when explaining:

Studenti organiziramo en tak letni sestanek oziroma
srecanje/
the students we organize some sort of annual meeting or
gathering

A typical self-repair as I want to define it here always
begins by cut-off, therefore I do not define examples as
the last one as a self-repair.

Next, I analyze pragmatic aspects of self-repairs. First
I try to define reasons for cutting-off. I find that they may
be circumstantial (bad telephone connection), social
(especially turn-taking), or psychological (a speaker needs
more time to prepare what he will say, a speaker changes
his strategy how to say something, a speaker notices a
mistake in what he told, a speaker has problems when
pronouncing and re-pronounces some  previous
element(s)). It is only when a speaker changes his
strategy, when he notices a mistake or has problems when
pronouncing, that we can talk about self-repair. At the
same time the first condition has to be fulfilled, i.e. a



speaker goes back to some previous point on syntagmatic
level of text.

According to this definition I annotate self-repairs in
the Turdis-1 corpus. They appear in 185 utterances, which
is approx. in 8% of all the utterances.

5.2. Structure of self-repairs

I find four basic structure elements of self-repairs:

1. A part of a text that will be corrected, therefore it
should be eliminated in automatic processing. In
90% of examples in the Turdis-1 corpus it is not
longer than 3 words.

A cut-off.

Self-repair signals: metadiscoursive element(s)
can follow right after cut-off, for example
discourse markers eee (Eng. um), zdaj (Eng.
now), mislim (Eng. I mean) etc., pause, pro-
longed vowel etc. But these are used only in 55%
of all self-repairs in the Turdis-1 corpus.
Repairing element/s, i.e. the new text that
replaces the part of a text that was corrected. In
65% in the Turdis-1 corpus repaired elements
include repetition of at least one token or some
phonemes of the cut-off token from the part of a
text that was corrected.
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6. Conclusion

In this paper I have discussed the idea to include
pragmatic tags to spontaneous speech corpora used for
developing speech-to-speech translation components (and
of course for other speech technologies, dealing with
spontaneous speech, for example dialog systems). Based
on the analysis of the corpus (Turdis-1) of telephone
conversations I tried to define three basic levels of
annotation.

Annotating basic conversation structure elements —
segments/utterances, turns, sections is usual in
conversation corpora. In this paper I point to some
problematic points of annotation: annotating overlapping
speech and backchannel signals, defining utterances to
achieve consistency of annotation, annotating opening and
closing sections which include mostly standard pragmatic
acts and phrases.

Next, I suggest annotating discourse markers.
Discourse markers attracted much attention of linguists,
but annotating discourse in speech corpora used for
developing speech technologies is not broadly accepted
yet, even though there are/were some tries. Overview of
the researches of discourse markers in discourse analysis
shows that there is no agreement on what counts as
discourse marker. Therefore I try to specify a framework
for annotation that would be the most useful for speech-to-
speech translation purposes. As discourse markers, I
specify the expressions that contribute the least to the
propositional content of an utterance, but have mostly
pragmatic functions. The analysis shows that most of them
are used at the borders between utterances, so they can be
used to help segmenting spoken text to
segments/utterances. They are very frequently used in a
conversation — more than 13% of all the words in the
Turdis-1 corpus. This supports the idea that discourse
markers are very important elements of natural
conversation.
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Last I try to define self-repairs the way that self-repair
as attribute in speech corpora annotates a part of spoken
text that needs to be eliminated in further processing — it is
unfinished structure, replaced by some other structure. I
conclude that self-repairs are an event where a speaker
goes back to some previous point on syntagmatic level of
text, in order to change a strategy, correct a mistake or
repair problems when pronouncing. Self-repairs are
present in approx. 8% of all the utterances in the Turdis-1
corpus.

Possibilities for further annotation of pragmatic
elements in spontaneous speech corpora are many more,
for example speech acts, adjacency pairs, other
metatextual elements, repetitions etc. There is a wide area
for researches, experiments and discussion.
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Abstract

Multilingual dependency parsing is gaining popularity in recent years for several reasons. Dependency structures are more adequate for
languages with freer word order than the traditional constituency notion. There is a growing availability of dependency treebanks for
new languages. Broad coverage statistical dependency parsers are available and easily portable to new languages. Dependency parsing
can provide useful contributions in areas such as information extraction, machine translation and question answering, among others. In
addition, syntactic head-dependent pairs are a good interface between the traditional phrase structures and semantic theta roles. In this
paper we present the learning curves of a statistical dependency parser for four languages: Arabic, Bulgarian, Italian and Slovene. We
discuss issues that mostly concern the employed annotation scheme for each treebank with an emphasis on coordinated structures. We
also investigate how these issues are related to the learning curve for each language.

Preucevanje krivulje ucenja statisticnega odvisnostnega razclenjevalnika za Stiri jezike

Vecjezi¢no odvisnostno skladenjsko raz¢lenjevanje postaja v zadnjih letih vse bolj privla¢no zaradi vrste razlogov. Odvisnostne strukture
so za jezike s prostejSim besednim redom primernejSe kot pa tradicionalne, ki temeljijo na konstituentih, poleg tega pa je na voljo vse
ve¢ odvisnostnih drevesnic za nove jezike. StatistiCni odvisnostni raz¢lenjevalniki s Sirokim pokritjem so dostopni in lahko prenosljivi
na nove jezike. Odvisnostno raz€lenjevanje je lahko koristen prispevek podro¢jem, kot so luS¢enje podatkov, strojno prevajanje in
sistemi za odgovarjanje na vprasanja. Poleg tega so skladenjski pari jedro-odvisnica dobri vmesniki med tradicionalno frazno strukturo
in pomenskimi vlogami. V ¢lanku predstavimo krivulje u€enja statisticnega odvisnostnega raz¢lenjevalnika za §tiri jezike: arabskega,
bolgarskega, italijanskega in slovenskega. Razpravljamo o vprasanjih, ki se dotikajo predvsem uporabe oznacevalne sheme za vsako
drevesnico s poudarkom na zgradbi priredij. Preu¢imo tudi, kako so ta vpraSanja povezana s krivuljo ucenja za vsakega od jezikov.

1. Introduction pendency parsing (Buchholz and Marsi, 2006)!. While
the treebanks had been parsed with many parsers, all the
parsers had been an implementation of a limited number of
parsing models.

A good multilingual dependency parser should be ro-
bust enough so that its accuracy would not decrease when
it is ported to another language / another treebank. In prac-
tice this is a rarely observed quality, especially when com-
mon treebank annotation schemes are based on consider-
ably different linguistic assumptions. The multilingual de-
pendency parsing task is evaluation of the ability of parsers
to be ported easily to new languages. But it is also eval-
uation of the eligibility of treebank annotation schemes to
encode linguistic phenomena so that the treebanks can be
Projectivity is another issue that is often considered as easi]y parsed using a statistical dependency parser.

Contrary to a constituency (or phrase structure) gram-
mar, a dependency grammar (e.g. (Mel’Cuk, 1988)) does
not view syntactic structures as nested sets of constituents
but as a set of binary head-dependent relations. In most
dependency grammar formalisms there are several restric-
tions for the dependency relations: They should build up a
connected acyclic graph; For each dependent there should
be only one head; There should be a single word in the sen-
tence without a head — the root word. A syntactic label,
such as subject, object etc. is usually associated with each
relation in the graph.

a cogs'traint to df:perlld.ency graphs. A simple non-formal A new direction in designing parsers is using evidence
Qeﬁn1t1on for projectivity of a connected dependgncy graph from Psycholinguistics. (Hale, 2001) and (Lesmo et al.,
is: if one connects the root word of a sentence with an arti- 2002), for example, use a psychologically motivated tree

ficial root placed before the first word, there should not be pruning and implement incremental processing strategies
crossing dependency arcs. While most of the dependency in their parsers. Incrementality is also addressed in (Nivre,

parsers can parse only projective structures, the need for 2004).
non-projective relations is recognised in nearly all depen- This paper gives the learning curves of a statistical de-
dency treebank annotation schemes. pendency parser — the Malt parser (Nivre et al., 2006), for

State-of-the art statistical dependency parsers have been ~ four languages: Arabic, Bulgarian, Italian and Slovene.

evaluated on 13 different treebanks (for 13 different lan-
guages) at the CoNLL-X shared task on statistical de- 'http://nextens.uvt.nl/~conll/
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The treebanks for these languages had been annotated by
different research groups, using four different annotation
schemes. The parser that we use has a high attachment
score (accuracy), it is robust and has a number of features
that are psychologically plausible.

The paper is structured as follows: Section 2. gives an
overview of the results achieved at the CoNLL-X shared
task on dependency parsing (Buchholz and Marsi, 2006)
and motivation to use the Malt parser in our experiments.
Then, in Section 3. we briefly describe the annotation
scheme of each treebank that we give learning curves of.
We give a short description of the Malt parser and the pars-
ing feature model that we used in our experiments in Sec-
tion 4. The learning curves are given and discussed in Sec-
tion 5. We conclude in Section 6.

2. Statistical Dependency Parsing

The parsers from the CoNLL-X shared task usually im-
plemented two parsing models. In one of them the cor-
rect dependency graph was searched for as the maximum
spanning tree in a full graph with removed arcs that vio-
late the constraints for a dependency graph (e.g. (McDon-
ald et al., 2006)). Parsers of this kind were able to parse
non-projective graphs. However, such parsers are not able
to assign correct labels to dependency relations during pro-
cessing. They do it in a following step.

The other approach is an implementation of the shift-
reduce parser (Yamada and Matsumoto, 2003), extended as
in e.g. (Nivre, 2005). In this model the dependency graph
is built in incremental fashion using a stack for storing the
words of the sentence and four actions: shift, reduce, left-
arc and right-arc. The parser cannot parse non-projective
arcs (except e.g. the implementation described in (Attardi,
2006)) but they can be parsed using a technique known as
pseudo-projective parsing (Nivre and Nilsson, 2005).

The difference between the accuracy of the two best
parsers: (McDonald et al., 2006) that implements the max-
imum spanning tree approach and (Nivre et al., 2006) that
implements the shift-reduce algorithm is not statistically
significant (Buchholz and Marsi, 2006). But (Nivre et al.,
2006) is more interesting to us because of its psychological
plausibility and the fact that any kind of information can be
included directly in feature models for learning.

3. Treebanks

We used four treebanks in our experiments: The Prague
Arabic Dependency Treebank (PADT) (Haji€ et al., 2004),
the BulTreeBank (BTB) (Simov et al., 2005), the Turin
University Treebank (TUT) (Bosco, 2004) and the Slovene
Dependency Treebank (SDT) (DZeroski et al., 2006). Their
annotation schemes are different (with PADT and SDT an-
notation schemes being quite similar). PADT, TUT and
SDT are original dependency treebanks while BTB was
converted from Head-driven Phrase Structure Grammar
(HPSG) format to dependency graphs in (Chanev et al.,
2006). We give short descriptions of the treebanks below
and summarize their features in Table 1.
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| Languages: | Ar | Bg [ It [ SI |

Tokens 59,752 | 196,151 | 44,616 | 35,140
Sentences 1,606 | 13,221 1,500 | 1,936

T. per sen. 37.2 14.8 27.7 18.2
PoS set 21 570 90 30
Dep. set 27 20 18 26
Randomized no no yes no
DG yes no yes yes

Table 1: Treebank properties. (DG = Dependency Gram-
mar)

3.1. The Prague Arabic Dependency Treebank

We used the CoNLL-X shared task version of the
PADT? which slightly differs from the original treebank.
It is separated in training (1,460 sentences; 54,379 tokens)
and test (146 sentences; 5,373 tokens) set. The number
of part-of-speech tags and the number of dependency tags
are respectively 21 and 27. The average number of to-
kens per sentence is 37.2. The PADT annotation scheme is
closely related to the one of the Prague Dependency Tree-
bank (PDT) (Hajic, 1998).

One of the idiosyncrasies of the PDT annotation scheme
is the fact that the root of a sentence is not an ordinary word
but an artificial token whose position is e.g. before the first
word of the sentence. What should have been the root of
a sentence (i.e. the only word that does not have a head)
points to the artificial root together with end-of-sentence
punctuation. As the artificial root is not included in the
CoNLL-X data, one has to learn and parse sentences which
have more than one root and their dependency graphs are
not connected.

Another idiosyncrasy is the treatment of coordinated
structures. In PDT-related annotation schemes the coordi-
nating conjunction (or punctuation) is chosen to be the head
of the coordinated words.

3.2. The BulTreeBank

BulTreeBank is an HPSG-based treebank but head-
dependent relations between words are not stated explicitly.
It has been converted to dependency graph representations
in (Chaneyv et al., 2006). We use the CoNLL-X shared task
dependency version of the BTB for our results to be com-
parable to those from the CoNLL-X shared task.

The BulTreeBank is separated in training (10,911 sen-
tences; 159,395 tokens) and test (2,310 sentences; 36,756
tokens) set. The average number of words per sentence is
14.8. The number of part-of-speech labels is 570> and the
number of dependency labels is 20.

Contrary to the PADT approach all the graphs in the
BulTreeBank have one root per graph. Coordinated struc-
tures are annotated differently than those in the PADT. In
the BTB encoding the first coordinated word is annotated
as the head of the coordinating conjunction (or punctuation)
and as the head of the second coordinated word.

2PADT is distributed by the Linguistic Data Consortium:
http://www.ldc.upenn.edu/
3We used the original BTB part-of-speech tags.



3.3. The Turin University Treebank

The TUT was not included in the CoNLL-X shared task
mainly because of its limited size — 1,500 sentences (44,616
tokens). The average number of tokens per sentence is 27.7.
Although the treebank is small and n-fold cross-validation
is usually used in such cases, here we report results on a
test set of 150 sentences (4,172 tokens) and a training set
of 1,350 sentences (37,444 tokens) in order the TUT ex-
periment not to differ from the experiments on the other
treebanks in this study.

We used a version of the TUT with removed traces and
reduced tag sets (Chanev, 2005). The reduced tag sets com-
prised 90 part-of-speech tags and 18 dependency tags. Ital-
ian dependency tags are semantically ‘deeper’ than those
from the other treebanks in this study. All the graphs in the
treebank are connected and have only one root per graph.
Coordination is annotated with the coordinating conjunc-
tion (or punctuation) being head of the second coordinated
word and dependent on the first coordinated word. A single
coordination dependency tag is used for both of the depen-
dency arcs*.

3.4. The Slovene Dependency Treebank

SDT has an annotation scheme which is similar to those
of the PDT and PADT. We used the CoNLL-X version of
the treebank for our results to be comparable with those
from the shared task. The data is divided in a training set
(1,534 sentences, 28,750 words) and a test set (402 sen-
tences, 6,390 words). The average number of tokens per
sentence is 18.2. The number of the part-of-speech tags
used in the annotation of SDT is 30. The number of de-
pendency labels is 26. Like in PADT, sentences can have
more than one root and coordinated structures are treated
with the coordinating conjunction (or punctuation) as the
head of the coordinated words.

4. The Parser

We used version 0.4 of the Malt parser?. It is related to
the shift-reduce dependency parser described in (Yamada
and Matsumoto, 2003). There are two different parsing
algorithms: arc-eager and arc-standard. In all our experi-
ments we used the arc-eager parsing algorithm because it is
more accurate than the arc-standard algorithm®.

Malt parser does not use an explicit probabilistic gram-
mar but implements a data-driven parsing approach. What
is learned is the actions that the shift-reduce parser must
take in order to build the dependency graph of the sentence.
Two learners are available for that task: Memory-Based
Learning (MBL) (Daelemans and den Bosch, 2005) and
Support Vector Machines (SVM) (Chang and Lin, 2005).
PoS tags, words as well as dependency labels which have
already been assigned by the parser on the run can be used
in feature models for learning.

In all the experiments we used the SVM learner. We
also employed a common feature model — m7 that has

“This approach differs from the one implemented in the origi-
nal TUT.

Shttp://w3.msi.vxu.se/~nivre/research/MaltParser.html

SThis issue was discussed with Joakim Nivre in personal com-
munication.
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proven to outperform the m3 and m4 models. It consists of
six part-of-speech features, four dependency features and
four lexical features. More information about the parser
and feature models can be found in (Nivre, 2005) as well
as on the Malt parser web page. The Malt parser team re-
ported the second best result at the CoNLL-X shared task
(Nivre et al., 2006) (the difference from the best result is
not statistically significant).

5. Results

In this section we list related work, describe preliminary
settings, present and discuss the learning curves for Arabic,
Bulgarian, Italian and Slovene.

5.1.

Even though constituency parsing is undoubtedly re-
lated to dependency parsing, in this section we give only
dependency parsing results because they are immediately
relevant to the study.

Previous Studies

5.1.1. Arabic

The PADT has been learned and parsed by various
teams at the CoNLL-X shared task on dependency pars-
ing. Results vary from 50.7% to 66.9% labelled accuracy
(Buchholz and Marsi, 2006).

5.1.2. Bulgarian

A dependency version of the BulTreeBank has also
been used at the CoNLL-X shared task. Labelled accu-
racy is within the range 67.6% — 87.6%. Labelled accuracy
of 79.5% was reported for another conversion of the origi-
nal HPSG-based BulTreeBank but those results did not dif-
fer significantly from the results reported on the CoNLL-
X conversion using the same parser and feature model
(79.2%) (Chaneyv et al., 2006).

5.1.3. Italian

There are not many studies on statistical dependency
parsing of Italian mainly because there are not large enough
resources to train a parser. We will compare the learning
curve for Italian with (Chanev, 2005) where the Malt parser
was used together with the MBL learner. The reported ac-
curacy is 81.8%. (Lesmo et al., 2002) describe a rule-based
dependency parser for Italian. Even though its evaluation is
only partial, accuracy is comparable to (Chanev, 2005).

5.1.4. Slovene

Slovene, like Arabic and Bulgarian, was one of the lan-
guages for the CoNLL-X shared task. Results for Slovene
varied from 50.7% to 73.4% labelled accuracy (Buchholz
and Marsi, 2006). Parsing Slovene was also mentioned in
(Chanev, 2005) where the Malt parser with the MBL learner
was trained on an old and very small version of the SDT.
Labelled accuracy of 58.3% was reported.

5.2. Settings

All the experiments were performed on training / test
sets with gold standard PoS tags. The same feature model
and the same learning and parsing settings were used in all
the tests with the exception of an option that allowed many
roots in a sentence that was used only for the Arabic and



Slovene treebanks. The measure that we use is labelled
attachment score (labelled accuracy) measured excluding
punctuation. We chose this measure for comparison rea-
sons, since it is the measure used in the evaluation of the
parsers at the CoONLL-X shared task. However, we also re-
port unlabelled attachment score (unlabelled accuracy) for
the biggest data sets for all the treebanks. For a definition
of these measures, the reader is referred to (Lin, 1998).

The BulTreeBank learning curve is set for training sets
that start from 1,000 sentences and increase up to the full
size of the treebank, where at each step the size of the train-
ing set is increased by 1,000 sentences. The learning curves
for the other languages start from a training set of 600 sen-
tences and the sizes continue to grow up to the full number
of sentences of the treebanks with increase of 200 sentences
at each step. The sentences from the Italian treebank were
randomized. However, the other treebanks were not, due to
CoNLL-X shared task compatibility reasons.

Two additional learning curves are included for Ara-
bic and Slovene after a simple graph transformation on the
coordinated structures was applied on the training sets for
these languages. Parsing output was then converted back
to the original coordination encoding and evaluated on the
gold standard PADT and SDT. These learning curves are
shown with squares on the graphics for Arabic and Slovene
on Figure 1.

A description of the coordination transformation proce-
dure follows:

Coordinated structures are identified by the depen-
dency label of the coordinating conjunction (or punctua-
tion) which, according to the PDT annotation scheme, is the
head of the coordinated words. If there are two words with
the same dependency labels among the dependents, one of
them being before the head and the other — after the head,
then they are recognised as coordinated. Then the first coor-
dinated word takes the head word of the coordinating con-
junction (punctuation) and the coordinating conjunction or
punctuation is made to point to the first coordinated word.

The inverted transformation is performed in a similar
way. After the coordinated structure is identified, the head
of the first coordinated word is transferred to be the head
of the coordinating conjunction (or punctuation) and the
first coordinated word is made dependent on the coordinat-
ing conjunction (or punctuation). Note that the back trans-
formation can be accurate only for properly parsed coor-
dinated structures. It is important that coordinated words
have correct labels, otherwise a coordinated structure can-
not be easily identified for inverted transformation.

5.3. Learning Curves

The learning curves are given in Figure 1. X-axis in the
graphics shows the number of sentences used for training.
The measure on the y-axis of the graphics is labelled ac-
curacy. Results reported on data sets with transformed co-
ordination structures for the Arabic and Slovene treebanks
are given with squares. The best results are achieved for the
biggest training data as shown in Table 2.

For training data of 1,000 sentences labelled accuracies
for Bulgarian, Slovene and Arabic are similar. Labelled ac-
curacy for Italian is the best for this size of training data.
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| Languages: | Ar | Bg | It | SI |
ASy, *67.4% | 81.8% | 83.7% | *68.2%
ASy *78.0% | 86.8% | 88.6% | *77.6%

Table 2: Best results for Arabic, Bulgarian, Italian and
Slovene. ASj, = labelled attachment score; ASy = unla-
belled attachment score; * = Coordination transformation
applied.

If the comparison is done using the unlabelled accuracy
measure, the per cent for Bulgarian is lower than those for
Arabic and Slovene due to the bigger difference between
labelled and unlabelled accuracy for PADT and SDT. Unla-
belled accuracy is on the average 11% higher than labelled
accuracy for Arabic, 5% for Bulgarian and Italian and 10%
for Slovene.

There are a number of reasons for differences in accu-
racy for the different treebanks, from numbers of tokens
per sentence for each treebank to sizes of the tag sets and
idiosyncrasies of the annotation schemes. For example,
the small number of part-of-speech tags for the Arabic and
Slovene treebanks might have been the reason for the lower
accuracy, in comparison with the bigger number of PoS tags
for the Italian treebank, given that the number of depen-
dency tags is similar in all the three treebanks. In fact, this
is not the case. We did an additional experiment on the Ital-
ian data. We used a PoS set of only 17 coarse grained tags
and labelled accuracy was still above 81%.

The Arabic and Slovene data sets had their transformed
versions learned and parsed better than the original ones.
The difference is over 1% for nearly all the sets. The
biggest training set gives worse results than the second
biggest for the transformed Slovene staining data. This is
due to loss of accuracy in the inverted transformation.

There are two other factors which are relevant to pars-
ing accuracy. The number of non-projective sentences in
each treebank is the first factor. Non-projective arcs cannot
be parsed correctly using the Malt parser without employ-
ing the pseudo-projective technique described in (Nivre and
Nilsson, 2005). The other factor, which is relevant for the
Slovene and Arabic treebanks, is the number of coordinated
structures.

The number of non-projective trees for the Arabic, Bul-
garian, Italian and Slovene treebanks are respectively 175
(10.9%), 962 (7.3%), 91 (6.1%) and 1,289 (66.6%). The
number of sentences with coordinated structures in the
PADT and SDT are respectively 1,041 (64.8%) and 989
(51.1%).

The overall results for Arabic and Slovene are the worst,
compared to the results for the other treebanks. Labelled
accuracy for PADT is around 1% smaller than labelled ac-
curacy for the same size data sets for Slovene. It seems that
the incremental dependency parser has difficulties with co-
ordination treatment in these annotation schemes, at least
for small data sets’.

"The PDT was also one of the hard-to-parse treebanks at the
CoNLL-X shared task despite its larger size (Buchholz and Marsi,
2006).
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Figure 1: Clockwise: Learning curves for Arabic (top left), Bulgarian, Italian and Slovene (labelled attachment score).

Figure 1. shows that the coordination transformations
increased parsing accuracy for the Arabic (and Slovene)
data sets. Due to the imperfect back transformation pro-
cedure some accuracy has been lost. The number of non-
projective sentences in PADT is comparatively small — only
175. The number of sentences with coordination is 1,041.
The results for Arabic reported in this paper are slightly
higher (0.5%) than the best results reported at the CoNLL-
X shared task even though a more sophisticated feature
model for the Malt parser was used there.

Results for Bulgarian are lower, compared to the results
obtained at the CoONLL-X shared task where the Malt parser
had a better feature model and the data was parsed pseudo-
projectively. The accuracy that we report is higher than the
one reported in (Chanev et al., 2006) because they used an
option of the SVM learner which splits the data on smaller
parts for faster learning with the cost of decrease in perfor-
mance.

Compared to the other treebanks the parser learned TUT
very well with a limited amount of training data. The reason
for the good performance cannot be the number of tokens
per sentence (SDT has less and PADT has more tokens per
sentence). Sizes of the tag sets are not suspiciously small
to be the main reason for the good results on little train-
ing data. It may be concluded that the reason for the high

accuracies is the treebank annotation scheme. It is differ-
ent from those of the other treebanks in its ‘deeper’ syn-
tactic dependency relations. The distance between the de-
pendents and their heads is usually short which facilitates
processing.

Compared to (Chanev, 2005) there is an increase of ac-
curacy due to the use of a more advanced feature model
for the parser and the better SVM learner. The number of
sentences in TUT which have non-projective graphs is very
small® — only 91. That may have contributed to the high
parsing accuracy.

Our results for Slovene somehow lag behind the results
for that language which were obtained using the Malt parser
at the CoNLL-X shared task. The reasons are the use of a
simple feature model for the parser and the big number of
non-projective trees in the Slovene treebank (1,289) which
we did not parse pseudo-projectively.

Results are on the average 1% higher than those for the
PADT. Possibly this difference can be explained with the
very small number of tokens per sentence for the SDT —
only 18.2, compared to 37.2 for the Arabic treebank. The
number of coordinated structures is 989. As in the case

80riginally TUT does not have non-projective sentences but
after traces were removed in (Chanev, 2005) non-projective arcs
were introduced.
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with PADT, coordination transformations increased parsing
results.

6. Conclusion and Future Work

We presented the learning curves for four different tree-
banks using the same feature model for learning an incre-
mental statistical dependency parser. We showed that often
parsing results differ significantly for different languages
and the reasons can be various properties of the concrete
treebank. We performed treebank transformations for Ara-
bic and Slovene to report parsing accuracy for Arabic that is
slightly higher than the best results reported at the CoNLL-
X shared task. We compared the annotation schemes of
the treebanks by measuring the extent to which they can be
learned and parsed using an incremental parser.

Future work includes investigation of various treebanks
to find out which annotation scheme keeps parsing accu-
racy high for a vast majority of languages. In addition we
believe that adding different kind of information to feature
models for parsers with incremental architectures can lead
to successful broad coverage models of the human sentence
parsing mechanism whose implementations must be good
multilingual NLP parsers.
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Abstract

Word sketches are one-page automatic, corpus-based summaries of a word's grammatical and collocational behaviour. They were first
used in the production of the Macmillan English Dictionary (Rundell 2002). At that point, they only existed for English. Today, the
Sketch Engine is available, a corpus tool which takes as input a corpus of any language and corresponding grammar patterns and
which generates word sketches for the words of that language. It also automatically generates a thesaurus and 'sketch differences’,
which specify similarities and differences between near-synonyms. The FidaPLUS corpus, a morpho-syntactically tagged corpus of
Slovene was loaded into the Sketch Engine software. We shall demonstrate the Slovene word sketches, and show how they can be
used in lexicography and for other linguistic purposes. The results show that word sketches could significantly facilitate lexicographic
work in Slovene as they have for English.

Besedne skice v slovens$¢ini

Besedne skice (Word sketches) so avtomatski na korpusu temeljeci sezetki slovni¢nega in kolokacijskega vedenja neke besede. Prvi¢
so bile uporabljene pri sestavljanju enojezicnega angleskega slovarja zalozbe Macmillan (Rundell 2002). Takrat so obstajale le za
angleski jezik. Zdaj je na voljo programski modul Sketch Engine, korpusno orodje, ki na vhodu sprejme korpus kateregakoli jezika ter
njegove slovni¢ne vzorce, iz njih pa ustvari besedne skice za besede tega jezika. Hkrati avtomatsko generira tezaver in "razlikovalne
skice", ki izpostavljajo podobnosti in razlike med bliznjimi sopomenkami. V programski modul Sketch Engine smo nalozili korpus
FidaPLUS, oblikoslovno-skladenjsko oznaceni korpus slovenséine. Prikazali bomo slovenske besedne skice in pokazali, kako jih je
mogoce uprabiti za leksikografske in druge jezikoslovne namene. Rezultati kazejo, da besedne skice znatno olajSajo delo
leksikogratom slovenskega jezika, tako kot se je izkazalo pri angles¢ini.

their primary tool for finding out how a word behaves.
1. Introduction Later, with the growth of corpora, lexical statistics had to
be applied to manage the abundant data and highlight the
most salient combinations and collocations. Today, state-
of-the-art CQSs allow the lexicographer great flexibility in

Word sketches are one-page automatic, corpus-based
summaries of a word's grammatical and collocational
behaviour. Their value for lexicographic work in English ) .
and other languages, as well as the background of the use searphmg for phrases, collgcates, grgmmatlcal patterns,
of corpora in lexicography, have been described elsewhere sorting concordances according to a wide range of criteria,

(Kilgarriff and Tugwell 2001, Kilgarriff and Rundell identifying ‘subcorpora’ for searching in only spoken text,
2002, Kilgarriff et al. 2004). or only fiction. Available systems include WordSmith,

MonoConc, and the Stuttgart Workbench among others.

First, hall introd t d th :
IS, We Sha | TTOCUCe COTPUS Quety SYSIEms afle 1he Specifically for the two large Slovene corpora, there

basic idea of word sketches. Next, we shall concentrate on

the application of word sketches to the Slovene language are also two different on-line concordancers available:
in thcf gketch Engir\lz software. v guag ASP32 for the FidaPLUS corpus' and NEVA for Nova

The FidaPLUS corpus of Slovene will also be briefly beseda,zwith a more detailed description available in Krek
described, with special attention to the tagging problems (2003).
which could affect its use within the Sketch Engine. .
2.2. Sketch Engine
2. Word sketches
2.2.1. Description
2.1. Corpus query systems The Sketch Engine is a corpus query system which

. allows the user to use the familiar CQS functions:
Different corpus query systems have been used to

check the corpus evidence since the rise of the first
electronic corpora. Ever since the COBUILD project, ! http://www.fidaplus.net
lexicographers have been using KWIC concordances as 2 ptp://bos.zrc-sazu.si/s_beseda.html
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— concordances with lemma, phrase, word form and CQL
search,

Corpus: fdaplus
Keyword(s)
Lemma: || |
Phrase: | |
Word Form: | | Match case: (]
CQL: |
Default attribute: \word—vl

together with the context control filter

Context

Query Type: of these items.

Left context Right context

Window Size: tokens. tokens.

Lemmna: | Il

and the usual viewing and sorting options:

Hnmel ConcordancelWord SketcthhesauruslSketch-D]ﬁi Frequencyl Cu].lncatiunl
KWCfSentencel\fiew optionsl SamplelFilterl &I = g

El Save
Page 1

ob njej pa zidanic
Grajska kapela Iv
{ haws Sagradez

FO000012 35,10
FO000012.104 9
Foo00012 2141
FOo00012.224 7
FO000012 295 5
FO000012 6148
Foo00012.782 8
FOo00012.1001.16

polkrozna platoja . Danes tam stoji potitnitka lusa ,
wgnezdila neméka posadka . Zdaj tam stoji nova hisa .
zgodovinski listini omenjena Farolova " luga "

, ohranjena je fe nekdanja oskrbnikova luga | nekdanja grajska

TuEne od tod so ¢
Ob grajskem jedrs je bila zgrajena nova hifa . Domberk je bil ol
fp=<p=Galetow

Stanfi , zdaj pa na njenem mestu stoji nova lusa .

podtl stavbo . MNa njegovem mestu stoji nova lusa

Buka . Danes na njenem mestu stoji nova lusa . Gospodarsko pos

However, the features of the Sketch Engine which are of
special interest in this article are not part of standard
concordancing programs. These features include Word
Sketch, Sketch Difference and Thesaurus which will be
described later. All these features are fully integrated with
standard concordancing.

2.2.2. Word Sketch

To identify a word's grammatical and collocational
behaviour, the Sketch Engine needs to know how to find
words connected by a grammatical relation. It allows two
possibilities.

In the first, the input corpus has been parsed and the
information about which word-instances stand in which
grammatical relations with which other word-instances is
embedded in the corpus. Currently, dependency-based
syntactically annotated corpora are supported. Phrase-
structured trees need heads of phrases to be marked.

In the second, the input corpus is loaded into the
sketch engine POS-tagged but not parsed, and the sketch
engine supports the process of identifying grammatical
relation instances. Each grammatical relation will be
defined, using the Sketch Engine to test and develop it.
When the developer is happy with the definition of each
grammatical relation, they save the definitions in a
“gramrel” file. The Sketch Engine then compiles this file
and finds all instances of all grammatical relations in the
corpus. It puts them in a gramrels database and users than
have access to word sketches.
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2.2.3. Lemmatization & POS-tagging

The Sketch Engine does not support the process of
lemmatization; various tools are available for linguists to
develop lemmatizers, and they are available for a number
of languages. If no lemmatizer is available, it is possible
to apply the Sketch Engine to word forms, which, while
not optimal, will still be a useful lexicographic tool.

Similarly for part of speech (POS) tagging, also known
as POS-disambiguation. This is the task of deciding the
correct word class for each word in the corpus — of
determining whether an occurrence of "brez" in Slovene is
an occurrence of a noun "breza" in plural, genitive case,
or a preposition. A tagger presupposes a linguistic
analysis of the language which has given rise to a set of
the syntactic categories of the language, or tagset. Tagsets
and taggers exist for a number of languages, and there are
assorted well-tried methods for developing taggers. The
Sketch Engine assumes tagged input.

As the FidaPLUS corpus is both lemmatized and POS-
tagged but not syntactically annotated, Slovene word
sketches are based on a lemmatized and POS-tagged
corpus, with grammatical relations defined on the basis of
POS-tag information.

2.3. Grammatical relations

Grammatical relations are defined as regular
expression over POS-tags. For example, if we wish to
include the grammatical relation between a noun and its
adjectives in modifying position, we define the head of the
noun phrase, a noun ("S" in the FidaPLUS tagset) and one
or more preceding adjectives ("P") with the possibility of
allowing the intervening comma and the particles "se" and

non,

S1

=a_modifier/modifies
2: [tag="P.*"] [tag="P.*" | word="," | word="se" |
word="si"] {0,5} 1: [tag="S.*"]

The first line, following the =, gives two names for the
grammatical relation. The first, before the slash, is the
name when the arguments are in the one order, and the
other is when the arguments are in the other.

The 1: and 2: mark the words to be extracted as the
first and second arguments. |, ., (), and * are standard
regular expression metacharacters. {0,5} indicates that the
preceding term occurs between zero and five times.

3. Slovene Word Sketches

3.1. Slovene Corpus

3.1.1. FIDA corpus

The FIDA corpus is the precursor of the FidaPLUS
corpus which was used in the Sketch Engine software. It
was compiled in a joint project involving four partners,
two from the academic/research sphere: (the Faculty of
Arts, University of Ljubljana, the Jozef Stefan Institute)
and two commercial ones (DZS publishing house and
Amebis software company). Corpus compilation started in
1997 and was concluded in 2000. The corpus was just
over 100 million words and was a balanced corpus of texts
in the Slovene language mainly from the 1990s.

The corpus was lemmatized and POS-tagged but the
process was limited to the lexicon of word forms available



at Amebis at the time. The disambiguation of multiple
possible morphosyntactic descriptions, (MSDs) for
ambiguous wordforms such as brez was not performed, a
considerable drawback when wusing the corpus for
automatic linguistic analysis.

3.1.2. FidaPLUS corpus

The problems of lemmatization and POS-tagging,
together with the size, balance and up-to-dateness were
addressed in the subsequent project, "Language Resources
for Slovene", funded by the Slovene Ministry of Higher
Education, Science and Technology and co-funded by
DZS and Amebis. Project partners included the Faculty of
Arts (University of Ljubljana) as the leading partner, the
Faculty of Social Sciences (University of Ljubljana) and
the Jozef Stefan Institute. Its aim was a three hundred
million word corpus with complete lemmatization and
POS-tagging.

The FidaPLUS corpus used for testing in the Sketch
Engine is the preliminary result of the project. In terms of
size it is similar to the FIDA corpus, but the lemmatization
and POS-tagging have been improved. Lemmatization is
both lexicon-based and statistical, aiming at lemmatization
of all items in the corpus. POS-disambiguation uses the
tools developed by Amebis.

3.2. Slovene grammatical relations

The Slovene "gramrel" file was based on the Czech
example (Kilgarriff et al. 2004), since Czech, like Slovene
but unlike English, is a relatively free word order
language.

The grammatical relations in the Slovene gramrel file
include three types: symmetric, between two items with
equal status, dual, between two items with dependent
relations and trinary, between three dependent items.

toord 2254050 3.2.1. Symmetric Example

prostor 837 4463 One example of the

A 144 37 8| Symmetric relation is various

- coordinate  structures  with

trud 153552 conjunctions "and" or "or", as

Leraj 247 34.76| well as two-word coordinate

Vera 3331 35 structures such as "niti-niti",
. = "ali-ali".

ENergija 155 30 85

denar 206 27.91 =coord

a6 192 26.5 *SYMMETRIC .

] - I:[] [word = "in" |

bit 352596 word = "ali"] 2:]

raslonka 132571 [word = "niti"] 1:[]
L [word = "niti"] 2:[]

potrplienje 21 24.85 (word = "ali"] 1]

timesecen 172336 [word = "ali"] 2:[]

da 972318 [word = "bodisi"] 1:[]

[word = "bodisi"] 2:[]

on_ 131 21.66 [word = "tako"] 1:[]

Vo) 26 20.95]  [word = "kakor"] 2:[]

ne 63 1583 "[W0£d = "tako"] 1:[]

e 25 19.0 [word = "kot"] 2:[]

fudh 43 18.33 The result of  this

kraja 24 1% 02| grammatical relation can be

. % 1767 viewed as part of the word

=0 = sketch. The result shows that in
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the FidaPLUS corpus, 7334 instances of this particular
grammatical relation can be found for the lemma "Cas".
Lemmas are ranked according to the salience score
(Kilgarriff and Tugwell 2001). The user can click on the
number next to a lemma to see the relevant concordance.

We used four summetrical relations..

a modifier 19068 14| 322 pual Example
sklonjen 157 59.54 Dual relations are most
ohrit 664771 common in the gramrel file.
There are eleven of them,
kronan 333924 covering relations expressed by
dwignien 62 36.12| means of grammatical case in
zeljnat 233575 Slovene as well as modifying
structures as shown before. The
odsekan 33 333| corresponding part of the word
Hermanov 34 35.11| sketch for the lemma "glava" is
razgret 40 34.63 shognlor} the left. .

. elations covering
e 5113 grammatical cases are defined in
trezen 41 30.65| the following fashion:
bilcow 22 29.33 ) ) )

- 1629.12 ;gﬁ(i){l_of/has_obﬂ
wdeo 106 29.03 2:[tag="Gpp.*" &
koni¥ast 34 28.96) !(lemma = "biti" | lemma =
pobrit 13 27.94 imeti _| }'emma."= hoteti _|
lemma = "morati" | lemma =
zeljen 182792 vsmeti") ] [tag!="
bister 3527.26| [SGDVLMOZ]*" & tag!=""]
{0,5} 1:[tag="S...t.*"]
. . 2:[tag="G.d.*" &
bj4 of 2506 3.9
== — — !(lemma = "biti" | lemma =
sklomity 285421 “imeti" | lemma = "hoteti" |
heliti 224581 lemma = "morati" | lemma =
oo - "smeti") ]
dngnt 2184815 01— [SGDVLMOZ]*" &
razbijati 714474 tag!=""] {0,5} 1:[tag="S...t*"]
edselr e 453 There are two variants of the
potnolt 4542 62 particular relation: either a verb
" has an object in the oblique case
n?%mm 2020 or the noun is itself an object in
tiscati 46 40.92  the same case, in relation to a
staleniti 39 39.75 verb. The_ example on the left
. shows a list of verbs where the
obrnit 03492 lemma "glava" is predominantly
adrezati 44 33 54 used in the oblique case within a
loni 532 51 window of five items from a
eellpri £ s verb. All the verbs from the
splogéih 203218 beginning of the list indicate
razhit 36 31.43 structures which are

_ lexicographically relevant
pobedati 113046  because of their either central or
skelanjati 18 30.17 additipnal metaphorical

L meaning. Thus the concordances
povesat 112831 of the structure "skloniti glavo”

show that besides the literal
meaning "to bow one's head", there are many examples of
the metaphorical extension "to give up" or "to concede
defeat". The next one indicates the structure "beliti si
glavo" which is thoroughly idiomatic: "to worry about, to
agonize over". The same is true for "razbijati si glavo",
"tisCati glave (skupaj)", "stakniti glave" etc.



3.2.3. Trinary Example

Trinary relations indicate the relations between three
grammatical categories. In the Slovene gramrel file, they
are mainly used to extract prepositional patterns where the
grammatical case — in Slovene the instrumental and
locative cases — is expressed by means of prepositional
phrases.

*
rec po 1090 9.0 :;l;rlzi[j%l:Y

rojitl 891 65 67 2:[tag="S.*"] 3:[tag="D.*"]
udariti 14% 55 2% [tag:"P.*" ‘ word= "," | word =
, - "se" | word = "si"] {0,5}

motatt 495125 1:[tag="S.*"]
popraskati 24 42.95 2:[ta§:"|G.*"]d3:[tag|:"D.z']
S [tag="P.*" | word="," | word=
tredéit 28 3983 "se' | word="si"]  {0,5}

podit 323899 1:tag="S.*"]
rafid 24 37 54 In the case shown on the
. - left, the grammatical relation is
lopuiti 1232.97)  established between the lemma
tepst 203227 "glava" preceded by the
: preposition "po", and the
prasl.«:ét:l 132888 "glava" word sketch indicates
blodits 12 28.06| salient combinations with verbs
plesti 14 27.2| on the left. Again, together with
. the frequent but semantically
celia £a6.25 transparent combinations there
poikodovatn 23 25783 are numerous idiomatic
L 25 61| €xpressions such as
N - "rojiti/motati/poditi po glavi"
pobrit 22437 and the more informal "srati po

sraf 22396 glavi"
3.3. Sketch Differences

The sketch differences feature in the Sketch Engine
specifies, for two semantically related words, what
behaviour they share and how they differ. Synonymous
words tend to share some of the collocates but not all. The
sketch differences show the patterns which are shared by
both synonyms and presents the information also in a
colour scheme for the user to grasp immediately if and
where the lemmas are synonymous. For the Slovene
language, this is particularly useful in cases where there
are two competing synonyms, one etymologically foreign
and the other of Slavic origin. The more normatively-
minded usually argue for abolition of the foreign lemma
and non-discriminatory use of the Slavic form. The
example of "cona" and "obmodje" in the Appendix 1
shows the differences. In the FidaPLUS corpus, only
"operativen" is distributed evenly between the two
synonyms. A milder bias towards "obmocje" is indicated
in the cases of "demilitariziran" and "turistien" and a
stronger one with "zaprt" and "obmejen". The opposite is
true with more fixed "erogena cona", "obrtna cona",
"industrijska cona" etc. and less fixed "carinska cona /
carinsko obmocje", "tamponska cona / tamponsko
obmocje", also "tamponski", "brezcarinski", "siv" etc.

3.4. Thesaurus

The similarity is based on ‘shared triples’. "Cona",
"obmocje" both occur as the second term in the triple
<modifier, ?, “tamponska”>, and this provides one small
piece of evidence that the two words are close in meaning.
By simply gathering together all such pieces of evidence
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(and weighting them according to salience, following the
method developed by Lin (1998)), we identify the near
neighbours for each. The Sketch Engine does this and the
result for the lemma "kriza" can be seen in the Appendix
2.

As there is no thesaurus available for the Slovene
language, it is not possible to compare it to the human
assessment of the word's synonymic relations, but it is
immediately clear that the software shows a number of
relevant items such as "konflikt", "spor", "spopad" etc.,
indicating one semantic direction, "problem", "tezava",
"zaplet" etc., indicating another, and "stiska", "izguba"
indicating a more intimate human sentiment.

One can explore each of the relations with the sketch
differences feature.

4. Conclusion and further work

Testing of the 100-million FidaPLUS corpus in the
Sketch Engine has shown it to be an exceptionally useful
tool for exploring typical grammatical and lexical
relations in the Slovene language. To be able to take full
advantage of the software, it is important to have a corpus
which is lemmatized and POS-tagged as accurately as
possible, and that is one area where there is room for
improvement. We would like to further explore Slovene
grammatical relations and their implementation in the
gramrel file, and also the possibility a Slovene
dependency-parser.

However even in its present form the Sketch Engine is
a valuable tool, particularly for lexicographic use.
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Appendix 1: Sketch difference — lemma 1 “cona”,
letmma 2 “obmocje”

green
green

green

light green
green

green

green

red

green

green

light red

extra light green
extra light red
red

extra light green
light green
white operativen 34 47 285 218
light red

red

light green
extra light red
light red

extra light red

light red

light green
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Appendix 2: Thesaurus — lemma “kriza”

Lonflilct 0.219 spor 0.273 spopad 0,267 voina 0.266 nasilie 0.202 boy 0.17

problem 0.303 teZava 0288 razmera 0.279 situacija 0.264 dogajanie 0.225 dogodek 0.226 stanje 0
problematica 0,18 potreba 0,172 strar 0,172

zaplet 0.25 katastrofa 0243 padec 0,198 dom 0,185 razpad 0.179 wwheuh 0171 tragedija 0.17
izguba 0.24 posledica 0.21 pomanikanie 0,209 nevarnost 0. 158 pritisk 0,182 wpliv 0176 uéinel
sprememba 0229 politika 0196 proces 0189 razvoy 0,154 sila 0182 mbanije 0182 odnos 0.177
stiska 0,223 recesya 0,211 revitina 0.178

afera 0.221

bolezen 0,207 nesreca 0196 bolefina 0.169

revoluciia  0.205 reforma 0.203 napad 0.196 volitve 0,178 poseg 0.176 akenyja 0.171
LIEfTr 0.193 napetost 0.1%

obdobie  0.187

uspeh 0182 poraz 0.175
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Abstract
In this paper the Leipzig Corpora Collection is introduced as a contribution to the idea that there is need for standardization of
multilingual language resources. We explain the steps of building, processing and presenting corpora of comparable sizes and in a
uniform format. Results from intra- and interlingual comparisons of corpora are given and methods that can build upon these corpora

are shown.

Uporaba lepiziske korpusne zbirke

V C¢lanku je leipziSka korpusna zbirka predstavljena kot prispevek k ideji o standardizaciji vecjezicnih jezikovnih virov. RazloZimo
postopke gradnje, procesiranja in predstavitve korpusov primerljive velikosti in v enovitem formatu. Podani so rezultati znotraj- in
medjezikovne primerjave korpusov ter predstavljene metode, ki lahko zrasejo na njihovi osnovi.

1.

Corpora are important linguistic resources. We have re-
leased a collection of standard sized corpora in 17 different
languages in a uniform format that is free of charge for sci-
entific use. Large corpora can be accessed online and down-
loaded from http://corpora.uni-leipzig.de/
including a software for offline corpus exploration. This
data has been prepared in order to ease and foster corpus
research and as a contribution to the standardization of lan-
guage resources. In this paper we describe the details of the
collection and its format, explore possibilities of research
given standard sized corpora and present selected results
that we have already obtained. Because of the variety of
topics covered in this paper we mention and discuss related
works in the respective contexts instead of prepending a re-
lated work section.

After elaborating on the collection itself in Section 2.
we present intra and inter language statistics in Section 3.
and examples of usage of our corpora in Section 4..

Introduction

2. The Leipzig Corpora Collection
2.1. Goals of the Project

The Leipzig Corpora Initiative was started during the
1990s because at that time there were no freely accessible
resources available for NLP in German. Since then tech-
niques for processing and presenting corpora have been
developed which are not depending on features of spe-
cific languages. Some are described in (Biemann et al.,
2004b). Having collected text resources in many different
languages, it is now possible to provide access to data and
statistics on these languages which are available in a unified
format and in standard sizes. Further, we want to provide
basic linguistic services free of charge for anyone who has
a use for them, without having to sign agreements, paying
shipping fees and alike. Of course, free corpora as opposed
to high-quality expensive resources may not fulfill all re-
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quirements in text quality and balancing and cannot provide
manually added metadata or large-scale annotation. As for
such, more sophisticated corpus query systems are avail-
able, e.g. (Kilgarriff et al., 2004). Our focus, however, is
on methods that work in absence of linguistic knowledge.
And nevertheless, as discussed in detail e.g. in (Bordag,
2006) the resources we are discussing here are sufficient for
a number of lexical acquisition and other NLP tasks such as
extraction of knowledge, automatic calculation of semantic
associations and collocations as well as word sense induc-
tion. Unlabelled data can greatly improve learning tasks in
general see the literature on semi-supervised learning (Zhu,
2005). Possible usage of corpora as a resource includes, but
is not limited to (Baroni and Ueyama, 2006):

e monolingual lexicography (which will be a more de-
tailed example in Section 4.1.)

e comparing different languages on a statistical basis

e parameterizing language models e.g.
recognition

for speech

e expanding queries with statistically similar words

e extracting significant terms from documents by com-
parison against a reference corpus (Faulstich et al.,
2002)

e selecting balanced word sets for experiments e.g. in
psycholinguistics

2.2. The Corpus Building Process

Our corpus building process consists of mainly four
steps: collecting, pre-processing, cleaning and, eventually,
calculating. The steps of the process have been described
in detail in (Quasthoff et al., 2006).

Unless there already is a large text collection at hand,
texts have to be collected for each language. During the



language size source
cat | Catalan 10 million WWWw
dan | Danish 3 million WWWwW
dut | Dutch 1 million Newspaper
eng | English 10 million ~Newspaper
est | Estonian 1 million various
fin | Finnish 3 million WwWw
fre | French 3 million Newspaper
ger | German 30 million Newspaper
ice | Icelandic 1 million Newspaper
ita | Italian 3 million Newspaper
jap | Japanese 0.3 million WWwW
kor | Korean 1 million Newspaper
nor | Norwegian 3 million WwWw
sor | Sorbian 0.3 million various
spa | Spanish 1 million Newspaper
swe | Swedish 3 million WWWwW
tur | Turkish 1 million WWWwW

Table 1: languages, maximum size in sentences and sources
of the corpora.

last years it has become a common practice to use the web
as corpus or for corpus acquisition (Kilgarriff, 2001). Cor-
pus acquisition from the web often includes seeding and
crawling of web sites (Baroni and Kilgarriff, 2006). One
modification of seeding that we employ is to search for cur-
rent news articles with a news search engine for a very long
period of time in order to ensure that certain types of text
get collected.

Pre-processing is done by stripping HTML-tags from
the collected texts and separating the content from boiler-
plates. Then a sentence boundary detection is performed
and ill-formed sentences fragments get removed as well as
sentences in foreign languages (Quasthoff and Biemann,
2006) and (near) duplicates.

Before scrambling the corpus on sentence level and re-
ducing it to pre-defined sizes, further cleaning is performed.
This is done to ensure there are actually properly formed
sentences which are not obviously containing non-standard
language. Scrambling sentences and downsampling in a
way that the original documents cannot be restored ensures
that the texts can be distributed without hurting copyright
protection, as single sentences are too short to be regarded
as intellectual property.

2.3. Languages and Corpora

Corpora in the languages listed in Table 1 are collected
from the web and consist either of newspaper texts or of
randomly collected web pages. The maximum sizes of the
corpora offered are restricted by present availability, rather
than being arbitrarily chosen. Our notion of corpus is cen-
tered around the sentence as the largest unit. This is suffi-
cient for a vast variety of applications in statistical NLP and
lexicography.

For each language a full form dictionary with frequency
information for each word is calculated. Further we pro-
vide co-occurrence statistics: words that co-occur signifi-
cantly often with a given word. For the calculation of the
significance, the log-likelihood measure (Dunning, 1993)
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is used as described in (Biemann et al., 2004b). Two kinds
of co-occurrence data are pre-computed: Words occurring
together in sentences and words found as immediate (left
or right) neighbors. Only co-occurences that are above a
certain significance level (p=5% for neighbors, p=1% for
sentence-windows) are kept. Co-occurrence data is meant
to be used extensively as a building block for further appli-
cations (cf. Section 4.2. for some ideas).

Additional data is included if available. As of now, only
the German dictionary already contains grammatical infor-
mation such as inflection and semantic information such as
subject areas and synonyms. The open and flexible archi-
tecture, however, can easily be augmented on word and sen-
tence level with all kinds of additional data such as gram-
mar, links and annotation.

2.4. Database Structures und Conversion Issues

The structures of the MySQL database have been kept
as simple as possible with much effort having been put
into short query response times with large amounts of data.
One type of table is meant for storing words, sentences and
sources with id, frequency (for words only) and the respec-
tive string. Another type of table is used for sentence-based
and neighbor co-occurrences between two word ids, the co-
occurrence’s frequency and its statistical significance. Fi-
nally there are inverted lists, one for sentence id and source
id and one for word id and sentence id which also contains
the word’s position in the sentence. There is also a table
with pre-calculated meta statistics of the database.

There is at the moment no conversion script available
for specific source formats, but it is only a matter of a few
lines of code to transform any sane text corpus format into a
database in the Leipzig Corpora Collection’s format. There
is a software available at request from the authors which
takes a sentence segmented text and a list of multi word
units as input and calculates a full text index with position
and sentence-based and neighbor co-occurrences. As an
example, the 21 corpora of the TEI-encoded JRC-Acquis
collection (Steinberger et al., 2006) were converted with
ease.

2.5. Distribution and Availability

On our web site http://corpora.
uni-leipzig.de/ corpora for the following lan-
guages can be accessed online: Catalan, Danish, Dutch,
English, Estonian, Finnish, French, German, Icelandic,
Italian, Japanese, Korean, Norwegian, Sorbian’, Spanish,
Swedish, Turkish. There also is a download site at http:
//corpora.uni-leipzig.de/download.html
where smaller corpora’ of these languages can be obtained
free of charge in two formats: flat text files and MySQL
databases. The Leipzig Corpus Browser is a tool written
in Java for accessing the MySQL databases. The software
provides a lot more predefined query options than the web
site does and makes adding customized queries easy. This

Ispelling is correct: Upper and Lower Sorbian are slavonic
minority languages with approximately 100000 speakers in the
south of Eastern Germany.

2As of now the larger corpora are available only after email
request.



can be used for example to add more sophisticated queries
and for the integration of additional data resources. The
browser should be operational on any platform that sup-
ports Java 5, however it has only been tested on Microsoft
Windows, Mac OS X, Linux and Solaris. It is available
free of charge from the download page as well.

3. Statistical Results

There are several problems when comparing statistical
data for corpora of different types of selection, languages,
and sizes. In Section 3.1.1. the effect of of the type of se-
lection is measured. In Section 3.1.2. we compare mea-
surements for different corpus size. The non-linear growth
of some size parameters is shown to fulfill power laws. This
in turn is used to combine results for different languages in
Section 3.2..

3.1.

3.1.1. Sampling

A series of experiments was conducted to quantitatively
study the intra language effects of sampling sentences at
random from starting sets of different size. Starting point
was a corpus of 40 million German sentences that were
in text order. 100000 sentences were selected at random
from one distinct segment of size 1 million, 4 million, 10
million or all 40 million sentences. Each experiment was
repeated 40 times and numbers of tokens, types, sentence
co-occurrences, neighbor co-occurrences as well as aver-
age type and token length and text coverage with the top n
types was measured. The results are summarized in Table
2.

Intra Language Statistics

It turns out that the numbers of types and co-
occurrences show a big variation. On the other hand the
average type, token and sentence length as well as text cov-
erage with the top n types remain extremely stable. The ex-
periment also proposes that the amount of text from which
one chooses the final sample has got a small but significant
influence on the average numbers of types (the larger, the
more) and co-occurrences (the larger, the less) observed,
which is stronger with sentences based than with neighbor
co-occurrences. This result does not defy intuition as one
would expect, when looking at random samples from a cor-
pus of infinite size, to see content words’ frequencies — and
therefore also the number of co-occurrences — decrease and
the number of hapax legomena increase. A t-test tells that
this result is highly significant (p=0.1%) only when com-
paring the columns for 1 million and 40 million sentences.
The values for the intermediate segment sizes can not con-
tribute statistically significant support, yet they are neither
opposing the observations. On the other hand the effect is
not so dramatically strong that we would need to ensure
that there is very precisely the same amount of source text
from which we start downsampling standard size corpora.
If there are, however, several orders of magnitude this sys-
tematic skew should be taken into consideration.

3.1.2. Scaling

In the following, we compare Finnish corpora contain-
ing 100K, 300K, 1M and 3M sentences, respectively. For
these, we count the number of tokens and the number of
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Figure 1: Effects of different corpus size on numbers of
types, tokens and co-occurrences for Finnish

sentence and next neighbor co-occurrences (above some
threshold). The result, shown in Figure 1, is typical for
all languages we analyzed.

In this doubly logarithmic plot we can observe the fol-
lowing:

1. The increase is in all cases nearly linear.

2. The number of tokens increases clearly more slowly
than the number of sentences.

3. The number of sentence co-ocurrences increases at a
similar rate as the neighbor co-occurrences.

3.2

3.2.1. Basic statistics

Language statistics such as Zipf’s law (Zipf, 1935;
Sigur et al., 2004) have been researched in intra language
basis for many years, e.g. by (Meier, 1967) for German.
We are now presenting inter language basic characteristics
in Tables 3 and 4 and exemplified in Figures 2 and 3:

Inter Language Statistics

e number of types (nty)
e number of tokens (nto)

e average type length (tyl): word length from each type
in the corpus divided by the number of types

e average token length (tol): word length from each to-
ken in the corpus divided by the number of tokens

e coverage of text: given a text, the most frequent 10 /
100/1 000/ 10000 types make up a certain percentage
of this text

All data is obtained from a 100000 sentence corpus of the
respective language.

3.2.2. Comparing growth rates

In Figure 4 we compare Figures like 1 for different lan-
guages. For simplicity’s sake, always one language is com-
pared to the average of all languages. Here we compare
Finnish, French, Italian, and Norwegian (bold lines) with
the language average (thin lines).

As can be seen, there are considerable differences from
the average. These differences are stronger than the intra
language variation observed in Section 3.1.1.. We find both
parallel and non-parallel behavior. For instance, we find:



1 million 4 million 10 million 40 million
num. tokens 2020882 (98465) 2021002 (81693) 2020851 (65396) 2021958 (2964)
num. types 154921 (19910) 162324 (21030) 162576 (11424) 166350 (373)
num. s. co-occurrences 438459(26003) 413683 (14460) 405442 (8005) 395641 (1718)
num. n. co-occurrences 169308 (4636) 167248 (3446) 167000 (2180) 166408 (461)
coverage top 10 26.70 (0.18) 26.71 (0.19) 26.69 (0.18) 26.71 (0.18)
coverage top 100 48.42 (0.12) 48.40 (0.16) 48.41 (0.12) 48.43 (0.12)
coverage top 1000 65.81 (0.58) 66.02 (0.89) 66.09 (0.58) 65.03 (0.61)
coverage top 10000 82.62 (1.03) 82.53 (1.60) 82.68 (1.04) 82.57 (1.06)
avg. token length 5.72 (0.0077) 5.73 (0.014) 5.72 (0.0080) 5.72 (0.0077)
avg. type length 11.19 (0.026) 11.22 (0.032) 11.25 (0.026) 11.28 (0.025)

Table 2: Sampling Statistics. Arithmetic means and (standard deviations) for each set of experiments. Very stable features

are marked bold, less stable features are marked in italics.

Figure 4: Effects of different corpus size on numbers of types, tokens and co-occurrences for Finnish, French, Italian and

Norwegian

o Finnish has more word forms than average, This corre-
sponds to strong morphology and huge average word
length.

In contrast, French and Italian have much less words.
Moreover, the increase of the number of tokens is less
then average.

For Norwegian, the number of tokens behaves aver-
age. But it seems to have less co-occurrences of both
kinds.

4. Using Corpora and Co-occurrences

4.1. Research in Phraseology

To illustrate the possible usage of corpora as a linguistic
resource we discuss the usage and the usefulness of the cor-
pora in a research project on phraseology and lexicography
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in this Section. Since there are no homogeneous definitions
of phraseological units, the term is here to be understood
in a broad sense covering heterogeneous lexicalized multi
word units.

In order to select highly frequent phraseological units
for the compilation of a bilingual phraseological database
we determined the frequency of over 5000 phraseological
units extracted from existing dictionaries for German as a
Second Language in the German corpus. The frequency
test was carried out in the corpus in April 2002 by using
constructed search forms that correspond to possible usage
forms of the phraseological units. Furthermore, we ana-
lyzed the corpus examples to extract lexicographic relevant
data such as frequent syntactic and semantic usage patterns,
meaning and semantic variation, external valency, syntactic
and morpho-semantic restrictions and any complementary
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grammatical, lexical and pragmatic information needed to
enable the potential non-native users of the database to cor-
rectly use the phraseological units (Hallsteinsdéttir, 2005).

The frequency data was then combined with data from
a research project on native speakers knowledge about the
same phraseological units, whereby we have compiled a list
including highly frequent and well known phraseological
units that should be integrated in the basic vocabulary of
German as a foreign language. This list provides a solid
basis for further lexicographic and language teaching work
on phraseology, e.g. in relation to the reference levels of
the Common European Framework of Reference for Lan-
guages (CERF) (Hallsteinsdéttir et al., 2006).

4.2. Co-occurrences as building blocks

On the web site and in the Corpus Browser, we show co-
occurrence graphs that depict associations of a target word
graphically. Figure 5 makes obvious the idea of how to
obtain word senses from co-occurrence graphs, see (Bor-
dag, 2006) for details. The basic idea is to partition the
co-occurrences graph into clusters each of which represents
one sense.

Other applications include semantic class and tax-
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nty nto tyl tol
cat | 110034 2178029 8.04 4.57
dan | 157560 1623436 10.28 5.27
dut | 124986 1588453 994 527
est | 191225 1401652 10.37 6.58
fin | 266633 1206771 11.80 7.94
fre | 101782 2352542 854 5.03
ger | 183567 1816287 11.78 547
ice | 155903 1787209 9.84 5.16
ita 105139 1842639  8.81 5.28
nor | 165090 1551530 10.26 5.25
sor | 170917 1764778  8.16 443
swe | 169825 1503581 1032 5.1
tur | 200122 1319398 9.21 6.58

Table 3: number of types and tokens, average type and to-
ken length

10 100 1000 10000
cat | 2431 4530 6520 87.82
dan | 19.63 4258 62.74 83.10
dut | 22.53 4523 65.78 85.54
est | 11.61 2592 47.62 73.28
fin | 1098 20.72 3748  62.39
fre | 21.38 4573 6625  88.65
ger | 26.69 4845 6597 82.54
ice | 21.62 40.74 61.22  82.39
ita | 17.88 40.59 6241 85.93
kor 568 1754 37.16 64.33
nor | 1942 4196 62.05 82.05
sor | 1595 3537 58.70  79.99
swe | 18.76 40.25 60.59  80.93
tur 975 19.69 38.80 67.12

Table 4: percentage of text coverage by the most frequent
10, 100, 1 000, 10000 types

onomy learning: words have been compared by their
co-occurrences, yielding paradigmatic relations, by e.g.
(Rapp, 2002).

Promising initial results have been achieved also in
the attempt to separate syntagmatic and paradigmatic re-
lations from co-occurrences sets based on typical distances
between co-occurring words (Biichler, 2006). This is of
course highly language specific and will need further re-
search. A way to refine word sets is to intersect co-
occurrence sets as in (Biemann et al., 2004a). To give an ex-
ample, common right neighbors of apple and plum are fruit,
trees, tree, varieties, flavors. The highest-ranked sentence-
based co-occurrences excluding neighbors are a collection
of fruits and other edible things: pear, cherry, peach, sauce,
wine, spice. While these mechanisms usually do not pro-
duce 100% pure word sets, they can serve as important se-
lection procedures for augmenting semantic resources.

5. Conclusions and Further Work

We have presented a flexible schema of providing
monolingual large natural language resources and given an
insight into possible questions that may be answered by it.
We have also presented some promising results from corpus
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Figure 5: co-occurrence graph for “lead” from English Cor-
pus: two meanings as metal and verb are visually perceiv-
able

use and from inter- and intra-language comparison. Our re-
sources are meant to be growing in size and variety. In the
near future, all larger languages, beginning with the offi-
cial languages in the EU, will be covered. We are open for
cooperations and for donations of text in any language.
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Abstract
Latent Semantic Analysis (LSA) defines a semantic similasfiace using a training corpus. This semantic similarity lba used
for dealing with long distance dependencies, which are Aerant problem for traditional word-basedgram models. This paper
presents an analysis of interpolated LSA models that argegife meeting recognition. For this task it is necessaryaimbine meeting
and background models. Here we show the optimization of L®A&lehparameters necessary for the interpolation of melif$A
models. The comparison of LSA and cache-based models shiothiefmore that the former contain more semantic inforometiian is
contained in the repetition of words forms.

Optimizacija latentne semantitne analize temeljée na interpolaciji jezikovnega modela za namene razpoznawja sestankov

Latentna semanti¢na analiza (LSA) definira prostor seitraatpodobnosti z uporabo u€nega korpusa. To semanpodobnost
je mogoce uporabiti pri odvisnostih dolgega dosega, khkelienten problem za tradicionalne, na besedah temeljgt@mske modele.
Prispevek predstavlja analizo interpoliranih modelov L.&Aso uporabljeni za razpoznavanje sestankov. Za to ngegmtrebno
zdruziti modela sestankov in ozadja. Predstavljena jeropacija parametrov modela LSA za interpolacijo med m@dinodeli LSA.
Primerjava modelov LSA in modelov s predpomnilnikom pakaidi, da prvi vsebujejo vet semantinih informacij konpvljanje
besednih oblik.

1. Introduction tively small corpora with background LSA models which

_aretrained on larger corpora.
Word-basedn-gram models are a popular and fairly

sucessful paradigm in language modeling. With these mod- LSA-based language models have several parameters

els it is however difficult to model long distance dependen—'mcluencing the length (.)f '_[he histor)_/ or the similarity f”f?c'
cies which are present in natural language (Chelba and J ion that need to be optimized. The interpolation of mudiipl
linek, 1998) SA models leads to additional paramters that regulate the

i impact of different models on a word and model basis.
LSA maps a corpus of documents onto a semantic vec-

tor space. Long distance dependencies are modeled by rep-
resenting the context or history of a word and the word it-
self as a vector in this space. The similarity between these
two vectors is used to predict a word given a context. Sinc . :
LSA models the contegt as a bag of V\?ords it has to be come?'l' Constructing the Semantic Space
bined withn-gram models to include word-order statistics | |LSA first the training corpus is encoded as a word—
of the short span history. Language models that combingocument co-ocurrence matri¥ (using weighted term
word-based:-gram models with LSA models have been frequency). This matrix has high dimension and is highly
successfully applied to conversational speech recognitiogparse. ety be the vocabulary with| = M and T
and to the Wall Street Journal recognition task (Bellegardaye 5 text corpus containing documents. Let;; be the
2000b)(Deng and Khudanpur, 2003). number of occurrences of wordin document;, ¢; the

We conjecture that LSA-based language models camumber of occurrences of woidn the whole corpus, i.e.
also help to improve speech recognition of recorded meete;, = Zj\’zl ¢j, ande; the number of words in document
ings, because meetings have clear topics and LSA modefehe elements ofi” are given by
adapt dynamically to topics. Due to the sparseness of avail-
able data for language modeling for meetings it is important Cij
to combine meeting LSA models that are trained on rela- Wiy = (1~ ewi)c_j @)
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2. LSA-based Language Models



wheree,,, is defined as | Model Definition |
N n-gram (baseline) P,_oram
1 Cij Cij - - - &
€w, = — > “Llog L. 2) Linear interpolation (LIN) APrsa + (1 — A)Pr_gram
IOgN - C; C; - -
j=1 Information weighted
H Aw 11—y
€ Will be used as a short-hand fey,. Informative words . tgeorr|1ett-r|c Tﬁig o PLga P —gram
will have a low value of,,. Then a semantic space with interpolation ( )

much lower dimension is constructed using Singular Value Table 1: Interpolation methods.
Decomposition (SVD) (Deerwester et al., 1990). '

WaW=UxSxVT (3)  The information weighted geometric mean interpolation
represents a loglinear interpolation of normalized LSA

For some order <« min(m,n), U is am x r left singular probabilities and the standarggram.

matrix, .S is ar x r diagonal matrix that containssingular
values, and’ is an x r right singular matrix. The vector 2 4. Combining LSA Models

usS represents words;, andv; S represents documed. For the combination of multiple LSA models we tried

2.2. LSA Probability two different approaches. The first approach was the lin-

. . . Lo ear interpolation of LSA models with optimized where
In this semantic space the cosine similarity between P P ed

words and documents is defined as Anpr=1— (At 4 An):

P)lin é A11:)Lsal + ...+ )\nPLsan + /\n+1Pn7gram (7)

uiSva @)
[uiS=|| - ||v;Sz|| Our second approach was the INFG Interpolation with

. . . . . i , (n+1) _ (1) (n)y.
Since we need a probability for the integration with the ~ OPtimizedd; where, ™ =1 — (Aw’ +... + Aw”):
gram models, the similarity is converted into a probabil-

Ksim(wia d]) =

AMg Almg A$l+1)9n
ity by normalizing it. According to (Coccaro and Jurafsky, Pingg < PLgy, i Pl " Pr gram o (8)
1998), we extend the small dynamic range of the similarity o . 5
function by introducing a temperature parameter The paramete; have to be optimized since thé” de-

We also have to define the concept of a pseudopend on the corpus, so thata certain corpus can geta higher
documentd; using the word vectors of all words pre- weight because of a content-word-like distributionofal-
cedingwy, i.e. wi,...,w;_;. This is needed because the though the whole data does not well fit the meeting domain.
model is used to compare words with documents that havéh general we saw that thg,, values were higher for the
not been seen so far. In the construction of the pseudd?ackground domain models than for the meeting models.
document we also include a decay paraméter 1 thatis ~ But taking then-gram mixtures as an example the meet-
multiplied with the preceding pseudo-document vector andng models should get a higher weight than the background

renders words closer in the history more significant. models. For this reason the, of the background models
The conditional probability of a words, given a have to be lowered usirgy
pseudo—documelﬁig_l is defined as To ensure that the-gram model gets a certain parof
. the distribution, we definﬁﬂ“) for word w and LSA model
Pisa (wt|dt_1) £ Lsay as *
[Ksim (we, 6 1) = Konin (T 1)]” ) A & 1—% ©)
Zw[Ksim(wadt—l) - Kmin(dt—l)]v 1-a

Whereegf) is the uninformativeness of word in LSA

modelLsay as defined in (2) and is the number of LSA
models. This is a generalization of definition (6). Through
2.3. Combining LSA andn-gram Models the generalization it is also possible to trainthe mimi-

For the interpolation of the word basedgram mod- Mum weight of thex-gram model.

els and the LSA models we used the methods defined in ~OF the INFG interpolation we had to optimize the
Table 1. )\ is a fixed constant interpolation weight, asd model parameter;, the part of the:-gram modek, and

denotes that the result is normalized by the sum over thi1ey exponent for each LSA model.
whole vocabulary.\,, is a word-dependent parameter de-
fined as

whereK in(d;—1) = min,, K (w,d;_1) to make the result-
ing similarities nonnegative (Deng and Khudanpur, 2003).

3. Analysis of the models

Ay 2 L —ew _ 6 To gain a deeper understanding of our models we an-

2 alyzed the effects of the model parameters and compared
This definition ensures that thegram model gets at least our models with other similar models. For this analysis we
half of the weight.\,, is higher for more informative words. used meeting heldout data, containing four ICSI, four CMU
We used two different methods for the interpolationand four NIST meetings. The perplexities and similarities

of n-gram models and LSA models. Thaformation  were estimated using LSA and 4-gram models trained on

weighted geometric mean and simpldinear interpolation.  the Fisher conversational speech data (Bulyko et al., 2003)
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and the meeting data (Table 2) minus the meeting heldot
data. The models were interpolated using the INFG inter
polation method (Table 1).

| Training Source| # of words (x10°) |

Fisher 23357
Meeting 880

Perplexity

Table 2: Training data sources.

3.1. Perplexity Space of Combined LSA Models

Figure 1 shows the perplexities for the meeting and the
Fisher LSA model, that were interpolated with afgram
model using linear interpolation (Definition 7) weke and
Ao are the corresponding LSA model weights. Zeros arém)de'S'
plotted where the interpolation is not defined, e.g. where
A1 + A2 > 1, which would mean that the-gram model  andn-gram model.
gets zero weight. When we conducted word-error-rate experiments with

This figure shows that the minimum perplexity is combinations of more than two LSA models (Pucher et al.,
reached with\; = A\, = 0. Furthermore we can see that 2006) we used gradient-descent optimization to optimize
the graph gets very steep with higher values\ofThis is  all the interpolation parameters together. Here we used a
beneficial for the gradient descent optimization since we albrute-force approach to get a picture of the whole perplex-
ways know where to go to reach the minimum perplexity.ity space.

The minimum perplexity is however reached when we do
not use the LSA model and So|e|y re'y on ﬂﬂ.@ram_ 3.2. The Repetition EffeCt: LSA MOdels a.nd CaChe
Models
Some improvements of LSA-based language models
overn-gram models are surely due to the redundant nature
of language and speech. A lot of words that pop-up in a
1000 I meeting for example are likely to pop-up again in a short
' ' window of context. A word will be highly similar to a con-
text when the word appears in the context. A cache-based
language model can exploit this fact by keeping a cache of
words that already have been seen, and giving them higher
1 probability (Kuhn and De Mori, 1990). To test if the perfor-
mance of LSA-based models only rests on this cache-effect
we checked the word probabilities of the models.

Meeting model 61 Fisher model 92

Figure 2: Perplexity space for 2 INFG interpolated LSA
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Meet | Fish | Meet | Fish

Figure 1: Perplexity space for 2 linearly interpolated LSA Word in hist. 60% | 63% | 5% | 6%
models. Word outof hist.| 8% | 7% | 27% | 24%
68% | 70% | 32% | 30%

Figure 2 shows the perplexity space of the INFG inter-
polation (Definition 8) for the meeting and the Fisher model Table 3: Number of improved LSA word probabilities.
that is much flatter than the linear interpolation space. We
can estimate the difference in steepness by looking at the Table 3 shows the number of improved word probabil-
perplexity scale, which i$67, 72] for the INFG interpo- ities for the meeting and the Fisher model on the heldout
lation compared td0, 1000] for the linearly interpolated data. “+' means that the probability of the LSA model was
models. Therefore the parameter optimization is harder andigher than the:-gram model probability,~’ means that
slower for this interpolation. it was lower. The end-of-sentence event is not included.

On the other hand we can achieve an improvementover For the meeting model 60% of the improvements are
the n-gram model when using this interpolation. The op-due to the cache-effect where the word appears in the his-
timum perplexity is not reached when giving both LSA tory. This value is so high because we use the decay param-
modelsf; = 0, but when setting the parameter for the eter, so that a word disappears from the pseudo-document,
Fisher modelt@, = 0 and the meeting model parameter to but it still stays in our cache for the whole meeting and
0, = 1. The#,’s have only the function of boolean model increases the cache-effect. So a certain amount of this
selectors in thi®-model case. But there is still the word en- improvement is actually due to the semantic of the LSA
tropy that is varying the interpolation weight between LSA model. This happens because the word vector is decayed
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in the pseudo-document but the word stays in the cache for In Figure 3 all similarities< 1.0 get pruned in compari-

the whole meeting. The percentage of the claAdord not  sontoy = 1. This is due to the nature of the exponentiation

in hist. has to be increased by this amount. where all values between [f, 1] get smaller if exponenti-
We can estimate this amount by assuming that eachted. To change this one can add an offset [0, 1] to the

meeting contains: 7500 (90455/12 meetings) words, and  similarities to avoid pruning of similarities in the intev

that the last.00 words are present in the pseudo-document|[l — 3,1]. For 8 = 1 there is no pruning since all simi-

We know that60% of the words fall under the category larities are bigger than or equal 10 Than the similarity

+/Word in hist. & 4500 words). But this is only true if we ~ distribution gets flatter. We also optimizetto find the

assume the history to be the whole preceding meeting anefffect of values that are smaller than

not just the last 100 words. The mean length of the history  For our work it is interesting to see whichvalues op-

for a document of length is given by the arithmetic mean timize the perplexity on the heldout data. Figure 4 shows

Obbtatothol — AL perplexities of the Fisher model on the heldout data for dif-
In our case the mean length of the historyis3700.  ferent values ofy andg.

So we know that given a mean length of around 3709;

of the words fall under the former class, but given a mear

length of the history around 100, some improvement alsc ;> B=0

falls into the class+/Word not in hist, which must there- 144 ; iiﬁﬁjgj;,

fore be significantly higher thaf%%. The same reasoning 13§ i|~p=0s

applies to the Fisher model where the performance is eve >1361“~ B0

better. R !
According twot-tests for paired samples the differences %134 "g:.j;f* ey ’

between LSA ana-gram models for the following classes e ¥ i

are significant:+/Word in hist, —/Word in hist., —/Word 150 elw *

notin hist. for the meeting and the Fisher moglek({ 0.05). N N N ;

The difference within the class/Word not in hist. is how- 128 E“»B::Vmg;;‘ré’;\ ¥ G ]

ever not significant, but as already mentioned the true siz. =5+ 7 8 Zfof;zles 20 275 W 10

of this class is bigger than the estimated size. Similarity Exponenty

This analysis shows that LSA-based models cannot be
simply replaced by cache-based models. Although the reg=igure 4: Perplexities for the Fisher LSA model with dif-
etition effect is important for LSA models they also cover ferenty andg values.
other semantic information.

3.3. The Temperature Effect:v Exponent

Optimization 12 S ep=0
The temperature parameter(Definition 5) is used to ,d"’ ZTZE;?.’;;
extend the small dynamic range of the LSA similarity (Coc- 120 =05
caro and Jurafsky, 1998). Here we want to optimize this ¥ =10
parameter and show how it changes the LSA similarities. E e, o
The similarities were scaled by using the minimumsim- &7 S0 e o '
ilarity given the history as in Definition 5. Otherwise the & "y e N ’
exponent would make negative similarities positive. 110/ uv*‘ oy ,,V?"l--*.__*\
T 34%)37:/:'* \t“‘v"
2000y L
4-graml 2 7 9 10 11 12 13 15 20 25

5 6 7 8
Similarity Exponent
1500

Figure 5: Perplexities for the meeting LSA model with dif-
1000 ] ferenty and values.

Number of Words in Bin
()
o
o

One can see that the lowest perplexity for@aNalues
is nearly the same while only the exponent is shifting. It
can also be seen that all LSA models outperform4he

2 Similarity 3 gram model even fofy = 1. The optimaly value for the
_ o meetings is for alp smaller than for the Fisher model (Fig-
Figure 3: Similarities fory = 8. ure 5). One generalization we can make from experiments

with other models is that the optimalvalue is in general
Figure 3 shows the similarity distribution forjavalue  higher for bigger models, e.g. models that are trained on
of 8 for the Fisher model on the heldout data. This distri-larger corpora. This is also reflected in the relation betwee
bution expanded the similarity range and assembles a lot dhe meeting model and the Fisher model which can be seen
similarities around zero. from figure 5 and 4.
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With the first approach one comes up with a much  The comparison between LSA and cache-based models
smaller exponent than with the second. We conjecture thathowed that a large amount of the improvementis due to the
the different values of exponents found in the literaturerepetition of words, but there is also an improvement that
ranging from7 (Coccaro and Jurafsky, 1998) 20 (Deng  relies on other features of the LSA-based models. So cache-
and Khudanpur, 2003) are due to the usage of different valbased models cannot simply replace LSA-based models.
ues of 3. Since we do not see a difference in perplexity = We also presented the optimization of similarity expo-
we conclude that it does not matter which approach on@ent and offset and saw the relation between the offset se-
chooses. lection and the similarity exponent.

The temperature parameter was optimized indepen- The optimization of the decay parameter showed that it
dently from the interpolation parameters. We found thatmakes little difference when being close to or equal to one,

this value is stable over different test data sets. but a bigger difference when the value gets close to zero.
_ _ S We can conclude that the optimzation of parameters
3.4. The History Effect: § Decay Optimization is crucial for outperforming word-basedgram language

Here we show how the decay parameétarfluencesthe  models by interpolated LSA models.
perplexity. The perplexity of thé-gram Fisher and meeting
models are again our baselines. As a test set we use again 5. References
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The decay parameter was optimized independently of
the interpolation parameter and the temperature parameter
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4. Conclusion

We showed how to optimize the parameters for interpo-
lated LSA-based language models and saw that simple lin-
ear interpolation did not achieve any improvements. With
the INFG interpolation we achieved an improvement and a
model selection.
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Abstract

The exploitation of various lexical resources is crucial for many complex Natural Language Processing (NLP) applications. These
systems improve their results remarkably if a more intensive exploitation of the lexical and semantic resources is carried out.
Therefore, optimizing the production, maintenance and extension of lexical resources is a crucial aspect impacting Natural Language
Processing tasks, in particular those related to language understanding. The lexical resources have been built with extensive human
effort over years of work, so it would be beneficial to enable the merging of these resources to form extensive global resources and
also to define an standard way to interact with this kind of semantic repositories. Lexical Markup Framework (LMF) is a model,
sponsored by the International Organization for Standardization, 1SO, that provides a common standardized framework for the
construction of NLP lexicons. This paper proposes an extension of the semantic part of the LMF metamodel. We hope this extension
to improve the metamodel by the inclusion of semantic information considered useful in semantic interpretation of texts, as proved by
research in Semantic Role Labeling processes.

VKkljuéevanje globljih pomenskih informacij v LMF (Lexical Markup Framework/Okvir za leksikalno
oznacevanje): predlog

IzkoriSéanje razli¢énih leksikalnih virov je klju¢no za mnogo celovitih aplikacij procesiranja naravnega jezika. Pri teh sistemih se
rezultati obcutno izboljsajo, ¢e so leksikalni in pomenski viri u¢inkoviteje izrabljeni. Zatorej je optimiziranje priprave, vzdrZevanja in
Sirjenja leksikalnih virov kljuéno pri nalogah procesiranja naravnih jezikov, posebej tistih, povezanih z razumevanjem jezika.
Leksikalni viri so bili zgrajeni z veliko ¢loveSkega truda v veé letih, zato bi bilo koristno omogogiti njihovo zdruZevanje in tako
oblikovati obseZne globalne vire, prav tako pa dologiti standardne pristope za delo s tovrstnimi pomenskimi zbirkami. LMF je model,
ki ga podpira Mednarodna organizacija za standardizacijo (ISO) in v okviru katerega se pripravlja skupni standardizirani okvir za
gradnjo leksikonov za procesiranje naravnega jezika. V ¢lanku predlagamo razSiritev pomenskega dela metamodela LMF. Upamo, da
bo ta razsiritev izboljSala metamodel glede vkljucevanja pomenskih informacij, uporabnih pri pomenski interpretaciji besedila, kot se
je to potrdilo pri raziskavi procesiranja oznak pomenskih vlog.

Palmer and Marcus, 2002), or FrameNet (Baker, Fillmore,
1. Introduction Lowe, 1998). The semantic role labelling systems improve
The goals of a semantic parser are to identify the their results remarkably if a more intensive exploitation of

semantic relations between the words. and the the [lexical resources is carried out (Brharati,
construction of a structure allowing the interpretation of ~ venkatapathy and Reddy, 2005). These resources were

the meaning of the text (Shi and Mihalcea, 2005). built with extensive human effort over years of work.
The identification of the semantic roles is a crucial part I-r|]ence, it would 26 beneficial to Ienbatile the merging of

in the interpretation of texts (Gildea and Palmer, 2002), ~ these resources to form extensive global resources.

and therefore is important for information extraction and The creation of a standard on lexicons can be a useful

retrieval, question answering, natural language interfaces aid for the constructic_m_and mginte_nance of the lexical
etc. (Hacioglu et al., 2003), (Melli et al., 2005). resources, and for their integration into natural language

In the last decade, the work in the information processing systems. LMF (ISO 24613) is a model that

extraction research field has shifted from complex rule- ~ Provides a c?mmonl st.andardizhed fra}me\]ﬁvork for the
based systems (Alshawi, 1992) to simpler finite-state or ~ construction of NLP lexicons. The goals of LMF are: to
statistical systems such as (Hobbs et al., 1997) and (Miller ~ Provide a common model for the creation and use of
et al, 1998). These systems have been used in the lexical resources, to manage the exchange of data among
extraction of relations for specific semantic domains such ~ these resources, and to enable the merging of large
as terrorist events in the framework of the DARPA numbe_r of individual _electronlc resources to form
Message Understanding Conferences. Other commercial ~ €Xt€nsive global electronic resources.

systems have incorporated knowledge representation . 1Ne aim of this paper consists to propose a set of
techniques traditionally used in IA, like frames or context- Improvements to LMF model in par.tlcular, n thg semantic
dependent templates. level, in order to improve the creation and the integration

Nowadays, the challenge is to be able to develop of lexical resources. The proposed extension is based on

domain-independent systems or, at least, systems easily the analysis and study of research works in the fields of

adjustable to any semantic domain. The semantic role ~ Semantic Role —Labeling and lexical ~resources
labelling systems use lexical resources like VerbNet applications, like Information Retrieval, Information

(Kipper, Dang and Palmer, 2000), PropBank (Kingsbury, ~ EXtraction and Question Answering.
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In section 2, the semantic roles and some related
linguistics theories are treated. In section 3, the main
lexical resources are described. In section 4, several
previous works on standards for lexical resources are
reviewed. In section 4, the model proposed by standard
ISO 24613 is described. In section 5, our approach is
developed and finally, in section 6, some conclusions are
considered.

2. Semantic Roles

The semantic roles describe the semantic relation (non
grammatical) that the arguments have with respect to the
predicate of a sentence (usually a verb). Other terms used
for their denomination are: thematic roles, semantic cases,
thematic relations, semantic arguments, etc.

A semantic role describes an abstract function carried
out by an element taking part in an action. This abstract
function is defined regardless of the syntactic realizations
that the element can acquire into a sentence. So, the
semantic roles allow for the representation of generic
actions, regardless of the language and the diverse
grammar resources that a language offers to express the
same action (Cook, 1989).

In the following sentences, the semantic roles of the
predicate to break have different syntactic realizations:

[John agen:] [broke ] [the windowopje] With [the
hammer Instrument]

[The window opject] [Was broken ] by [John agent]

[The hammer. jnsirumentd] [Broke ] [the window opjeci]

In contrast to the syntactic level, where there is, more
or less, agreement among the linguistic community about
the syntactic components and their definition, the
semantic level does not reach that degree of agreement
when semantic roles and their characteristics must be
stated.

The majority of abstract roles have been proposed by
linguists as part of the Linking Theory (Levin and
Rappaport, 1996) - the part of grammatical theory that
describes the relationship between semantic roles and their
syntactic realizations- which is more concerned with
explaining generalizations across verbs in the syntactic
realizations of their arguments.

The Proto-Role theory is most abstract and was
proposed by (Valin, 1993), (Dowty, 1991). This theory
has only two roles: Proto-Agent, Proto-Patient.

Fillmore (Fillmore, 1968) proposed a grammar of
cases that classified the verbs according to the frames of
cases or the necessary roles demanded by a verb. One of
the essential elements of the model was a small set of
roles universal, that is to say, generic enough to be valid
for all the languages.

The more specific roles have been proposed by
computer scientists, who are more concerned with the
details of the realization of the arguments for specific
verbs. For example, if a flight information system is
considered, some  specific roles could be:
FROM_AIRPORT, TO_AIRPORT, DEPART _TIME, or
verb-specific roles such as EATER and EATEN for the
verb eat.

Finally, it is important to emphasize the difficulty in
the identification of the semantic roles. The main reason is
that there is no a direct mapping between the syntax and
the semantics.
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3. Review of the main linguistic resources
containing semantic information

As already stated, the linguistic information is crucial
in many NLP tasks. If semantic role labeling systems are
considered, the use of this type of resources is essential.

FrameNet is based on the theory of semantic frames
(Fillmore, 1976), where each frame corresponds to an
interaction and its participants (roles). A frame has an
appropriate name to describe the semantic relation defined
by the semantic roles. The frame elements (roles)
proposed by FrameNet are specific of each frame.

FrameNet includes corpus of annotated sentences with
semantic roles. The corpus can be used to learn how to
identify semantic relations starting with syntactic
structures.

Its main disadvantage is that it does not define
selection restrictions for semantic roles. In addition, the
coverage of FrameNet (3040 verbs) and its scalability are
seriously limited.

PropBank is a corpus in which verbs are annotated
with semantic tags, including coarse-grained sense
distinctions and predicate-argument structures. PropBank
is based on the verbal classification introduced by Levin
(Levin, 1993), that assumes there is a strong connection
between syntax and semantic. The verbs are grouped
together based on their syntactic behaviour and the
resulting clusters are coherent from a semantic point of
view as all verbs in one Levin class share the same
semantic roles. The clusters are formed at a grammatical
level according to diathesis alternation criteria. The
arguments (roles) of PropBank are specific of each verb.

VerbNet is a verb lexicon providing detailed syntactic-
semantic descriptions of Levin classes. As a result, the
main hypothesis of VerbNet is that the syntactic frames of
a verb are a direct reflection of the underlying semantic.

The main advantage of VerbNet is that it offers a hard
generalization of the syntactic behavior of verbs. In
addition, VerbNet provides selection restrictions for its
roles. A selection restriction marks the semantic category
to which the argument's header belongs to. Another
remarkable advantage of VVerbNet is that each verb entry
is already linked to WordNet (Fellbaum, 1998), with a list
of possible senses. In addition, it has a wider coverage
than FrameNet (4159 verbs, as opposed to 3040 verbs of
FrameNet; 2398 defined in both resources).

The main VerbNet drawback is that thematic roles are
too generic to capture similar scenarios to those
represented by semantic frames of FrameNet.

WordNet is a lexical database of nouns, verbs,
adjetives and adverbs. Closed categories (prepositions,
conjunctions, etc.) are not represented, as they are
considered part of the syntactic knowledge, not of the
semantic knowledge. The main disadvantage of WordNet
is that it does not codify the syntactic behavior of the
verbs.

The lexical resources are scarce but very valuable
information. (Shi and Mihalcea, 2005) propose the
integration of the lexical resources FrameNet, VerbNet
and WordNet. Each of these resources encodes a different
kind of knowledge and has its own advantages, so their
combination can eventually result in a richer knowledge-
base that could enable a more accurate and robust
semantic parsing.



Few automatic methods for semantic classification
exist, mainly due to the lack of resources with semantic
information.

4. Standards for Lexical Resources

Several attempts have been made in the
standardization of linguistic processes and resources. This
section describes some of the main initiatives in this line.

GENELEX was a EUREKA project that had several
aims and one of them was to design a global model to
represent all kind of lexical information (for monolingual
morphology, syntax and semantics, and multilingual
correspondences), in a neutral mood, independent of
applications and not directly linked to a particular theory.
Furthermore, the project pursued to build adapted tools to
create and maintain such lexicons. In addition, the
effectively creation of large size lexical data in this model
was considered.

EAGLES' (Expert Advisory Group on Language
Engineering Standards) was an initiative of the European
Commission, within DG XIlIlI Linguistic Research and
Engineering program, which aimed to accelerate the
provision of standards for: very large-scale language
resources (such as text corpora, computational lexicons
and speech corpora); means of manipulating such
knowledge, via computational linguistic formalisms, mark
up languages and various software tools; means of
assessing and evaluating resources, tools and products.

ISLE?> (International ~Standards for Language
Engineering) is both the name of a project and the name of
an entire set of co-ordinated activities regarding the
Human Language Technology (HLT) field. ISLE acted
under the aegis of the EAGLES. The aim of ISLE was to
develop HLT standards within an international
framework, in the context of the EU-US International
Research Cooperation initiative.

Its objectives were to support national projects, HLT
RTD projects and the language technology industry in
general by developing, disseminating and promoting de
facto HLT standards and guidelines for language
resources, tools and products.

MULTEXT provided specific guidance for the
purposes of NLP and MT corpus-based research.
MULTEXT tackled the definition of a software standard,
an essential step toward reusability, and publishing the
standard to enable future development by others.

PAROLE?® was an EU funded project which aimed to
build harmonized lexica and corpora in all languages of
the Union. This allows multi-lingual links to be made at
the same formal linguistic level (morphological, syntactic
and semantic) and at the same level of descriptive
granularity. The project took account of previous research
into encoding lexica and corpora using standard, non-
language specific formats

SIMPLE?® was a project sponsored by the 1V European
Framework Program. This project represented the first
attempt to develop wide-coverage semantic lexicons for a
large number of languages, with a harmonized common
model that encodes structured "semantic types" and
semantic frames.

! hitp:/imwwe.ilc.cnr.itt EAGLES96/home.html
2 hitp://www.mpi.nl/ISLE
% http://www.ub.es/gilcub/SIMPLE/simple.html
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5. Lexical Markup Framework

The sub committee 1SO-C37 elaborated a standard for
the management of terminology (Terminology Markup
FrameWork, 1SO 16642), and later, decided to construct
standards for natural language processing. I1ISO 24613,
published under the name “Language resource
management — Lexical markup framework”, provides a
common model for the creation and use of lexical
resources. In addition, the model makes it possible to
manage the exchange of data among linguistic resources
and to enable the merging of a large number of individual
electronic resources to form extensive global resources.

The same specifications are to be used for both small
and large lexicons. The descriptions range from
morphology, syntax and semantic to translation. The range
of targeted NLP applications is not restricted.

The LMF specification complies with the modeling
principles of Unified Modeling Language, UML
(Rumbaugh, Jacobson, and Booch. 2005) as defined by
OMG".

LMF is composed of two components: a core package
which describes the basic hierarchy of information in a
lexical entry and some extensions of the core package that
describe the reuse of the core components in conjunction
with the additional components.

In Figure 2, the UML class diagram of the core
package is presented. The class Database represents the
entire resource and is a container for one or more lexicons.
The class Lexicon is the container for all the lexical entries
of the same language within the database.

The Lexical Entry is a container for managing the top
level language components. As a consequence, the
number of single words, multi-word expressions and
affixes of the lexicon is equal to the number of lexical
entries in a given lexicon. The Form and Sense classes are
parts of the Lexical Entry. The Form consists of a text
string that represents the word. The Sense disambiguates
the meaning and context of a form. Therefore, the Lexical
Entry manages the relationship between sets of related
forms and their senses.

The current LMF extensions are described as UML
packages (Figure 1).

Figure 1: Extensions of the core package UML

Creators of lexicons should select the subsets of the
possible extensions that are relevant to their needs. All
extensions conform to the LMF core model in the sense
that some of the core package classes are extended. An
extension cannot be used to represent lexical data
regardless of the core package.

4 www.omg.org


http://www.ilc.cnr.it/EAGLES96/home.html
http://www.ilc.cnr.it/EAGLES96/home.html
http://www.mpi.nl/ISLE
http://www.omg.org/

In Figure 3, the semantic extension of the model is
represented. The purpose is to describe one sense and its
relations with other senses belonging to the same
language. LMF propose several descriptive mechanisms
like synsets, predicates, relations or linkage with syntax.
Due to the intricacies of syntax and semantics in most
languages, the section on semantics comprises also the
connection to syntax.

The most important classes shown in Figure 3 are
Sense, SemanticPredicate and SynSet. The class Sense is
described in the core package. SemanticPredicate is an

element that describes an abstract meaning together with
the association with Semantic Arguments
(SemanticArgument). A semantic predicate may be used to
represent the common meaning between different senses
that are not necessarily fully synonyms.

Synset links synonyms. Synset is an element that
describes a common and shared meaning within the same
language. Synset may link senses of two different lexical
entries with the same part of speech.

N,

1

o*

Proposition
1

Figure 3: Extension for Semantic LMF
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6. Proposed classes for the semantic part of
LMF

In this section, we propose new classes for the
semantic part of LMF. These new classes, denoted as
SemanticClass and SelectionalRestrictions in Figure 4,
correspond with the lexical features which have been
found to be useful when studying application of lexical
resources and semantic role labeling techniques. The final
goal of this proposal is to provide the LMF model with the
needed elements to comprise existing resources like
VerbNet, PropBank, FrameNet and WordNet. These
lexical resources, among other things, contain information
about thematic roles, which is crucial when the semantic
interpretation of texts is considered.

The semantic role labeling system that has obtained
the best results until year 2005 was proposed by (Pradhan
et al, 2005). The evaluation showed that the features verb
semantic class and verb sense improved its performance.
In a previous section, VerbNet and FrameNet resources
have been described, both containing representations for
groupings of lexical units regarding their semantic
meaning. In PropBank or VerbNet, the focus is put on
verbs, which can drive the semantic interpretation of a
sentence, while FrameNet syntactic categories as nouns,
adjectives and others are also considered. These semantic
classes cannot be matched against the SynSet class
proposed in Figure 3, because this class groups lexical
entries with the same syntactic category. This is the reason
to include SemanticClass in the metamodel. This
SemanticClass would include this groups of senses,
according to these resources. It is worth mentioning that
the frames defined in VerbNet, FrameNet and others could
be related with the class SemanticPredicate already
defined in the LMF model but these frames can represent

one or several semantic classes, depending on the lexical
repository considered.

Furthermore, (Brharati, Venkatapathy and Reddy,
2005) showed that the sub-categorization frames help in
predicting the semantic roles of the mandatory arguments,
thus improving the overall performance. VerbNet defines
for each wverb class a set of thematic roles
(SemanticArgument) and a set of syntactic frames (which
can be included in the class SemanticPredicate defined in
LMF) in which these roles are expressed. In addition,
VerbNet defines selection restrictions (Selectional
Restrictions) for the roles of each one of the classes
(+animate, +organization, +communication, +machina,
+concrete, + +abstract, etc). These restrictions are
valuable information for determining which arguments
correspond with the proper semantic roles. In Figure 4, the
class Selectional Restrictions is included as an associative
class between classes SemanticClass and
SemanticArgument and it must take values from the
SynSet class.

PropBank does not define semantic selection
restrictions for its arguments, but these could be obtained
easily, because PropBank and VerbNet are based in the
same verbal classification (Giuglea and Moschitti, 2004).
In this case, the semantic class of the head word can be
useful to determine the correspondence between the
syntactic components and the semantic arguments of
PropBank. The head word of the noun phrase, and other
lexical features, have generated good results in the
classification task (Gildea and Jurafsky, 2002), (Pradhan
et al., 2005), but these lexical features produce a large
dispersion in the data, causing noise in the classification.
In this case, it can be useful to use its semantic class
(obtained from WordNet) with the purpose of reducing the
noise in the classification.
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In Figure 4, a relation head word exists for each noun
phrase, so a relation is necessary between the classes
SyntacticArgument, that represents a noun phrase, and
LexicalEntry, that represents a word. Furthermore, a new
relation relatedHeadWordSense is added to represent the
semantic class of the head word appropriate for the
syntactic argument.

Although specific resources like VerbNet, FrameNet
or WordNet have been studied to propose the mentioned
new set of classes, the identified elements can be
considered generic enough to have a representation in the
semantic extension of the LMF metamodel.

7. Conclusion

The availability of semantic information is a crucial
issue in the interpretation of texts, and therefore it is
important for many tasks related with Natural Language
Processing such as Information Extraction, Question
Answering or Information Retrieval.

Current lexical resources are small and expensive to
produce and maintain. So, it is important to be able to
combine them to construct resources with a wider
coverage. The creation of a standard fixing the structure
and interfaces to be provided by lexical repositories can be
a useful aid in the construction and maintenance of these
kind of resources and in their integration within Natural
Language Processing applications.

In the present work, the LMF standard has been
reviewed, and we have proposed several extensions for the
semantic part of the LMF metamodel. These extensions
are considered to be beneficial for systems where
semantic interpretation of texts is pursued.
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Abstract
An algorithm for pronoun generation is introduced as part of a summarization and question answering system. The algorithm makes
use of Lingpipe, a coreference resolution tool, as a key component of a process to generate the appropriate pronouns. The two phased
algorithm makes use of a replacement phase, followed by a validation phase which makes use of information obtained by a parser. At
the end, initial results performed on a collection of DUC 2005 documents are provided.

Tvorjenje zaimkov v sistemih povzemanja besedila in odgovarjanja na vprasanja
Predstavljen je algoritem za tvorjenje zaimkov kot del sistema povzemanja in odgovarjanja na vprasanja. Algoritem uporablja
LingPipe kot kljuéno komponento postopka za tvorjenje ustreznega zaimka. Dvostopenjski algoritem uporablja fazo zamenjave, ki ji
sledi faza validacije, pri kateri se uporablja informacije, pridobljene s avtomatskim razélenjevanjem. Na koncu so predstavljeni prvi
rezultati delovanja sistema na zbirki dokumentov DUC (Document Understanding Conferences).

1. Introduction

Summarization and question answering are both
examples of natural language processing systems that
produce natural language output, and thus require some
sort of text generation module. The degree of
sophistication in the text generation can vary widely, but
given the high frequency of pronouns in natural language
text, it is natural to expect that a proper treatment of
pronouns in summaries and responses might lead to better
quality output. We examine this issue by exploring an
approach to pronoun generation which incorporates a
pronoun resolution module as part of the generation
process.

Little attention has been paid to pronoun generation
and the focus has always been on coreference resolution.
The reason can be attributed to the lack of a good
benchmark for evaluation and/or scarcity of real language
generation systems that the pronoun generation module
can be plugged into.

Sometimes resolution algorithms can be viewed as
clues to generation. The first rule of a centering model
proposed by Grosz et al (1995) can be interpreted as an
acceptance criterion for pronoun generation. However,
this is only a special case and no one has really
implemented the idea in a generation framework.

McCoy et al. (1999) hypothesize that discourse
structure is indeed vital in the decision of whether or not
to generate a pronoun. To prove their claim, they choose
the shift in time scale as a signal of change in the deictic
center of the story. Based on time clues, they segment the
text into different threads and in their algorithm state that
if the current and previous references to X are in the same
thread a pronoun is preferable and otherwise a definite
description is used. In case of ambiguities, they use a
reference resolution algorithm (Strube, 1998) and check if
the pronoun would resolve to X in which case it is
permitted to use a pronoun, otherwise not. By using these
rules, they show a reduction of error rate by 28.9%
compared to a baseline. We take a similar and simpler
approach for another task and show an improvement.
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This paper introduces a pronoun generation approach
used in the course of a summarization and question
answering system (Melli, 2005). The task was to find
answers, less than 250 words, to fifty questions using the
given corpus of relevant documents. These documents
came from the Financial Times of London and from the
Los Angeles Times.

The general approach taken in the summarization task
involved a linguistic analysis of each sentence in the
corpus, performing not only named entity extraction, but
also anaphora resolution, in which each pronoun in the
document was tagged with the entity corresponding to its
antecedent. Sentences were then selected from the various
documents, and combined to form a summary. Note that
by replacing pronouns with their antecedents, it allows the
use in the summary of a sentence that originally contained
a pronoun, even if the sentence containing the antecedent
is not included in the summary. Thus, “dangling”
pronouns are avoided.

As is measured in (Vicedo and Ferrandez, 2000) the
ratio of pronominal reference used in news collections can
be as high as 55%. So, to make the final text smooth and
fluent, pronoun generation is essential.

In this paper we focus only on third person singular
pronouns where they are in contexts handled by
Lingpipe®. In the task for which we used our approach,
sentences are wholly extracted from original documents.
Reflexive pronouns and cataphora are generally both
intra-sentence concerns and their generation is not needed
in the task. Also note that first and second person
pronouns are never considered in pronoun generation
systems, because their generation requires the change of
sentence structure, something which is usually not desired
(for example verbs should change as well). The cases
where the proper noun acts as an adjective (as in "the

! Lingpipe is a suite of natural language processing tools written
in Java that performs tokenization, sentence detection, named
entity detection and co-reference resolution on text. The input is
plain text and output is an XML file with embedded tags inside
the original text.



Castro government") are not dealt with in this paper
either.

In this paper, we first explain in section 2 the
algorithm in detail and in section 3 our results are
provided. We conclude in section 4 with some suggestions
for possible enhancements.

2. Our Algorithm

As mentioned above, Lingpipe can find all the
referents to a specific entity, so by running Lingpipe once
on the text, we would have a chain of entities, all with the
same referent. Our goal is for the latter entities to be
systematically replaced by pronouns referring to the
former entities. The algorithm can be divided into two
phases: replacement and validation.

In the first phase, an appropriate pronoun is chosen
and the text is regenerated with the specific entity replaced
by this pronoun. Then, Lingpipe is used to validate the
replacement. In case of valid replacement, the pronoun
will remain in the final text.

Nearly all of the existing algorithms for anaphora
resolution identify a part of the text surrounding the
pronoun that will be inspected for the candidate
antecedent. Lappin and Lease (1994) and Mitkov (1998)
use the preceding three and two sentences respectively.
Gaizauskas and Humphreys (1996) use the same
paragraph that the pronoun is located. As sentences in
news articles tend to be long, we chose the distance as at
most two sentences. The sentence boundary detector in
Lingpipe was used for this task.

In order to suggest a pronoun out of the pronoun set
(he, she, his, her, him), we have to deal with gender and
case (nominative, accusative, possessive) as part of the
replacement phase. Since Lingpipe is not able to guarantee
grammaticality, we cannot deal with grammaticality when
we use it in the validation phase.

The gender recognition task is itself performed in four
consecutive phases. The first, third and fourth phase are
general and the second phase takes advantage of the
information available in previous stages in the pipeline.

First, the summary is checked to see if we can resolve
gender using existing referring pronouns. Second, in the
annotated document set, named entity information for all
the original documents exists and is used to extract gender
information. Third, if some entities remain unresolved
(either because they are not referenced by a pronoun or
the co-reference is not detected by Lingpipe) an online
database of 10079 international frequently used names? is
used. Fourth, the prefix courtesy titles (ex. Mr) are
applied, overriding all of the above. If the gender of an
entity cannot be distinguished after these four phases, its
gender is marked as male (due to the dominance of male
entities in news articles).

In order to choose between different types of
pronouns (nominative, accusative, possessive) the
information available from the parse is used. Specifically,
the following rules are applied:

1. If most of the prepositions precede the entity and it is
not followed by 's, the replaced pronoun should be

2 http://baby-names.adoption.com/names.php
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accusative (him, her). These prepositions do not
include all of the words labelled as PP in the parser®.

2. If most of the prepositions precede the entity and the
entity is followed by 's, the replaced pronoun should
be possessive (his, her).

3. If a verb precedes an entity (base form, past tense,
gerund, past participle, present tense) and the entity is
not followed by 's, the replaced pronoun should be
accusative (him, her).

4. If a verb precedes an entity (base form, past tense,

gerund, past participle, present tense) and the entity is
followed by 's, the replaced pronoun should be
possessive (his, her).

5. In all other cases, the replaced pronoun is nominative
and based on gender information (he, she).

After the pronoun is replaced in the text, the text is fed
to Lingpipe. This new output is compared with the
original text. If the new pronoun is still referring to the
same entity that the earlier entity referenced (i.e. the entity
that is replaced by the pronoun), the replacement will be
valid and the pronoun is kept in the text, otherwise the
previous version of the text is used for the next
replacement iteration. This process is repeated for all the
possible combinations of co-referent entities. If the entity
is already a pronoun, nothing is done.

3. An Example

To illustrate how this algorithm works, we will now
work through an example. Suppose the following
passages, shown in (1), (2) and (3), are extracted from
three separate documents®:

(1) Albert lives alone.
(2) Sandra invited Albert to the dinner.
(3) Jack couldn't make it to the party. Albert is in a hurry.

By running Lingpipe on the set, it would return
(Albert, Sandra and Jack) as the entities. The output would
be as shown in (4-6).

(4) <ENAMEX id="0" type="PERSON"> Albert
</ENAMEX> lives alone.

(5) <ENAMEX id="1" type="PERSON"> Sandra
</ENAMEX> invited <ENAMEX id="0"
type="PERSON"> Albert </ENAMEX> to the
dinner.

(6) <ENAMEX  id="2"  type="PERSON">  Jack
</[ENAMEX> couldn't make it to the party.
<ENAMEX id="0" type="PERSON">  Albert

</ENAMEX> is in a hurry.

So there are three co-referent Alberts, one Sandra and
one Jack. As the algorithm states, there is an opportunity
for the second and third Alberts to be replaced by
pronouns. First, the gender recognition task is performed
and after the four phases explained in the section 2 the
genders would be known.

3 For instance, while nominative pronouns can occur after while,
while is categorized as prepositional phrase.

* This example is not extracted from the DUC2005 corpus for
the sake of simplicity. Also, it is not tested by the implemented
code and Lingpipe. The purpose is just to show how the
algorithm works.



Since there are at most two potential replacements, the
loop runs twice. On the first run, him is suggested instead
of the second Albert (following the 4™ rule proposed in
section 2). Then, the following text is generated:

(7) Albert lives alone. Sandra invited him to the dinner.
Jack couldn't make it to the party. Albert is in a hurry.

Notice the only change to the text is the introduction of
this single pronoun. Now, this text is fed to Lingpipe to
generate the following output:

(8) <ENAMEX id="0" type="PERSON"> Albert
</ENAMEX> lives alone.

(9) <ENAMEX id="1"
type="PERSON">Sandra</ENAMEX> invited
<ENAMEX id="0" type="MALE_PRONOUN"> him
</ENAMEX> to the dinner.

(10)<ENAMEX id="2" type="PERSON"> Jack
</ENAMEX> couldn't make it to the party.
<ENAMEX id="0" type="PERSON"> Albert
</ENAMEX> is in a hurry.

In the validation phase, the id of the newly-replaced
pronoun (him) is compared with the entity it was replaced
with (the second Albert). Since both of them are 0, it
means the pronoun is correctly referring to the antecedent
of the replaced entity, so it is kept in the final text.

On the second pass, the third Albert is replaced with a
pronoun as shown in (11).

(11) Albert lives alone. Sandra invited him to the dinner.
Jack couldn't make it to the party. He is in a hurry.

After running Lingpipe on the text, we obtain the
following:

(12)<ENAMEX id="0" type="PERSON"> Albert
</ENAMEX> lives alone.

(13)<ENAMEX id="1" type="PERSON"> Sandra
</ENAMEX> invited <ENAMEX id="0"
type="PERSON"> Albert </ENAMEX> to the
dinner.

(14)<ENAMEX  id="2"  type="PERSON">  Jack
</[ENAMEX> couldn't make it to the party.

<ENAMEX id="2" type="MALE_PRONOUN"> He
</ENAMEX> is in a hurry.

The id of he is 2 not 0, meaning that Lingpipe suggests
if we perform such a replacement we end up referring to
Jack instead of Albert which is not author's purpose. So,
this replacement is rejected.

4. Results

We use the DUC 2005 documents for our evaluation.
One issue we encountered with the DUC2005 questions
was that they were not really person-centric and since the
final answer was heavily dependent on the question
keywords, we could not have recurrent person entities in
them.

We decided to use the current project corpus but to
overcome the lack of test data by extracting the sentences
containing the same entity and order them randomly and
to occasionally insert some other sentences between them.
So, the following results are based on the DUC2005
corpus but are not using the DUC2005 questions. This
approach might seem artificial but is consistent with
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questions like “who is X?”, where the only significant
keyword is the name of the person. McCoy et al (1999)
showed in 97.9% cases not using the pronoun for long
distance references (more than two sentences), is accurate.
Since they worked with a similar corpus (NY Times
articles), we decided to focus only on short distance
references.

Although the precision of Lingpipe is high its recall
proved to be low (0.54) on our set of documents. It fails to
identify some obvious entities and at times cannot
associate names of the same person as the co-reference.
To improve performance, we made a few modifications to
its output as described below.

Sometimes Lingpipe is unable to find the same entity,
even when it is repeated exactly the same. For example, if
Albert is repeated twice in the text, Lingpipe might find
only the first occurrence. It is vital for us to find recurrent
entities so that we can make the replacements. So we
automatically identify and extract any instances of an
entity not detected by Lingpipe and assign them the same
id that Lingpipe used for that entity elsewhere in the
document.

In cases where Lingpipe assigns the same entity
repeated in the text different “entity types”, we relax the
rigid condition that both entities should be person. For
example, in one sentence, "Trump" might be a person and
in another an organization. However, at least one of them
should be person.

To evaluate our algorithm independently of Lingpipe
performance, we provide two different types of
evaluation: first, by assuming that Lingpipe has detected
all the valid entities and second, by taking all of the
entities into account whether they are detected by
Lingpipe or not. We again use the DUC 2005 documents
for our evaluation.

To better explain our results, we will first introduce a
few terms. Action can be defined as any decision that the
algorithm makes. It might be either generating a new
pronoun or simply leaving the entity as it is. Valid Action
is an action acceptable by a human reader. Invalid Action
is an action unacceptable by a human reader.

Running the algorithm, yields the results summarized
in Table 1°.

Dale (2000) characterizes the mistakes in pronoun
generation as missed and inappropriate pronouns. We use
the same notation for invalid actions.

Valid Action Invalid Action
Replacement | Refusal | Inappropriate | Missed
46 29 7 29
41.4% 26.1% 6.3% 26.1%
67.6% 32.4%

Table 1. Summary of Algorithm Performance

The number of opportunities for generating a pronoun
were 111. As shown in the Table 1, the algorithm works
well when deciding to perform a replacement. But, it does
not perform well when avoiding (refusing) a replacement.
As noted earlier, part of it can be attributed to Lingpipe's
failure to extract at least one instance of a repeated entity.

® Obviously, the pronouns already in the text are not counted in
the evaluation.



Our observation shows that this happens 13 times out of
the 29 refusals, meaning that these 13 entities are not
found at all, let alone replaced by the pronoun. Table 2
shows the results, omitting these cases in the test data.

Valid Action Invalid Action
Replacement | Refusal | Inappropriate | Missed
46 29 7 16
47.0% 29.6% 7.1% 16.3%
76.5% 23.5%

Table 2. Performance on Alternative Data

Knowing that our experiment concentrated on
difficult cases, namely inter-sentential references with no
intra-sentence references, the 76.5% accuracy result
should be compared with the corresponding result from
McCoy et al (1999) which shows an accuracy of 72.6%.
An example of a summary produced by our method is
provided in Appendix A.

One issue that we did not deal with but which can
improve the performance is the identification of appositive
clauses in the text. For the sake of brevity in news
documents it is very common to use appositives to
describe the person's role or job. On the other hand, in
English it is not accurate to use a pronoun before an
appositive (ex. He, Canadian Prime Minister). Hence,
replacing the entity before an appositive with a pronoun
would become an error.

5. Conclusions and Future Work

In this paper we introduced a simple approach to using
an existing co-reference resolution tool in order to
perform the task of pronoun generation. The independence
from the resolution module enables us to improve the
performance with the new advances in anaphora
resolution approaches and at the same time enhance the
generation module independently.

Since the approach is independent of which anaphora
resolution module is used, future work could involve
comparisons among different modules. Additionally,
competing results from different resolution modules could
be scored and combined in order to obtain more accurate
generation.
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Appendix A. Sample Output

‘There has been a broad recognition, led by Preston,
that an institution like the Bank cannot keep on
expanding,' says Husain. When Preston came to the Bank
he found an organisation still shattered by that event. The
financial squeeze partly reflects his appreciation of the
chilly climate. To his credit, he has no apparent interest in
empire building. Having spent 40 years at JP Morgan, the
premier New York bank, he seems untroubled by the
notion of transferring bank functions to the private sector.
According to him, NGOs have some involvement in 50
per cent of the Bank 's lending activities in Africa. THE
World Bank will link loan volume to the strength of a
country's efforts to fight poverty, according to an
operational directive to staff issued today by Mr Lewis he,
the bank's president. Mr Barber Conable, the bank's
president, says a 50 per cent target for loans directed to
the private sector risks 'subterfuge’, suggesting the bank
would simply redefine loans so they fitted into the right
category. In the directive, he says poverty reduction is 'the
benchmark by which our performance as a development
institution will be measured'.
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Povzetek
V ¢lanku predstavljamo rezultate poskusov s postopki prilagajanja akusti¢nega govornega modela na globalne akusti¢ne znacilnosti
govornih sej. PreizkuSeni postopki temeljijo na CMLLR-transformacijah. Uporabili smo poseben, manj obseZen kanoni¢ni govorni
akusti¢ni model, katerega namen je izklju¢no dolocanje CMLLR-transformacij. Parametre bolj obseZnega govornega akusti¢nega modela
smo dolocali po posebnem u¢nem nacrtu z uporabo Ze transformiranih vektorjev akusti¢nih znacilk. Rezultati preizkusov samodejnega
razpoznavalnika govora z govornimi sejami, ki po globalnih akusti¢nih in govornih znadilnostih odstopajo od u¢nih govornih sej, so v
primerjavi z izhodi§¢nim modelom, ki ne izvaja opisanega postopka prilagajanja, pokazali izboljSanje pravilnosti razpoznavanja govora.

Adaptation of Acoustic Feature Space Using Canonical Acoustic Model

The paper presents the results of experiments with a speaker-adaptive-training scheme that is based on CMLLR. A simple canonical
acoustic model was used to obtain linear transformations of acoustic feature space that are speech session dependent. A more complex
acoustic model, used for the actual automatic speech recognition, was first initialized from the canonical model. Its parameters were
then reestimated from the acoustic feature vectors that were previously transformed using the session-dependent linear transformations.
The presented results indicate that, when test speech sessions differ considerably from the training ones, automatic speech recognition is
improved using the proposed training scheme.

1. Uvod transformacijah in omogocajo sprotno prilagajanje govor-
nega modela trenutnim govornim sejam.

Posebej smo se posvetili dolo¢anju omejenih globalnih
linearnih transformacij parametrov akusticnega govornega
modela, ki jih je mogoce preslikati v linearne transforma-
cije prostora akusticnih govornih znalilk. Z doloanjem
tak$nih globalnih transformacij, ki so od govornih sej od-
visne, lahko namre¢ zgradimo kanoni¢ni akusti¢ni go-
vorni model, ki je deloma neodvisen od globalnih aku-

Uveljavljeni postopki tovrstnega prilagajanja praviloma  sti¢nih zna€ilnosti govornih sej. Transformacije, dobljene
predpostavljajo uporabo akusti¢nih govornih modelov, ki s kanoni¢nim modelom, lahko nato uporabimo pri ucenju
temeljijo na teoriji prikritih Markovovih modelov (PMM). obiCajnega samodejnega razpoznavalnika govora, ki tako
V preteklih letih je bilo narejenega najvec dela predvsem  tudi postane deloma neodvisen od globalnih akusti¢nih
na postopkih prilagajanja z uporabo linearnih transformacij  znagilnosti govornih sej. To je eden od moznih naértov po-

Trenutno najboljSi samodejni razpoznavalniki govora
podpirajo moznost samodejnega prilagajanja akustiCnega
govornega modela akusticnim znacilnostim trenutne go-
vorne seje. Govorna seja zajema vse govorne posnetke is-
tega govorca, ki so posneti v pribliZzno enakih akusti¢nih
razmerah. Pogosto so vsi posnetki istega govorca obravna-
vani kot ena govorna seja.

akusti¢nih govornih modelov (Gales, 1998; in P. C. Woo-  stopka udenja, ki se prilagaja govornim sejam in s tem tudi

dland, 2001). Poleg te moZnosti so najbolj znani Se po-  govorcu (angl. Speaker Adaptive Training - SAT).

stopki, ki temeljijo na kriteriju najvecjega aposteriornega Clanek opisuje nekaj nasih poskusov z razli¢nimi naérti

verjetja modela (angl. MAP) (in C. H. Lee, 1994). Nasle-  postopka utenja razpoznavalnika govora, ki se prilagaja go-

dnjih je bilo v zadnjem Casu opravljenega veliko dela pred- vornim sejam na prej opisan nacin. Zaradi ¢asovne zahtev-

vsem pri razvoju samodejnih razpoznavalnikov govorcev. nosti izvajanja takSnih poskusov smo primerjali rezultate,
Ze pred leti smo si za raziskovalni cilj zastavili ra- doseZene z samodejnim razpoznavalnikom s srednje veli-

zvoj lastnega pogona za samodejno razpoznavanje tekocega  kim besednjakom. Za izvajanje poskusov smo v pretezni
slovenskega govora z velikim besednjakom, ki bo imel  meri uporabljali orodje HTK. Za bolj u¢inkovito veriZenje
zmozZnost samodejnega prilagajanja na govorne seje in bo  linearnih transformacij, ki so posledica iterativnega po-
primeren za uporabo v vgradnih sistemih. V zadnjem Casu stopka ocenjevanja parametrov, smo razvili tudi nekaj la-
smo delali predvsem na postopkih, ki temeljijo na linearnih stnih orodij.
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2. Prilagajanje z linearnimi
transformacijami

Pri akusticnih govornih modelih, ki temeljijo na te-
oriji PMM, se prilagajanje z linearnimi transformacijami
ne nanasa na prav vse parametre tega modela. Ponavadi
se izvaja linearno transformacijo le na parametrih funkcij
normalnih gostot verjetnosti, s katerimi modeliramo po-
razdelitve naklju¢nih spremenljivk v posameznih stanjih
naklju¢nega avtomata. V tem primeru se transformacije
nanasajo le na srednje vrednosti in variance Gaussovih po-
razdelitev. Prehodne verjetnosti med stanji naklju¢nega
avtomata in apriorne verjetnosti Gaussovih komponent v
meSanicah, ki modelirajo omenjene porazdelitve, pa v teh
postopkih prilagajanja ponavadi ne spreminjamo.

Obstaja ve€ vrst linearnih transformacij, ki se upora-
bljajo za prilagajanje akusti¢nega govornega modela (in
M. J. F. Gales, 2005). Mi smo se posvetili predvsem
linearnim transformacijam, ki jih je mogoce preslikati iz
transformacije parametrov akusti¢nega govornega modela
v transformacijo prostora akusti¢nih govornih znacilk. Pri-
mer taksSne transformacije je omejena linearna transforma-
cija, dolocena po kriteriju najvecjega verjetja akusticnega
modela (angl. Constrained Maximum Likelihood Linear
Regression - CMLLR) (Gales, 1998).

Pri CMLLR-transformaciji se vektorji srednjih vredno-
sti v in kovarian¢ne matrike 3 linearno transformirajo po
spodnjih enacbah.

p=Ap—b |, S=A'SAT

Matrika A’ in vektor b’ predstavljata linearno transforma-
cijo in njune koeficiente dolo¢amo po kriteriju najvecjega
verjetja akusti¢nega modela za dane nize vektorjev govor-
nih akusti¢nih znaéilk o(7), ki so na razpolaga za prilagaja-
nje. Doloc¢anje koeficientov matrike A’ in vektorja b’ izve-
demo s uveljavljenim postopkom EM (angl. Expectation-
Maximization) kot je podano v (Gales, 1998).

Dobljeno transformacijo parametrov Gaussovih poraz-
delitev lahko enostavno preslikamo v linearno transforma-
cijo vektorjev akusti¢nih znacilk, kot je podano v spodnjem
izrazu.

o(1) = Ao(1)+b=A""to(r) + A’ b’

Matriko A in vektor b ponavadi zdruZimo v matriko W =
[A b, ki nato enovito predstavlja iskano linearno transfor-
macijo. Koeficiente matrike W dolocamo iz govornih po-
snetkov za vsako govorno sejo posebej. S tem pridemo
do linearnih transformacij W(s), ki vektorje akusti¢nih
znacilk dane govorne seje s prilagodijo akusticnemu go-
vornemu modelu.

3. Nacdrt ucenja s prilagajanjem

Zahteva po sprotnem prilagajanju akusti¢nega govor-
nega modela trenutni govorni seji ponavadi pomeni, da je za
ta namen na razpolago razmeroma malo govora. Zaradi sta-
tisticne narave akustinega govornega modela in postopka
ocenjevanja koeficientov linearne transformacije je ocitno,
da je pri majhni koli¢ini posnetkov prilagajanje boljse, Ce
ima model manjSe Stevilo parametrov. Zato smo se odlo¢ili,
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da bomo za prilagajanje uporabili posebni akusti¢ni govorni
model z manjSim Stevilom parametrov. Namen tega osnov-
nega modela je bil izklju¢no ocenjevanje koeficientov line-
arne transformacije, ki se je uporabljala za sprotno trans-
formiranje vektorjev akusti¢nih znacilk. Dejanski razpo-
znavalnik govora smo ucili in ga preizkusali na Ze transfor-
miranih vektorjih akusti¢nih znacilk.

Osnovni akusti¢ni govorni model smo sestavili kot raz-
poznavalnik kontekstno neodvisnih alofonov. Za vsakega
od dvaintrideset alofonov ter treh dodatnih akusti¢nih enot
(tiSina, tlesk z jezikom in vdih) smo uporabil obicajne levo-
desne PMM s tremi stanji. Ta model smo uporabili tudi
kot izhodisce pri doloCanju in ucenju znatno vecjega Stevila
akusti¢nih modelov kontekstno odvisnih alofonov - trifo-
nov.

Obravnavan ucni nacrt je moZen le v primeru, ko so
ucni govorni posnetki urejeni po govornih sejah. Za vsako
govorno sejo s smo doloCali njej lastno matriko W(s).
Zaketne vrednosti koeficientov matrik W (s) smo iniciali-
zirali tako, da smo normalizirali globalne vektorje srednjih
vrednosti 4io(s) = O in kovarianéne matrike 3o(s) = I,
ki sta ocenjena iz vseh transformiranih 6(7) dane govorne
seje s. To se enostavno doseze tako, da se koeficiente ma-
trike W(s) = [A(s) b(s)] inicializira na slede¢ nacin

A(s) =Lo(s)" , b(s)

- —Lo(S)T,L,Lo(S) )

kjer 110(s) oznaCuje globalni vektor srednjih vrednosti in
L(s) spodnjo trikotno matriko razcepa Choleskega inver-
zne globalne kovarianéne matrike 3¢ (s)~!. Pri tem sta
to(s) in Xp(s) ocenjena iz netransformiranih o(7) dane
govorne seje s.

Tak3no inicializacijo smo izvedli zato, ker smo smo za
akusticne znacilke uporabili obic¢ajne MFCC-koeficiente.
Na ta nacin smo v prilagajanje z linearnimi transformaci-
jami vkljucili Se normalizacijo MFCC-koeficientov po sre-
dnjih vrednostih in kovariancah (angl. Cepstral Mean and
Covariance Normalization). Za tak$no normalizacijo je
znano, da zmanjSuje obcutljivost govornega modela na aku-
sti¢no spremenljivost govornih sej.

Ucenje s prilagajanjem smo v grobem izvajali po nasle-
dnjih korakih:

e Izratun globalnih vektorjev srednjih vrednosti pg(s)
in kovarian¢nih matrik 3¢(s) za vsako u¢no govorno
sejo s.

e Inicializacija matrik W(s) za vsako u¢no govorno
sejo s z uporabo prej izraGunanih po(s) in 3g(s).

e Izmenicno iterativno ocenjevanje novih vrednosti ma-
trik W (s) in parametrov osnovnih kanoni¢nih aku-
stiénih govornih modelov iz vseh u¢nih govornih se;j.

o Inicializacija parametrov akusti¢nih modelov trifonov
z uporabo parametrov osnovnih akusti¢nih govornih
modelov alofonov.

e Iterativno ocenjevanje parametrov akusticnih modelov
trifonov iz vseh u¢nih govornih sej s z upoStevanjem
linearnih transformacij, ki jih dolo¢ajo matrike W (s).



Pri osnovni razliici uénega nadrta smo matrike W (s)
inicializirali na obiCajen nacin z enotsko matriko in
nicelnim vektorjem.

3.1.

V ucno govorno zbirko smo zdruZili tri razlicne zbirke.
Zbirki Gopolis in K211d vsebujeta preteZno bran govor,
posnet v nadzorovanem akusti¢nem okolju s kakovostnim
mikrofonom. Zbirka VNTV pa vsebuje obicajne televizij-
ske posnetke vremenskih napovedi, ki so jih voditelji po-
dali v okviru dnevnih porocil na Televiziji Slovenija. Ucna
govorna zbirka je tako vsebovala posnetke govornih sej pe-
tinSestdesetih govorcev. Skupno trajanje vseh u¢nih posnet-
kov je priblizno dvanajst ur in pol. Za eno govorno sejo smo
Steli vse posnetke istega govorca. Iz ucne govorne zbirke
smo izlo¢ili tristo posnetkov, ki smo jih namenili za preiz-
kus samodejnega razpoznavanja, ki je bil od u¢nih govornih
sej odvisen.

Preizkusne govorne posnetke, ki so od u¢nih govornih
sej deloma neodvisni, smo pridobili posebej za izvedbo po-
skusov, opisanih v tem ¢lanku. Dvaindvajset govorcev (v
glavnem Studentov) smo prosili, da posnamejo po dvajset
daljsih stavkov. Nakljucno tvorjeni stavki so se nanasali
na poizvedovanja po letalskih informacijah. Do teh stav-
kov smo prisli podobno kot pri pridobivanju zbirke Gopo-
lis (S. DobriSek, 1998). Testni posnetki so bili pridobljeni
v nenadzorovanih akusti¢nih okoljih in z razli¢nimi mikro-
foni, racunalniki ter programi za snemanje zvoka. Pri te-
stnih posnetkih gre e vedno preteZno za bran govor, a se ta
govor znatno razlikuje od posnetkov v zbirki Gopolis. Go-
vorcev namre¢ nismo posebej motivirali, da bi stavke jasno
artikulirali, zato se pri znatnem S$tevilu posnetkov odrazajo
prvine spontanega govora (tleskanje z jezikom, vzdihi ipd).

Govorne zbirke

4. Zgradba govornih modelov

Pri izvedbi poskusov smo poskrbeli za ¢im vecjo pri-
merljivost med preizkuSenimi govornimi modeli. Vsi go-
vorni modeli so bili tvorjeni s pomocjo orodij iz zbirke
HTK. Orodjem smo dodali le moZnost bolj ucinkovitega
veriZenja linearnih transformacij. V vseh poskusih smo
uporabljali iste govorne zbirke, vektorje akusti¢ni znacilk
in govorne modele z istim Stevilom parametrov. Slednje
postane pomembno predvsem pri izvedbi vezave parame-
trov s foneti¢nimi odlocitvenimi drevesi. Pri tem postopku
je koncno Stevilo parametrov govornega akusticnega mo-
dela odvisno od dolocenega praga (S. Young, 2005). Za
povsem enako Stevilo parametrov smo poskrbeli tako, da
smo pri dolocanju praga in doseganju Zelenega Stevila pa-
rametrov uporabljali rekurzivni postopek bisekcije.

Za vektorje akusti¢nih znacilk smo uporabljali obicajne
39-razsezne vektorje, sestavljene iz MFCC-koeficientov in
njihovih delta- in delta-delta koeficientov. Iskane linearne
transformacije so se nanasale na celotne 39-razsezne vek-
torje.

Pri vseh akusti¢nih modelih smo uporabil obicajne levo-
desne PMM s tremi stanji. Osnovni kanoni¢ni akusti¢ni
model je tako poleg verjetnosti prehodov med stanji PMM
tvorilo Se 105 Gaussovih funkcij gostot verjetnosti z diago-
nalnimi kovarianénimi matrikami. Trifonski akusti¢ni mo-
deli so imeli po alofonih vezane verjetnosti prehodov med
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stanji PMM in 3200 vezanih stanj s po pet-komponentnimi
Gaussovimi porazdelitvami. Ta akusti¢ni model je tako
vseboval skupaj tocno 16000 Gaussovih funkcij gostot
verjetnosti z diagonalnimi kovarian¢nimi matrikami. Fo-
neti¢na vpraSanja, ki so potrebna za vezavo parametrov smo
tvorili ro¢no (Dobrisek, 2001) in v kombinaciji z vprasanji,
samodejno pridobljenimi z orodji, ki so del zbirke Sphinx
III.

Poleg navedenih parametrov imajo na rezultat razpo-
znavanja precejSen vpliv tudi drugi parametri Viterbijevega
postopka iskanja najbolj verjetnega zaporedja stanj govor-
nega modela pri danem govornem posnetku. Pri teh para-
metrih smo pazili predvsem na to, da smo pri vseh govor-
nih modelih dosegli pribliZzno enak €as razpoznavanja istih
govornih posnetkov. Vedno smo tudi uporabljali enako raz-
merje med vplivom akusticnega in jezikovnega modela na
rezultat razpoznavanja in poskrbeli za priblizno enako raz-
merje med napakami vrivanj in izbrisov govornih enot.

4.1. PreizkuSanje razpoznavalnikov

Vse zgrajene razpoznavalnike smo preizkusali z ugota-
vljanjem napak pri samodejnem razpoznavanju glasov in
besed. Pri razpoznavanju glasov (alofonov) nismo upora-
bljali nobenega jezikovnega modela. To pomeni, da je go-
vorni model vkljuceval predpostavko, da vsak alofon lahko
sledi drugemu z enako verjetnostjo. Pri razpoznavanju be-
sed smo upoStevali besednjak s priblizno pettiso¢ bese-
dami. Govorni model je vklju€eval bigramski jezikovni
model, ocenjen iz uéne govorne zbirke. To pomeni, da je
vkljuceval tako poizvedovanja po letalskih informacijah kot
tudi vremenske napovedi. Kot smo Ze omenili, so se preiz-
kusne govorne seje nanasale le na poizvedovanja po letal-
skih informacijah. Preizkusni govorci niso bili vkljuceni v
ucno govorno zbirko.

Pri preizkusSanju razpoznavalnikov, ki se prilagajajo na
nove govorne seje, se pojavi problem zacetne ocene line-
arnih transformacij, ki prilagodijo govorni model njihovim
globalnim akusti¢nim znacilnostim. Preizkus smo si zaen-
krat zamislili tako, da smo del preizkusnih posnetkov na-
menili izklju¢no zacCetnemu prilagajanju govornega modela
in nato uporabili preostali del za dejanski preizkus pravil-
nosti razpoznavanja. S poskusi smo ugotovili, da se dosezZe
dobre rezultate Ze z desetimi poljubnimi krajSimi stavki, ki
se namenijo izklju¢no zacetnemu nenadzorovanemu prila-
gajanju govornega modela.

V praksi bi to pomenilo, da bi moral nov govorec naj-
prej izgovoriti deset poljubnih stavkov, ki bi bili namenjeni
izklju¢no zaCetnemu prilagajanju govornega modela na nje-
gove globalne akusti¢ne znacilnosti. Rezultati, ki so podani
v tem ¢lanku, predpostavljajo takSno zacetno prilagajanje.
Nadaljnje prilagajanje se je nato izvajalo sprotno z vsakim
novim preizkusnim stavkom, ki ga je izgovoril govorec. V
nasih prihodnjih poskusih nameravamo oceniti tudi kako
narasca pravilnost razpoznavanja od prvega stavka napre;.
Ta podatek je zanimiv za primere, ko govorcev ne bi radi
obremenjevali s takSnim zaCetnim prilagajanjem govornega
modela.



5. Rezultati

Podajamo rezultate razpoznavanj za Stiri vrste posku-
sov. Pri prvem poskusu (BASE) je bil uporabljen model,
ki se ni prilagajal na globalne akusti¢ne znacilnosti govor-
nih sej. Pri drugem poskusu (CVMN) smo uporabljali line-
arne transformacije, s katerimi izvedemo le normalizacijo
srednji vrednosti in varianc globalnih Gaussovih porazdeli-
tev posameznih govorih sej. Pri tretjem poskusu (CMLLR)
smo izvedli prilagajanje na opisan nacin s kanoni¢nim aku-
sti¢nim modelom, pri katerem so bile transformacije ini-
cializirane na obi€ajen nacin z enotsko matriko in ni¢elnim
vektorjem. Pri zadnjem poskusu (CVMN-CMLLR) pa smo
transformacije inicializirali iz srednji vrednosti in varianc
globalnih Gaussovih porazdelitev posameznih govorih sej.
Rezultati preizkusnih razpoznavanj glasov (alofonov) so

[ MODEL [ EVAL | ADPT [ TEST |
BASE 89.7% | 572% | 56.8%
CVMN 90,1% | 59.8% | 59.1%
CMLLR 92,0% | 62,2% | 62,1%
CVMN-CMLLR || 92,4% | 634% | 632%

Tabela 1: Ocenjene verjetnosti pravilnega razpoznavanja
glasov pri razli¢ni govornih akusti¢nih modelih

podani v tabeli 1. Rezultati so podani kot ocene verjetno-
sti pravilnega razpoznavanja glasov. Rezultati, oznaceni z
EVAL, se nanasajo na Ze omenjenih tristo posnetkov, ki so
bili naklju¢no izbrani in izloceni iz une govorne zbirke.
Ti rezultati predstavljajo oceno verjetnosti pravilnega raz-
poznavanja glasov v posnetkih, ki so od u¢nih govornih sej
odvisni. Rezultati, oznaceni z ADPT, se nanaSajo na pre-
izkusne posnetke, ki so bili uporabljeni za zacetno oceno
linearnih transformacij pri prilagajanju govornega modela.
Rezultati, oznaceni z TEST, pa se nanaSajo na dejanske pre-
izkusne posnetke, pri katerih se je izvajalo sprotno prilaga-
janje govornega modela. Pri rezultatih v tabeli 1 je najbolj

MODEL | EVAL | ADPT [ TEST
BASE 87% [ 24.7% | 262%
CVMN 8.8% | 23,7% | 25.6%
CMLLR 85% | 19,1% | 19.2%
CVMN-CMLLR || 83% | 18,8% | 189%

Tabela 2: Ocenjene verjetnosti napacnega razpoznavanja
besed pri razli¢ni govornih akusti¢nih modelih

opazna znatna razlika med oceno pravilnosti razpoznava-
nja posnetkov, ki so od u¢nih govornih sej odvisni, v pri-
merjavi s tistimi, ki so od uénih govornih sej neodvisni.
Glede na razmeroma velik obseg ucne govorne zbirke to
prica o tem, da se preizkusne govorne seje po globalnih
akusti¢nih znacilnostih res precej razlikujejo od uénih go-
vornih sej. Po drugi strani pa je razlika med ocenami verje-
tnosti pravilnega razpoznavanja glasov v posnetkih ADPT
in TEST majhna. To pri¢a o tem, da po globalnih aku-
sti¢nih znacilnostih ni znatnih razlik med posnetki iste go-
vorne seje, torej posnetki, ki so bili namenjeni zaCetni oceni
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linearnih transformacij in posnetki, na katerih se je izvajalo
sprotno prilagajanje in dejanski preizkus razpoznavalnika.

Rezultati preizkusov razpoznavanj besed so podani v ta-
beli 2. Rezultati so podani kot ocene verjetnosti napacnega
razpoznavanja besed. Tu so razlike med rezultati po
razli¢nih skupinah posnetkov nekaj manjsi. To pri¢a o zna-
tnem vplivu jezikovnega modela na koncni rezultat preiz-
kusov.

6. Zakljucek

Rezultatov nasih poskusov potrjujejo domnevo, da po-
stopki prilagajanja govornih modelov na globalne akusti¢ne
znadilnosti govornih sej z uporabo linearnih transformacij
izboljSajo pravilnost samodejnega razpoznavanja govornih
enot. Rezultati kaZejo tudi na to, da je smiselno inicializi-
rati linearne tranformacije tako, da v izhodis¢u doseZzemo
normalizacijo srednjih vrednosti in varianc globalnih Ga-
ussovih porazdelitev posameznih govorih sej.

V nasih nadaljnjih poskusih s postopki prilagajanja go-
vornih modelov na globalne akusti¢ne znacilnosti govornih
sej se bomo posvetili predvsem postopkom, ki temeljijo na
kriteriju najveCjega aposteriornega verjetja modela. Tudi v
tem primeru bomo poskusSali priti do kanoni¢nega govor-
nega modela, pri katerih bo mogoce transformacije modela
preslikati v transformacije govornega akusti¢nega prostora
oziroma vektorjev govornih akusti¢nih znacilk. Pri tem se
bomo naslanjali na izkus$nje, ki smo jih pridobili pri razvoju
sistemov za samodejno razpoznavanje govorcev.
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Povzetek
Program Klepec je klepetanju namenjen programirani sogovornik, ki za jezik komunikacije z uporabnikom uporablja slovenscino.
Nastal je v sklopu projekta KOLOS, katerega cilj je omogociti komunikacijo med ¢lovekom ter racunalnikom v naravnem jeziku. V
Clanku predstavljava trenutno stanje programa ter nakazujeva smernice za nadaljnji razvoj, obenem pa izpostavljava nekatera
problemati¢na mesta razvoja programiranih sogovornikov (specifike klepetalniskega diskurza, potreba po antropomorfizaciji programa
ipd.). Razpravo dopolnjujeva s primeri realnih komunikacijskih nizov med uporabniki ter programom Klepec.

Klepec: a Slovene chatbot program
Klepec is a chatbot computer program that uses Slovene as the language of communication. It was created within the KOLOS project,
the main goal of which was to establish natural-language communication between human users and computers. In the article we
present the current state of the program, together with some guidelines for its future development. In addition, we indicate some of the
main difficult areas of chatbot-programming (specifics of the chatting discourse, the need for the anthropomorphization of the program
etc.). The paper is supplemented by the examples of real communication sequences between users and the Klepec program.

1. Uvod

Programirani sogovornik je program, ki komunicira z
uporabnikom ali drugim programom Vv izbranem
naravnem jeziku. Poznamo programirane sogovornike,
namenjene predvsem krajSanju Casa s klepetanjem (v

angleSki literaturi najdemo zanje izraze chatbot,
chatterbot, chatterbox), ter takSne, ki imajo kak$no drugo
uporabno vrednost, konverzacijske sposobnosti pa

izrabljajo kot pomo¢ pri dosegi svojega cilja. Med slednje
spadajo predvsem nekateri tipi t. i. inteligentnih agentov
(intelligent agents), programov, ki za uporabnika ali druge
programe izvrSujejo razlicne naloge, za katere so
pooblasceni (iS€ejo ter urejajo razline informacije,
prodajajo artikle, vodijo uporabnika skozi dolo¢eno
opravilo ...).

Namen ¢lanka je predstaviti program Klepec, ki je prvi
resni poskus izdelave programiranega sogovornika za
slovenski jezik. Clanek se osredoto¢a predvsem na izbiro
sloven$¢ine za jezik komunikacije ter iz tega izvirajoce
specifike pri razvoju programa, ob strani pa pusca
splosnej§i prikaz programske zasnove ter delovanja
(slednje v Romih et al., 2002).

2. Kaj je Klepec

Klepec je eden izmed jezikovnotehnoloSkih projektov
podjetja Amebis, d. o. o (http://www.amebis.si). Nastal je
v sklopu razvoja sistema KOLOS, Kkaterega cilj je
»ustvariti okolje in orodja, s pomocjo katerih bi bila
komunikacija med c¢lovekom in racunalnikom enaka
komunikaciji med ljudmi« (Romih et al., 2002). Trenutno
je na internetu verzija 2.0, v teku pa so Ze priprave
izboljsane verzije.'

Zaenkrat je Klepec programirani sogovornik,
namenjen zabavi in klepetu, s postopnim vgrajevanjem
znanj oz. podatkovnih baz pa naj bi se razvil v agenta, ki

'S Klepcem lahko internetni  strani

http://klepec.amebis.si.

klepetamo na
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zna uporabniku poiskati Zelene informacije oz. mu s
svojim znanjem pomaga pri reSevanju razli¢nih nalog.

3. Kaj zna Klepec

Stanje, v katerem najdemo program na trenutni stopnji
razvoja, na kratko predstavljava v $tirih podpoglavjih.

3.1. Slovarsko ter slovni¢no znanje o jeziku

Uporabniske vnose program zaenkrat raz¢lenjuje le na
prvi stopnji. Strukturno prepoznava stavke ter besede,
besede lematizira, vendar v primeru dvoumne lematizacije
ne izbira med obstoje¢imi moZnostmi. Besednovrstne
kategorije so rabljene predvsem v programski kodi, kjer z
njimi  generaliziramo tako vzorce =za prepoznavo
uporabniSkega vnosa kot tudi odgovore na dolocen tip
uporabnikove izto¢nice. Nova verzija programa naj bi
prinasala bistveno kvalitetnejSo jezikovno analizo vnosa
na osnovi posodobitve programa z izboljSanim
lematizatorjem ter jezikovnim analizatorjem, ki omogoca
razdvoumljanje lematizacije ter delno stavEnoclensko
analizo.

Klepec ima torej vgrajeno znanje o pregibanju besed in
¢e ga v pogovoru denimo prosimo, naj sklanja dolocen
samostalnik, bo to tudi storil. Vgrajeno ima tudi znanje o
slovni¢nem spolu in po identifikaciji sogovornikovega
spola bo v nadaljevanju uporabljal zanj ustrezne slovni¢ne
oblike. Natan¢neje urejena je tudi identifikacija vpraSalnic
v vprasalnih stavkih, kar programu omogoca izbiro
odgovora iz ustreznega dela programske baze.

Zaenkrat program nima nikakr§nih semanti¢nih
informacij, na osnovi katerih bi lahko vodil koherentno
povezan pogovor (potreboval bi podatke o pomenskih
razmerjih med besedami, tipi¢nih kolokacijah ipd.). Ker v
tem trenutku stavénoclenska analiza ne poteka niti na
ravni stavka, prav tako Se niso izpolnjeni pogoji za
nadstavéno povezovanje, razdvoumljanje pomenskih
navezav itd.



Uporabnik: sklanjaj voli

Klepec: Je voli samostalnik?

Uporabnik: da

Klepec: Na tvojem mestu ne bi bil tako preprican.
Uporabnik: sklanjaj vol

Klepec: vol, vola, volu, vola, pri volu, s/z volom
Uporabnik: sklanjaj besedo vol v monZini

Klepec: Neko¢ sem imel domaco Zival. Jo imas tudi ti?
Uporabnik: nocem klepetati

Primer pogovora 1: Sklanjanje.”

3.2. Poznavanje
diskurza
Klepetalniski diskurz (diskurz, kakrSen se pojavlja pri
realnocasovni pisni komunikaciji prek interneta) ima
dolocene specifike, ki jih je potrebno pri snovanju
programiranega sogovornika upoStevati. Najpomembnejse
so naslednje tocke:

specifik klepetalniskega

3.2.1. Stalne tocke v poteku klepeta

Klepec ima vgrajeno osnovno védenje o poteku
klepeta — pozna denimo koncepta pozdravljanja ter
predstavljanja. V zacetni fazi pogovora skusSa dobiti od
uporabnika informacijo o njegovem imenu, podatek si
zapomni in ga v nadaljevanju pogovora po potrebi
uporabi. Ce je podano ime Ze v bazi osebnih lastnih imen,
Klepec v nadaljevanju pogovora za uporabnika uporablja
ustrezne slovnicne oblike, ¢e pa imena ne prepozna, se
pozanima, ali gre za mosko ali Zensko ime. Kadar ne dobi
enoznacnega odgovora, privzame, da je uporabnik
moskega spola.

Klepec: Mimogrede, mi zaupas$ tvoje ime?

Uporabnik: na

Klepec: Se nisem slifal. Kakino ime pa je to - mosko ali
Zensko?

Uporabnik: brez spola

Klepec: Cakam, ¢akam, Cakam ...

Uporabnik: kaj cakas?sneg?

Klepec: Cakam, &akam, ¢akam ... Bo Ze kaj?

Uporabnik: ne vem ce bo kej sneZilo

Klepec: Ne grem se ve¢. Zame si moski, pa pika.

Primer pogovora 2: Pridobivanje podatkov o imenu ter
spolu uporabnika.

3.2.2. Menjavanje vlog v komunikaciji

Klepec uposteva nacelo menjave vlog spraSujocega ter
odgovarjajocega v pogovoru (v€asih le odgovarja, vCasih
spraSuje, v€asih zdruzi oboje).
3.2.3. Odkloni od knjiZzne norme v smer govorjenega
jezika

V internetnih klepetih so odstopi od knjiZne norme
pogosti na vseh jezikovnih ravneh. Pojavlja se opuScanje

2Vsi primeri, ki jih navajava v tem ¢lanku, so zbrani iz baze
pogovorov, ki so s Klepcem potekali v obdobju od 1. 10. do
vkljuéno 19. 12. 2005. Zaradi varstva uporabniskih pravic
izpus¢ava imena, kjer se pojavljajo, ter navajava le kratke izseke
posameznega komunikacijskega niza.
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lo¢il ter velikih zacetnic, leksika ter skladnja se
pribliZujeta govorjenemu jeziku, prepoznavo
uporabnikovega vnosa pa otezujejo Se tipkarske in druge
pravopisne napake ter opuscanje Sumnikov.

Leksikalno bazo, na kateri temelji Klepec, za potrebe
razvoja programa dopolnjujemo z najpogostejSimi odkloni
od knjizne norme, in sicer z leksikalnimi enotami, ki:

e se v zapisu priblizujejo govoru (npr. razli¢ni
zapisi zaimka jaz — jst, jest, js ..., kako — kk, kak,
kuko ..., reducirane glagolske oblike gledal —
gledu ipd.),

e 7z opuS¢enimi Sumniki nimajo enakopisne knjizne
ustreznice (npr. delas — delas),

® odstopajo od pravopisnih pravil (npr. Zivijenjski —
Zivljenski).

Uporabnik: kaj delas

Klepec: Tega pa Zal $e ne vem.

Uporabnik: kako

Klepec: Hitro in z lahkoto.

Uporabnik: zakaj

Klepec: Pomisli malo.

Uporabnik: a si nor

Klepec: Ne bi raje uporabil lepo vprasalnico "ali"?
Uporabnik: ali si nor

Klepec: Kaj pa vem.

Uporabnik: saj malo

Klepec: Govoriva o ¢em drugem, prosim.
Uporabnik: kaksno vreme bo jutri

Klepec: Jutri bo lepse.

Uporabnik: kaj pa pojutrijsnem

Klepec: Ali nima$ nobenega pametnejSega vprasanja?

Primer pogovora 3: Odstopi od knjiZne norme.

3.2.4. Vpletanje tujejezi¢nih prvin

V pogovorih se relativno pogosto pojavljajo tudi
jezikovne prvine iz (ve¢inoma) angleSkega jezika. V
trenutni fazi razvoja je program omejen zgolj na
identifikacijo rabe tujega jezika (kljub temu, da Klepec v
spodnjem primeru trdi, da zna v angle$¢ini tudi
komunicirati). Identifikacija jezika temelji na bazi
kljuénih tujejezi¢nih besed, ki se v takSnih primerih
najpogosteje pojavljajo, in je posledi¢no uspeSna le pod
pogojem, da je uporabniSki vnos tujejezi¢nih enot
pravopisno ustrezen.

Uporabnik: how are you?

Klepec: Poglej, poglej - saj zna$ anglesko!?
Uporabnik: a ti ne znas?

Klepec: Ves da.

Uporabnik: no pa se grema pogovarjat anglesko,ok
Klepec: Ti pa znas. Si se ucil anglesko!?
Uporabnik: ja

Klepec: To pa kar tezko verjamem.

Uporabnik: pa nic

Primer pogovora 4: Uporaba tujega jezika.

3.2.5. Uporaba emotikonov

Ena od specifik klepetalniSkega jezika je tudi raba
klepetalniskih kratic (npr. lol, wtf, brb ...) in emotikonov
(grafi¢cnih  simbolov za cCustva). Klepec zaenkrat



prepoznava ter mestoma tudi Ze uporablja kratice ter
emotikone, ki se v komunikaciji najpogosteje uporabljajo.

Klepec: Mislim da se mi je pokvarilo neko vezje. Si kaj
sumljivega opazila?

Uporabnica: Ne cisto nic, samo ogenj pa dim. :)

Klepec: :))

Uporabnik: lol

Klepec: In ¢emu se tako smejes?

Uporabnik: a kr poznash kratico laughing out loud?
Klepec: Ves da ne.

Uporabnik: o kok si talent.. dei grewa u anglescini govort

Primer pogovora 5: Uporaba emotikonov ter
klepetalniskih kratic.

3.3. Podatkovne baze

Ta tema se delno povezuje z vsemi ostalimi, saj vse
znanje, na podlagi katerega program operira, izvira iz
podatkovnih baz. Na tem mestu govoriva specificno o
bazah znanja o svetu, iz katerih naj bi Klepec v
prihodnosti ¢rpal odgovore na najrazli¢nej$a uporabniSka
poizvedovanja. Kot receno je glede informacijske
podprtosti program Se na zaetku razvoja. Zaenkrat
odgovarja na vpraSanja z kdo in kaj, za katera dobiva
podatke iz Amebisove interne definicijske baze, ki
vsebuje okrog 100.000 gesel.

Uporabnik: kdo je marjan

Klepec: Marjan je hrib nad Splitom

Uporabnik: ne marjan je moj stric

Klepec: Kolikor vem, je stric oetov ali materin brat.
Uporabnik: tudi ti ves nekaj o tem

Klepec: Pustiva zdaj to. Raje mi povej Se kaj o sebi.

Uporabnik: kaj je to zastava ?

Klepec: izrocitev stvari za zavarovanje upnikove terjatve,
Ce se ne motim

Uporabnik: kaj pa hladilnik ?

Klepec: Me sploh ne zanima.

Uporabnik: kaj je to nevihta ?

Klepec: Slisal sem, da je nevihta neurje, pri katerem
mocno deZuje, naliv spremljajo bliski.

Uporabnik: smrad

Klepec: Ti lahko povem, da je smrad neprijeten vonj.
Uporabnik: medmet

Klepec: Hej! Nekaj o tem pa vem tudi jaz! medmet je
nepregibna beseda, ki izraza duSevno stanje ali
[posnemanje glasov, zvokov. Imam prav?

Uporabnik: pa Ze

Primer pogovora 6: Vprasanja z kdo in s kaj.

3.4. Antropomorfizacija

Dolo¢ena mera podobnosti v misljenju in Zivljenjski
izkusnji je predpogoj za uspe$no komunikacijo, zato je
dobro, da je Klepec vsaj v nekaterih segmentih podoben
Cloveku, drugacnega ga pravzaprav niti ni mogoce
zasnovati. V trenutni fazi je namenjen klepetanju in
zabavi, zato je Zelena mera antropomorfizacije vi§ja:
uporabnik program ocenjuje glede na to, koliko je
podoben ¢EloveSskemu sogovorniku — v kolikSni meri so
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njegovi odgovori primerni oz. smiselni v Kkontekstu
pogovora, kako se odziva na dolocen tip replik itd. V
prihodnosti se bo program razvijal v smer interaktivne
podatkovne baze, kar pomeni, da se bo teziSe njegove
uporabe premaknilo. PriCakovano je, da se bodo s tem
premikom spremenila tudi pri¢akovanja uporabnikov in
njihovi kriteriji za presojanje kvalitete programa, s tem pa
posledi¢no zmanjsala potreba po antropomorfizaciji.

Nekaj zametkov simulirane osebnosti Klepec Ze ima,
izraza Zelje, preference in tudi razpoloZenje, odziva se na
Zaljenje itd. Antropomorfna lastnost je tudi smisel za
humor. Zanimivo vpraSanje, ki zaenkrat ostaja
neodgovorjeno, pa je: je bolje, da program pri doloc¢enih
temah simulira konkretne izkusnje (s spolnostjo, Sportom,
Custvi ...), ali naj k temam pogovora pristopa, kot da
dejanskost zaznava prek vmesnih medijev (da je
informacije le nekje 'videl' oz. 'prebral’) in s tem poudarja
svoje specifike napram ¢loveskim sogovornikom.

Uporabnik: si Zivéen?

Klepec: Sur.

Uporabnik: zakaj?

Klepec: Ker je res.

Uporabnik: ne bi smel biti

Klepec: Kako mi lahko kaj takega sploh govori§?
Uporabnik: si program:)

Klepec: Ja.

Uporabnik: ergo ne bi smel biti Zivéen

Primer pogovora 7: Programi in Ziv¢énost.

4. Kako Klepec deluje

4.1. Notranja zgradba

Pokazalo se je, da klasi¢ni programski jeziki (kot npr.
C++) ne omogocajo hitre in uspe$ne gradnje sistemov za
komunikacijo v naravnih jezikih, Se posebej ne v
pregibnih, kakr$na je slovens¢ina. Ti programski jeziki kot
prvo ne omogocajo enostavne vgradnje podatkov oz.
znanj o nekem naravnem jeziku, Se bolj problemati¢no pa
je, da nain programiranja in delovanja, ki temelji na
(vnaprej) dolocenem poteku programskih ukazov, ni
dovolj ucinkovit in primeren za izdelavo sistemov dialoga,
kjer je nemogoCe vnaprej dolociti interakcijo s
sogovornikom.

Zato smo za potrebe sistema, kakrSen je Klepec, razvili
in izdelali poseben programski jezik s trenutnim delovnim
imenom K2.0, ki omogoca ucinkovitejSe programiranje
sogovornikov za dolo¢en naravni jezik. Trenutno je K2.0
podprt le z modulom za slovenski jezik.

4.1.1. Osnovni princip delovanja

V osnovi je Klepec vzor¢no vodeni sistem. To pomeni,
da je sestavljen iz doloCenega Stevila vzorcev oz. zapisov,
ki jih program primerja s sogovornikovim vnosom, potem
pa na osnovi doloCenih meril izbere tistega, ki je temu
vnosu najbolj podoben, in izbere enega od odgovorov, ki
jih ta zapis vsebuje.

$ kako si | kako si kaj | kako kaj
> Dobro. | Slabo. | Odli¢no.
$ kako ti je ime | kako se imenuje$




> Klepec. | Ime mi je Klepec. | Klepec se imenujem.
$ kaj zna§ > Vse, kar so me naudili v $oli.

Slika 1: Nekaj enostavnih vzorcev oz. zapisov.

4.1.2. Posplosevanje vzorcev

Eden osnovnih  problemov  pri  razumevanju
uporabniSkega vnosa ter izdelavi in primerjavi vzorcev je,
da lahko semanticno nafeloma enoznacne trditve
izrazamo na veC razlicnih nacinov (kar se tie izbire
leksike ter skladenjskih struktur). Zato je potrebno za
praktiéno reSitev tega problema omogociti doloc¢eno
stopnjo posploSevanja vzorcev.

$
kako ti je ime

mi lahko poves kako ti je ime

mi lahko prosim poves kako ti je ime
mi prosim lahko poves kako ti je ime
mi lahko poves prosim kako ti je ime
ali mi lahko poves kako ti je ime

ali mi lahko prosim poves kako ti je ime

mi lahko zaupas$ kako ti je ime
mi lahko prosim zaupas$ kako ti je ime

ali mi lahko zaupas kako ti je ime

povej mi kako ti je ime
prosim povej mi kako ti je ime

zaupaj mi tvoje ime
kako se imenujes

>
Klepec.

Slika 2: Veliko Stevilo mozZnih vzorcev.

Posplositev vzorcev lahko v programskem jeziku K2.0
izvedemo s pomocjo razli¢nih programskih elementov in
ukazov, odvisno od tega, kaj Zelimo posplositi.
Najpogosteje se za posploSitev uporabljajo operatorji tipa
%B (poljubna beseda), %S (poljubno Stevilo), %L
(poljubno lo¢ilo), %0 (ni¢ ali poljubno Stevilo enot), %1
(ena poljubna enota), %2 (ena ali dve poljubni enoti'), %3
(ena, dve ali tri poljubne enote) itd. To nam omogoca, da
Zeleni nabor vnosov zajamemo s precej manjSim Stevilom
VZOrcev.

$
%0 kako ti je ime

%0 zaupaj mi %0 tvoje ime
%0 mi zaupa$§ %0 tvoje ime

%0 kako se %0 imenujes§

>
Klepec.

Slika 3: Posplositev vzorcev.
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Posplositev lahko izvedemo tudi s pomocjo operatorja
morfosintaktiéne informacije, s katerim Se dodatno
zmanjSamo potrebno Stevilo primerjalnih vzorcev.

$
%0 kako ti je ime

%0 zaupati[*] %0 tvoje ime
%0 povedati[*] %0 tvoje ime

%0 kako se %0 imenujes§

>
Klepec.

Slika 4: Dodatna posploSitev.

S pomocjo operatorja morfosintaktiéne informacije
lahko kontroliramo to¢no dolo¢ene besedne vrste in
njihove oblike (npr. pri samostalniku vrsta, spol, sklon in
Stevilo), tako na vhodni kot tudi izhodni strani. Pri tem
pogosto potrebujemo pomo¢ operatorjev #1 (prva
spremenljivka v vhodnem nizu), #2 (druga spremenljivka
v vhodnem nizu) itd., ki nam omogocajo prenos poljubnih
vhodnih besed v izhodni niz.

$ kako se sklanja %B[S??ei] | sklanjaj %B[S??ei]
>

#1[S??ei], #1[S?%er], #1[S??ed], #1[S??et],

pri #1[S??em], sVz #1[S??eo0]

$ kako se sklanja %B[G?n] | sklanjaj %B[G?n]
>
Glagoli se ne sklanjajo!

Slika 5: Sklanjanje besed.

4.1.3. Kontrola poteka

Ker je v jezik K2.0 vgrajena nakljucnost pri izbiri
enakih ali zelo podobnih vzorcev, imamo za kolikor toliko
kontrolirano izbiro dolo¢enih vzorcev ali poteka dialoga
na voljo Stevilne dodatne operatorje in ukaze. Med te
sodita dolocitev staticne prioritete posameznega vzorca,
npr. (7), ter doloditev pogoja primerjave vzorca in izbire
izhodnega niza, npr. [spol == 1], pri ¢emer lahko
uporabljamo dolocene lokalne, globalne ali sistemske
spremenljivke.

$ (7) [vreme == 0]
kak$no bo %0 vreme %0
kak$na %0 vremenska napoved %0

>
V Sahari bo precej suho. <vreme = 1>
[spol == 1] Poc¢akaj, pa bo§ videl. <vreme = 1>

[spol == 2] Pocakaj, pa bos videla. <vreme = 1>

Slika 6: Uporaba statine prioritete, pogojev in
spremenljivk.

Ce 7zelimo kontrolirati potek dialoga na nivoju
celotnega nabora ali skupine vzorcev, ne samo znotraj
posameznega vzorca, imamo na voljo nekatere ukaze, s
katerimi lahko presko¢imo primerjavo skupine vzorcev




0z. omejimo primerjavo le na to¢no doloceno skupino, ki
je izbrana na osnovi prej$njega poteka pogovora. Pri tem
pogosto uporabljamo naslove, npr. {ime}, in akcije, ki se
izvedejo ob branju ustreznega vzorca, npr. <goto {ime}>.

[/*%F%%% kontrola imena
$> <goto {ime_konec}>
$> {ime} <null>

$ (7

%0 ime %0 mi %0 je %0 %B[Slmei] %0

>

Lepo mosko ime.<ime = #1><spol = 1><goto {zacetek}>

$> <stop/goto {ime}>
$> {ime_konec} <null>
//*****

Slika 7: Kontrola poteka dialoga.

4.1.4. Druge funkcije

Ce zelimo poleg nekoristnega klepeta v odgovore
vkljuciti tudi koristne informacije, shranjene v dolocenih
podatkovnih bazah, lahko uporabimo (uporabnisko
definirane) klice funkcij, ki te podatke preverjajo in
berejo. Tako lahko programiranega sogovornika
uporabimo v funkciji informacijskega sistema, ki nam
koristne informacije podaja v zelo zanimivi obliki.

Poleg funkcij lahko pri programiranju uporabimo S$e
Stevilne zanimive in koristne mehanizme jezika K2.0, za
predstavitev katerih pa je v tem ¢lanku premalo prostora.

$(6)

%0 kaj %0 je %0 @Preveri(__pot, "BAZA")
>

#4 je @PreberiBAZA(__pot, #4)

Slika 8: Uporaba funkcij.

4.2. Uporabniski doprinos

4.2.1. Eliza - pripisovanje posebnega
komunikacijskega namena
Brez uporabnikove pripravljenosti sodelovati v

komunikaciji je Se tako dobro zasnovan program obsojen
na neuspeh, in obratno, povsem osnovne aplikacije lahko
dosegajo velike uspehe.

To dejstvo je v svoj prid izkoristil tudi Joseph
Weizenbaum, snovalec prve znane programirane
sogovornice. Eliza, kot je svoj izdelek poimenoval po liku
iz znanega dela Pygmalion, ima povod za nastanek v
psihiatriji; tam se je v tistem Casu (gre za obdobje 60-ih let
prejSnjega stoletja) izredno rado prakticiralo t. i. aktivno
posluSanje — psihiater s parafraziranjem pacientovih izjav
ter spodbudnimi signali pomaga pacientu, da sam razresi
problem, ki ga teZi. Metoda je Weizenbauma navdihnila,
da je ustvaril program, ki z uporabnikom komunicira na
enak nacin. Kot simulacija psihiatrinje je dobila
programirana Eliza v pogovoru posebno hierarhi¢no
vlogo, ki jo avtor takole opisuje:

»Ta tip komunikacije je bil izbran, ker je psihiatri¢ni
intervju eden redkih primerov /../ komunikacije v
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naravnem jeziku, v kateri je enemu od udeleZencev
pogovora dovoljeno zavzeti poloZaj, po katerem o svetu
ne ve skoraj ni¢esar. Ce npr. nekdo pove psihiatru 'Sel
sem se vozit s colnom,' psihiater pa odvrne 'Povejte mi kaj
o ¢olnih," ne bomo sklepali, da psihiater ne ve nicesar o
¢olnih, pa¢ pa da pogovor vodi v to smer z dolo¢enim
namenom.« (Weizenbaum, 1966. Prevedla in podcrtala S.
Arhar.)?

4.2.2. Osmisljanje izjav kontekstu

Da je komunikacija s programiranimi sogovorniki
sploh mogoca, gre torej pripisati predvsem cloveski
sposobnosti 0z. potrebi po osmisljanju izrekov v kontekstu
diskurza. Pri snovanju programa, ki se v pogovoru
predstavlja za uporabniku hierarhi¢no enakovrednega
sogovornika, je potrebno predvideti takSen nacin
komunikacije, da je na vseh ravneh omogoceno ¢im bolj
uspesno osmisljanje v kontekstu. Pri razvijanju programa
Klepec skusamo to doseci na ve¢ nacinov:

e s premiSljenim snovanjem baze odgovorov; le-ti
morajo biti obenem dovolj splo$ni, da ustrezajo
¢im ve¢ potencialnim kontekstom, obenem pa
dovolj specifi¢ni, da omogocajo nadaljevanje
pogovora,

e 7z uporabo humorja v Klepcevih izjavah; diskurz,
ki se na tak naCin razvije, omogoca boljSe
osmiSljenje Klepcevih izjav, saj je uporabnik do
njih tolerantnejsi, Ce jih ne jemlje povsem resno,

e 7z uporabo poskusa menjave teme v primerih, da
uporabnikovega vnosa Klepec ne prepozna.

V nadaljevanju navajava tri primere uspes$nega
osmisljanja v kontekstu, kjer zgoraj naStete strategije v
kombinaciji z uporabnikovim vztrajanjem pri temi, in
seveda njegovo pripravljenostjo sodelovati v igri
komunikacije, privedejo do zabavnih dialoSkih izmenjav:

Uporabnik: koliko je ura

Klepec: Je ¢as tvoj gospodar?

Uporabnik: ne

Klepec: Slisati si zelo preprican v to.

Uporabnik: ampak mene vseeno zanima koliko je ura
Klepec: Meni €as ne pomeni nicesar. Vsaj dokler sem|
v tej Skatli.

Uporabnik: da ti ne bom virusa poslal

Primer pogovora 8: Casovna relativnost.

Uporabnik:a ti ves kje je gréija
Klepec: Ja, stari.

Uporabnik: kje

Klepec: V zraku.

Uporabnik: kje?

Klepec: Za vogalom.
Uporabnik: kje

Klepec: Tukaj, kje pa drugje.
Uporabnik: kreten

Primer pogovora 9: Kje je Gr¢ija.

3Eliza je za klepet na voljo na straneh Initituta JoZef Stefan,
<http://www-ai.ijs.si/eliza/>.



Uporabnica: me ljubis?

Klepec: Ali ni danes prav lepo vreme?
Uporabnica: me ljubis dragi?

Klepec: Uf, kako je vro¢e. Morda se mi je pokvaril
ventilator?

Uporabnica: daj no me ljuubis

Klepec: Zakaj pa "no"?

Uporabnica: ja me ljubis?

Klepec: Hej, ti mi pa Ze ne boS§ tega govorila.
Uporabnica: daj me ljubi?

Klepec: Tezko bi dal.

Uporabnica: ljubis me

Klepec: Spremeniva temo!

Primer pogovora 10: Izpovedovanje ljubezni.

4.2.3. Uporabniski odnos do programa

Ker je vsaka komunikacija mnogo ve¢ kot le
izmenjava jezikovnih nizov, Zeliva na tem mestu opozoriti
Se na socioloske ter psiholoSke vidike komunikacije med
¢lovekom ter programiranim sogovornikom. Dejstvo je,
da raziskave uporabniSkega odnosa do programov za
klepetanje kaZejo nenavadno visoko stopnjo agresivnega
govora, pri katerem prednjacijo raznovrstne kletvice,
Zalitve ter provokacije. Foner (1997) v svoji socioloski
raziskavi omenja uporabniski strah, da bi bil stroj (Ceprav
le po znanju) boljsi od c¢loveka. De Angeli in Carpenter
(2005) ugotavljata, da izvira Zaljiv odnos uporabnika do
programiranega sogovornika iz privzetega razmerja moci,
ki postavlja uporabnika kot ¢lovesko bitje na visji polozaj
od programa, ki se trudi biti ¢loveku podoben. Poleg teh
dveh premis je potrebno dodati Se eno: samocenzura, ki je
v medc¢loveski komunikaciji seveda stalno prisotna, v
dialogu s programom — za katerega vemo, da nima ne
Custev ne spomina na pogovor — popusti.*

Ker je predvidljivo, da bodo nekateri uporabniki do
Klepca Zaljivi Se naprej, je za prepricljivo
antropomorfnost nujno, da se program na Zalitve ustrezno
odziva. Zaenkrat je Klepec pred agresivnim govorom Se
dokaj nemocen, reagira le na uporabo nekaterih vulgarnih
besed, ne simulira pa uzaljenosti ali jeze, ki bi ju v
podobnih primerih pri¢akovali od ¢loveskih uporabnikov.

Uporabnik: ti si peder
Klepec: Zakaj me Zalis?

*Da so uporabniki Zaljivi tudi pri nas, je pokazala raziskava
Klepcu najpogosteje zastavljenih vpraSanj, ki smo jo opravili na
vzorcu pogovorov, ki so potekali med 1. 10. ter 19. 12. 2005.
Uporabniska vprasanja smo kategorizirali na poizvedovalna
(sprasujejo po informaciji) ter odloc¢evalna (odgovor je da oz.
ne). Zalitve (ki so vpraSanja le napol, saj glavni namen
uporabnika ni poizvedovanje, pa¢ pa izraZanje negativnega
mnenja o programiranem sogovorniku) najdemo le med
odlo¢evalnimi vprasanji. V skupini 550-ih odlo¢evalnih vpraSanj
dale¢ najvecji delez zajemajo vpraSanja oz. Zalitve o spolnih
preferencah, predvsem homoseksualnosti (49 %). Na drugem
mestu so vprasanja o partnerskem statusu (17 %), na tretjem
mestu vpraSanja o znanju angles¢ine (14 %), na Cetrtem pa
ponovno Zalitve, tokrat umskih sposobnosti (7 %). Ostale
kategorije so manj zastopane.
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Klepec: Koliko ¢asa pa misli§, da bom §e prenasal tvoje
Zaljivke?

Klepec: Tako prostaskega sogovornika pa Ze dolgo nisem
imel.
Uporabnik: kr navad se ti zafukanc zafukani

Primer pogovora 11: Agresivni govor.

5. Zakljuéek

Na ve¢ mestih je Ze bilo receno, da je program Klepec
projekt v procesu in da bo za njegov razvoj ter posledi¢no
kvalitetnejSe delovanje potrebnega Se mnogo dela.
Trenutno najvecji izziv predstavlja nadgradnja, ki bo
programu omogocala drZati rdeo nit pogovora in s tem
kohezivno ter koherentno dialosko komunikacijo, kakr$na
je v navadi med ¢loveSkimi sogovorniki. Kratkoro¢nejsi
cilji so vgradnja izboljSanega lematizatorja ter
jezikovnega analizatorja, prestrukturiranje leksikalne
baze, da bo omogocala dopolnitev s semanti¢nimi ter
kolokacijskimi informacijami ter postopno dodajanje
podatkovnih baz z znanjem o svetu. Nacrti izboljSave
antropomornosti pa gredo predvsem v smer nartovanja
programskih modulov za razli¢na Klepceva razpoloZenja
ter razliCne tipe diskurza glede na jezikovne tendence
uporabnika.
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Povzetek

V ¢lanku bomo predstavili zasnovo in osnovno zgradbo prvega slovenskega razpoznaval nika tekocega govora za domeno Broadcast
News. TakSen razpoznavanik govora je namenjen razpoznavanju govora v televizijskih (in radijskih) dnevnoinformativnih oddajah.
Lete predstavljajo zaradi zelo razlicnega akusticnega okolja in razlik v nadinu govora zelo kompleksen problem na podrocju
jezikovnih tehnologij. Sistem UMB Broadcast News smo zasnovali na slovenski govorni in tekstovni bazi BNSI Broadcast News. Za
pripravo akusti¢no homogenih zvocénih intervalov smo uporabili postopek akusti¢ne segmentacije na osnovi Gaussovih modelov. Kot
akustiéne modele smo uporabili grafemske kontekstno odvisne HMM modele s 16 kombinacijami porazdelitev verjetnosti na stanje.
Tvorili smo nabor razliénih bigramskih in trigramskih jezikovnih modelov z 20k oz. 60k besedami v slovarju. Vrednotenje sistema
UMB Broadcast News smo izvedli z bigramskim jezikovnim modelom ter sovarjem z 20k besedami. Dosegli smo 40,5% napako
razpoznavanja besed na testhem naboru baze BNSI.

Basic Structure of the UM B Slovenian Broadcast News Transcription System

This paper presents basic structure and design scheme of the first Slovenian Broadcast News transcription system. Such system is used
for large vocabulary continuous speech recognition of television (and radio) news shows. The acoustic environment and speaking style
in Broadcast News speech corpora are heterogeneous and as such very complex for speech recognition. The UMB Broadcast News
system was developed using the speech and text database BNSI Broadcast News. Acoustic homogeneous speech intervals were
produced with the acoustic segmentation based on Gaussian models. Grapheme based context-dependent HMM acoustic models with
16 mixture probability density functions were applied. A set of different bigram and trigram language models with 20k and 60k words
in the vocabulary was generated. The UMB Broadcast News system was eva uated with the bigram language model and 20k wordsin
the vocabulary. The 40,5% word error rate was achieved on the BNS| evaluation set.

Osnovni jezikovni vir, ki smo ga uporabili pri razvoju
1. Uvod UMB Broadcast News sistema, je slovenska baza BNS|
Na podroju avtomaiskega razpoznavanja govora broadcast News (Z6gling et d., 2003; Zgank et al.,
lo¢éimo med sistemi razlicne kompleksnosti. NajteZjo 2004/1;  zgank o aI._, V2005/ 1). Zaradi faZ”O"k‘Eﬁ'
ndogo tako predstavja razpoznavanje tekotega ~ 9OVOMega m_aterlala kaJUCvenegav bazo BNSI, se takSen
spontanega govora z velikim Sovarjem besed. V to razpoznavalnik govora sreca tako z branim govorom v
kategorijo sodi tudi domena razpoznavalnikov govora  Studijskem okolju (npr. agencijske novice), kot tudi z
Broadcast News (BN), kjer razpoznavamo govor v  narecnim spontanim govorom s sumom iz okolice ali
dnevnoinformativnih televizijskih oddgjah. Razvoj na ~ 91asbov ozadju (npr. intervju naterenu). o
podrogju takdnih sistemov se je zatel leta 1996 (Pallet, Pri_razvoju ssema UMB BN smo izhgdli iz
2002) v okviru projekta amerigkih organizacij DARPA in  Prednodnih razpoznavalnikov slovenskega govora (Zgank
NIST. Danes v svetu najdemo razpoznavalnike govoraiz € & 2001 Rotovnik, 2004), ki so bili razviti za bazo
domene BN, razvite za razli¢ne svetovne jezike (Gauvain ~ SNABI (Dreo, 1995) ter iz izkuSenj pridobljenih v okviru
et al., 2002, Woodland, 2002; Beyerlein et al., 2002). '82voja demonstracijskega sistema za podnaslavijanje
K ompleksnost samega razpoznavalnika govora je odvisna  (elevizijskih oddgj v zivo (Zgank et al., 2004/2). .
tudi od lastnogti jezika. Slovenski jezik sodi zaradi svojin v neddjevanju clanka bomo v drugem poglavju
lastnosti (pregibna narava, dvojina, relativno prost vrstni op|sal|_ _razl_|cne sl_ovenske jezikovne vire, ki ‘smo_jih
red besed v stavky,..) med teravneide jezike za uporabili pri razvoju. Osnovno zgradbo sistema UMB BN

razpoznavanje govora, kar je ena izmed glavnih ovir za ~ Pomo opisali v trefjem poglavju. Rezultate razpoznavanja
vexji razvoj tega podrogja govora z bazo BNSI bomo predstavili v ¢etrtem poglavju.

V clanku bomo predstavili prvi razpoznavalnik Zaklju¢ek s smernicami za prihodnje delo bomo podali v

dovenskega tekotega spontanega govora za domeno  Z2dnjem—petem—poglavju.
Broadcast News, ki je nastal na Univerzi v Mariboru™.
Sissem UMB Broadcast News je trenutno eden izmed

najkompleksnej&ih slovenskih razpoznavalnikov govora. 2. Jezikovni viri

V prispevku bomo opisali zasnovo in osnovno strukturo RazpoloZljivost primernih jezikovnih virov je osnova

sistema ter podali preliminarne rezultate razpoznavanja  za razvoj vsakega razpoznavalnika govora. Za ucenje

govora. akusticnih - modelov  tako potrebujemo transkribiran
govorni material, za razvoj jezikovnih modelov pa
tekstovne korpuse.

Ucenje akusti¢nih modelov za sistem UMB BN smo
izvedli z govornim korpusom slovenske baze BNSI
Broadcast News (Zgank et a., 2004/1). Baza vsebuje 36

! Delo je bilo delno financirano s strani Agencije za
raziskovalno dejavnost Republike Slovenije po pogodbi &t.
P2-0069.
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ur transkribiranega govornega materiala iz obdobja 1999-
2003, zajetega iz dnevnoinformacijskih odday RTV
Slovenija. Med razvojem osnovne  zgradbe
razpoznavalnika govora je potreben preceiSen delez
ro¢nega dela za pripravo in uskladitev vseh jezikovnih
virov. Zato smo zaradi poenostavitve dela uporabili samo
polovico razpoloZljivega govornega korpusa baze BNSI.
Ucni korpus je tako vseboval 15 ur govornega materiala,
testni nabor pa pribliZzno 1,5 ure govora.

Tabela 1 prikazuje statistiko virov, ki smo jih uporabili
pri ucenju jezikovnih modelov. BNSI-Speech oznaduje
transkripcije 69 oddaj iz osnovnega in razsirjenega uc¢nega
govornega korpusa baze BNSI (Zgank et al., 2005/1).
Oznaka BNSI-Text predstavlja tekstovni korpus baze
BNSI (Zgank et a., 2005/1), ki vsebuje scenarije
dnevnoinformativnih oddgj RTV Slovenija iz obdobja
1998-2004. 1z tekstovnega korpusa smo izlocili tiste
mesecne sklope scenarijev, v katerih se nahagjata oddaji iz
testnega nabora. Vecer je korpus ¢lankov ¢asopisa Veter,
ki smo jih zbrali v obdobju od leta 1998 do leta 2001.
Poudariti velja, da sta prva dva jezikovna vira
predstavnika govorjenega jezika, slednji pa sodi v skupino
jezikovnih virov pisanega jezika. Napomembnejse
lastnosti govorjenega jezika, ki jih v pisanem jeziku ne
zasledimo so: ponovitve, popravki, slovni¢no neujemanje
in svobodni vrstni red besed. Vse naStete pojave
zadedimo v korpusu BNSI-Speech, nekatere med njimi
tudi v korpusu BNSI-Text. NaS cilj je razpoznavanje
govorjenega jezika, zato sta iz tega stali&a pomembnejsa
korpusa BNSI-Speech in BNSI-Text. Po drugi strani je
uspeSnost statisticnega modeliranja odvisna od velikosti
u¢nega korpusa, zato se kot pomemben vir znanja izkaze
tudi korpus Vecer.

Korpus Stevilo Stevilo raflti;;evvr;ih
stavkov besed besed
BNSI-Speech 30k| 573K 51K|
BNSI-Text 614Kk 11M 175K
Vecer 12M 95M 736k

Tabelal: Statistika korpusov, uporabljenih pri gradnji
jezikovnega modela.

Slovar razpoznavalnika smo sestavili tako, da je
vseboval 20k in 60k najpogostejSih besed v korpusih
govorjenegajezika: BNSI-Speech in BNSI-Text.

3. Arhitektura sistema UM B Broadcast
News

Sistem za razpoznavanje tekocega govora UMB
Broadcast News je zasnovan na statisti¢cnem modeliranju
govora. Blokovna shema osnovnih gradnikov sistema je
predstavljenanadiki 1.

Akusti¢no
homogeni
intervali
>

Akustiéna
segmentacija

Televizijska
oddaja

Razpoznavalnik
govora

- < O b
Akusticni Jezikovni
Slovar
modeli model
- — o -

A

——Besedilo

Slika 1: Osnovna zgradba sistema UMB Broadcast News
za razpoznavanje govora.

3.1. Akustiéna segmentacija

Naloga akusticne segmentacije je iz vhodnega
zvocnega signala izrezati akusticno homogene dele, ki so
primerni za razpoznavanje govora. Tukg lahko
upostevamo razli¢ne kriterije za doseganje homogenosti.

Nekateri  najpogostejd  kriteriji  so:  zvok/tiSing,
govor/glasha/Sum, spol govorca, zdruzevanje govorcev v
skupine, ...

Osnovno zasnovo sistema UMB BN za razpoznavanje
govora smo zaenkrat pripravili za vkljucitev segmentacije
na osnovi prvih treh kriterijev (Zgank, 2006). V prvem
koraku segmentacije tako izlo¢imo iz zvocnega signaa
dele, ki vsebujejo tiSino. Sledi doloc¢itev akusti¢nega
ozadja govornega signala, ki je posebg namenjeno
identifikaciji govora z glasbo v ozadju. Le-ta namrec zelo
oteZi razpoznavanje govora. V tretjem koraku dolocimo
spol govorca, kar omogoca uporabo razli¢nih akusti¢nih
modelov za oba spola. Ker koli¢ina govornega materiala,
ki smo jo trenutno uporabili za u¢enje akusti¢nih modelov,
ne omogoca kvalitetnega modeliranja ob uporabi drugih
dveh kriterijev, smo za vrednotenje razpoznavalnika
govora (tabela 4) uporabili samo klasifikacijo zvok/tiSina.

Modul za segmentacijo smo zasnovali na osnovi
Gaussovih modelov (GMM). Uéenje GMM-ov je potekalo
na 9 oddajah iz nabora baze BNSI. Glede na
razpoloZljivost zvoinega materidla za posamezno
kategorijo, ter glede na dosezene rezultate segmentacije,
smo uporabhili razlicno kompleksnost modelov GMM —
najpreprostejSi model je vseboval 4 Gaussove porazdelitve
verjetnosti, najkompleksnegjdi pa512.

3.2. Ucenjeakusti¢nih modelov

V sistemu UMB BN smo zasnovali akusti¢cne modele
na osnovi tri stanjskih levo-desnih prikritih modelov
Markova s kombinacijami zveznih Gaussovih porazdelitev
verjetnosti. Vektor znatilk vsebuje 12 mel kepstralnih
koeficientov in energijo, ter njihove prve in druge odvode.

Akusti¢ne modele smo zasnovali na grafemski osnovni
enoti (Zgank in Kagi¢, 2005/2). V osnovnem naboru je
bilo 27 akusticnih modelov. Z uporabo grafemov smo se
izognili dodatni napaki, ki bi jo v sistem vneda
grafemsko-fonemska pretvorba. Za ucenje prikritih
modelov Markova smo uporabili prosto dostopno orodje
HTK (HTK, 2006).

V prvem koraku ucenja smo tvorili kontekstno
neodvisne akusticne modele na osnovi inicializacije z
globalnimi vrednostmi. Z dobljenimi akusti¢nimi modeli
smo izvedli postopek prisilne poravnave in izlogili 0,63%
neustreznih transkripcij. V drugem koraku smo ponovili
postopek ucenja. Sedaj smo inicidizacijo izvedli na

100



osnovi locenih vrednosti za vsak posamezni model.
Ponovili smo postopek prisiine poravnave, ter kot
neustrezne izlocili dodatnih 0,47% transkripcij.

V tretjem prehodu smo korakoma nadaljevali z
ucenjem kontekstno neodvisnih akusticnih modelov. V
nadaljevanju smo tvorili notranje-besedne kontekstno
odvisne akusti¢ne modele, s katerimi se praviloma doseze
bolj§ rezultat kot z kontekstno neodvisnimi modeli. Ker
se podedi¢no drasticno povisa Stevilo prostih parametrov
akusticnih modelov, ki jih je potrebno oceniti, smo
uporabili postopek vezave stanj z odlocitvenim drevesom
(Young et al., 1994). S pomocjo tega postopka vezemo
stanja, ki so s akusticno dovolj podobna med seboj in
tako zdruzimo razpolozZljivi u¢ni material. Inicializacijo
odlocitvenih dreves smo izvedli s podatkovno tvorjenimi
grafemskimi razredi (Zgank et a., 2005/3). Stevilo
Gaussovih porazdelitev verjetnosti na stanje v kontekstno
odvisnih akusti¢nih modelih smo korakoma povecevali do
16. Po koncanem postopku u¢enja smo akusticne modele
pretvorili v format, ki ga podpira razpoznavalnik govora
razvit naUniverzi v Mariboru.

3.3. Ucenjejezikovnih modeov

Zgradili smo standardne bigramske in trigramske
jezikovne modele. Uporabili smo Good-Turingovo
glaienje. V model smo vkljucili vse bigrame oz. trigrame,
tudi tiste, ki so se pojavili samo enkrat. Podedi¢no so
nastali relativno obseZni jezikovni modeli. Tabela 2
prikazuje velikosti jezikovnih modelov, ué¢enih narazli¢no
velikih u¢nih besedilnih zbirkah. Jezikovni model LM 1 je
ucen le na korpusu BNSI-Speech, LM2 na korpusih
BNSI-Speech in BNSI-Text ter LM3 na vseh treh
korpusih: BNSI-Speech, BNSI-Text in korpusu Vecer. V
jezikovnem modelu LM 3 imgjo vs trije korpusi enak
vpliv, ki smo ga v nadaljevanju Zeleli uravnoteZiti glede
na znatilnosti BN korpusa. Zgradili smo tri komponente
jezikovnega modela: prvo komponento na korpusu BNSI -
Speech, drugo na korpusu BNSI-Text in tretjo na korpusu
Vecer. Optimalno razmerje med komponentami smo
poiskali tako, da smo v iterativnem postopku iskali
optimalne interpolacijske koeficiente (ki dajo najmanjSo
perpleksnost interpoliranega modela). Nastali model smo
poimenovali LM4. Vse omenjene postopke ucenja
jezikovnih modelov smo izvagjali loceno za slovar velikosti
20k besed in dlovar velikosti 60k besed.

Jezikovni 20k 60k
model | 2-grami | 3-grami | 2-grami | 3-grami
LM1 186k 298K 244K 380K|
LM?2 1,403M| 3,542M 2,004M 4,640M
LM3 5,250M| 18,623M 9,037M| 28,307M
LM4 5,250M| 18,623M 9,037M| 28,307M

Tabela2: Velikosti jezikovnih modelov, pri slovarjih 20k
in 60k besed.

3.4. Razpoznavalnik govora

Za razpoznavanik govora smo uporabili statisti¢ni
pristop zasnovan na Bayesovem odlocitvenem pravilu, ki
vsebuje naslednje komponente: akusti¢ni  analizator,
iskalni algoritem, stohasticna modela (akusti¢ni in
jezikovni  model).  Akusticni  analizator  izvaja
kratko¢asovno spektralno analizo govornega signala
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Akusticni model zajema trenutno akusti¢no in ¢asovno
karakteristiko govorca in skupgj z jezikovnim modelom
podga osnovna jezikovna vira za iskalni agoritem.
Iskalni algoritem doloc¢i besedni niz neznane dolZine na
osnovi navedje aposteriori  verjetnosti. Za naS
razpoznavalnik govora smo uporabili sinhroni iskalni
algoritem (niz akusti¢nih vektorjev znadilk se procesira od
zacetka do konca govornega signala), ki za zmanjSanje
ratunske zahtevnosti vkljucuje Viterbijevo aproksimacijo.
Za zmanjSanje iskalnega prostora smo uporabili drevesno
obliko dovarja, katerega znacilnost so skupna vozli&a za
enake zacetne foneme besed. Sama izvedba dovarja
vpliva na velikost iskalnega prostora. Ker smo v
razpoznavalniku govora uporabili bigramske jezikovne
modele je bilo potrebno za vsako besedo iz dovarjatvoriti
kopije dreves dovarja za ohranitev zgodovine hipotez v
iskalnem prostoru. V korenih dreves se nato izvaja
rekombinacija na besednem nivoju. Upodteva se samo
najverjetnejSa hipoteza, ki pride v dolocenem ¢asovnem
okviru v koren, vse ostale se zavrzejo. Zaradi vzporedne
obdelave vseh moznih hipotez iskalnega prostora, smo v
vsakem ¢asovnem okviru izkljucili tiste hipoteze, katerih
verjetnost je bila za dolocen prag dab%a od trenutno
najboljSe hipoteze. Tako imenovano snopovno omejevanje
dodatno zmanjSa aktivni iskalni prostor, torej del iskalne
mreze, ki jo je potrebno preiskati, za nekaj desetkrat in s
tem pohitri proces razpoznavanja govora. Za ucinkovitejSe
snopovno omejevanje smo Vv iskalni prostor predcasno
vkljuili verjetnosti jezikovnega modela. Tako imenovan
pogled naprej jezikovnega modela v vsako skupno
vozli&e drevesnega slovarja postavi najboljSo verjetnost
za vse mozne besede, ki lahko nastangjo iz danega
vozli&a. Za dodatno zmanj3anje iskalhega prostora smo v
vsakem ¢asovnem okviru omejili Stevilo aktivnih vozli&,
katerim se dolo¢gjo (izratunavajo) nove poti v iskalni
mreZi. Omejevanje smo izvedli na dva nafina. V prvem
primeru smo aktivne modele sortirali po najboljSem
rezultatu in pri tem ohranili samo N najboljsih. V drugem
primeru smo nadaljevali samo N najboljSih delnih hipotez,
ki so se v trenutnem ¢asu koncale v zadnjem stanju in
zadnjem vozli&u dreves.

4. Rezultati razpoznavanja govora

Pred samim vrednotenjem razvitega sistema UMB
Broadcast News bomo podali statistiko uporabljenih
akusticnih  in  jezikovnih modelov, ki kaZe na
kompleksnost razvitega sistema.

V naboru sta bila pred vezavo stanj 16.902 kontekstno
odvisna grafemska akusticna modela. Po vezavi stanj je
ostal 21,5% neodvisnih akusti¢nih modelov, ki so imeli
skupgj priblizno 175k Gaussovih porazdelitev verjetnosti.
Skupna velikost datoteke z akusti¢nimi modeli je znaSala
86,6 MB.

Jezikovni 20k 60k
model 2-gram |3-gram| 2-gram | 3-gram
LM1 504 459 837 821
LM2 419 372 641 575
LM3 344 285 471, 390
LM4 2920 234 400 316

Tabela 3:Perpleksnosti jezikovnih modelov.



DeleZ besed izven dovarja (OOV) v naboru testnih
stavkov pri slovarju z 20k besedami je 12.34% in pri
slovarju s 60k besedami 5.44%. Tabela 3 prikazuje
perpleksnosti nabora testnih stavkov z uporabo razli¢nih
jezikovnih modelov. Prvi trije modeli LM1-3 kaZejo, da z
vecanjem ucnega korpusa perpleksnost testnih stavkov
pada.

Rezultate razpoznavanja govora bomo podai za
velikost dovarja 20k najpogostejSih besed v tekstovnih
korpusih in bigramski jezikovni model LM4. Bel€Zili smo
napako razpoznavanja besed (NRB), hitrost razpoznavanja
(veckratnik realnega ¢asa, CPU: P4, 2,4 GHz) in velikost
iskalnega prostora, izraZenega s povprecnim Stevilom
aktivnih modelov. Povpretno Stevilo aktivnih modelov
smo izra¢unali tako, da smo najpre v vsakem ¢asovnem
okviru za vsak testni stavek pred procesom omejevanja
beleZili Stevilo aktivnih modelov. Vsoto modelov za
posamezni stavek smo normalizirali s &tevilom okvirov.
Skupno  vsoto  normaliziranih  aktivnih  modelov
posameznih stavkov smo povprecili z velikostjo testne
mnoZzice.

Eksperiment | NRB[%] | Hitrost |St. aktivnih
modelov
B20 40,5 42,3 26620

Tabela4: Rezultat razpoznavanja z besednimi modeli pri
velikosti dovarja 20k enot.

Z velikostjo dovarja 20k besed smo dosegli napako
razpoznavanja 40,5 % (tabela 4). PodrobnejSa andiza je
pokazala, da imajo ngvedji vpliv na napako
razpoznavanja manjkajoce besede, ki jih ni v dovarju.
20% vseh zamenjanih besed predstavljgjo besede, ki so
izpeljane iz skupne leme in so s foneti¢no zelo podobne.
Analiza rezultatov razpoznavanja nakazuje na uporabo
tehnik razpoznavanja primernih za pregibne jezike (npr.:
uporaba podbesednih enot razpoznavanja). V primerjavi z
enakovrednim najboljSim predhodnim razpoznavalnim
sistemom, kjer smo uporabili govorno bazo SNABI, smo
zmanj&ali napako razpoznavanja za absolutno 12,8%.

Z omejevanjem iskalnega prostora smo vplivali na
hitrost razpoznavanja in ga optimirali glede na ngjboljsi
rezultat razpoznavanja. Dosezena hitrost razpoznavanja je
bila 42,3-kratna vrednost realnega c¢asa, pri povpregju
26620 aktivnih modelov na ¢asovni okvir.

5. Zakljugek

V ¢lanku smo predstavili zasnovo in osnovno strukturo
prvega slovenskega sistema za razpoznavanje tekocega
govora v domeni Broadcast News. Dosegli smo
vzpodbudne rezultate razpoznavanja govora.

V nadajnjem delu bomo korakoma povecevali
velikost uporabljene u¢ne govorne baze in tako vkljugili
segmentacijo  zvocnega signala glede na druga dva
kriterija, ter povetali dovar razpoznavanika govora
Postopoma bomo sistemu UMB Broadcast News dodajali
tudi nove module, s katerimi lahko pri¢akujemo dodatno
izboljSanje kvalitete razpoznavanja govora.
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Povzetek
Opisemo postopek in rezultate vrednotenjinkovitosti dveh sistemoCarovnik iz Oza z ogrodjem PARADISE. Vpeljemo tparame-
tre podatkovne zbirkéi odrazajo velikost ter zgradbo podatkovne zbirke in se v literaturi o vrednotdifkavitosti sistemov za dialog
ne pojavljajo. Izpeljemo funkciji €inkovitosti obeh sistemoCarovnik iz Oza, ki nas vodita do spoznanja, da je predstavitev znanja
0z. zgradba podatkovne zbirke sistema za dialog izjemnega pomena in da so parametri podatkovne zbirke pri vrednotenju sistemov za
podajanje informacij nepogggivi.

Results from the Evaluation of two Wizard-of-Oz Systems

The results from the PARADISE evaluation of data from two Wizard-of-Oz experiments are givedafmse parameteexpressing

the database size and the database structure, which have not so far been reported in the literature as costs for user satisfaction, are
introduced. The performance functions for both Wizard-of-Oz systems lead to the conclusion that the system’s knowledge representation
is of great importance and that the database parameters are indispensable when evaluating the performance of information-providing
dialogue systems.

1. Uvod zlienimi domenami, samodejno iskanje problerdaith di-

Z namenom omogati primerjavo razlénih govornin ~ @l0goV in spreminjanje strategije vodenja dialagamed
vmesnikov, kjer nas zanima, v kofiki meri posamezni Interakcijo.
dejavniki vplivajo na @inkovitost in kako strategija vo- Ogrodje PARADISE smo uporabili pri vrednotenju
denja dialoga vpliva na zadovoljstvo uporabnikov, je bilo Uinkovitosti dveh nedograjenih sistemov za podajanje in-
leta 1997 (Walker et al., 1997a) kot potencialna 3pp  formacij o vremenu in vremenski napovedilgert et al.,
metodologija vrednotenja &inkovitosti govornih vmes- 2004), s katerima smo izvajali eksperimedarovnik iz
nikov predlagano ogrodje PARADISE (PARAdigm for DI- Oza (Hajdinjak in Mihelt, 2004). EksperimenCarov-
alogue System Evaluation). Ogrodje PARADISE omego Nik iz Oza je trenutno najbdp alternativa za zbiranje po-
izpeljavo ocene tinkovitosti sistema kot uteno linearno ~ datkov, ki izr&ajo jezik komunikacije&lovek—stroj. V teh
kombinacijo od domene odvisniparametrov uspesnosti €ksperimentih so uporabniki prefaini, da se pogovarjajo
naloge in cen dialoga (fj. parametri &inkovitosti di- S Strojem — réunalnikom, kar pa ni res. V resnici za
aloga in parametri kakovosti dialoga zajema pa model racunalnikom sedtlovek €arovnik), ki vsaj delno simulira
uginkovitosti sistema, ki za osnovni cilj postavlja maksimi- delovanje sistema za dialog.
ranje zadovoljstva uporabnikov. V skladu z n&o trditvijo (Hajdinjak in MihelE, 2006a),

Model Wwinkovitosti sistema, ki ga zajema ogrodje PA- da je treba vplive samodejnega razpoznavanja govora iz sis-
RADISE, trdi, da lahko funkcijo &inkovitosti sistema tema odstraniticezelimo vrednotiti @inkovitost kaknega
dolot&imo z multiplo linearno regresijo (Seber, 1977) z drugega modula (v &@m primeru modula za vodenje
zadovoljstvom uporabnikov kot odvisno spremenljivko terdialoga), jeClovek Carovnik v prvem sistemu simuliral
parametri uspEnosti naloge in cen dialoga kot neodvisnimi razumevanje govora (razpoznavanje govora in razumevanje

spremenljivkami: naravnega jezika) ter vodenje dialoga, v drugem sistemu pa
le razumevanje govora.
Uginkovitost= a % A'(x ZwL « N(c). Oba sistema sta se polegtirea vodenja dialoga raz-

likovala Se v vrsti podatkovne zbirke — v prvem eksperi-

mentu je sistem dostopal do relacijske zbirke vremenskih
Pri tem je a utez Kappa koeficientas, w; so ut&i cen  podatkov, v drugem pa do posebne sodéeajpodatkovne
dialogac;, N pa je funkcija normalizacije (Hajdinjak in zbirke (Hajdinjak, 2006b). Ko bomo govorili o strukturi
Miheli€, 2006c). Z normalizacijo parametrav in c¢; dialoga, bomo uporabljali pojm&onverzacijskih igefin
dosgemo relevantnost in primerljivost diepreslikanih  konverzacijskih potezKonverzacijske igrgpovezujemo z
parametrow (k) in N(c1), ..., N(cp)- Zeljami oz. konverzacijskimi cilji, kot je na primer cilj pri-

Funkcija inkovitosti tedaj omogta napovedovanje dobiti dolateno informacijo, in so sestavljene iz zaporedja
zadovoljstva uporabnikov, vrednotenje&inkovitosti in  izjav, ki se z&nejo s pobudo in katajo, ko je cilj igre
izboljSevanje sistema, primerjavo sistemov z istimi ali ra-dose&en ali igra prekinjena. Sestavne dele konverzacijskih
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iger imenujemokonverzacijske potezelo so izjave, deli
izjav ali mnczice izjav, ki izr&ajo isto namero, kot je na
primer potrditev ali preverjanje.

2. lzbira regresijskih parametrov

Tako kot avtorice ogrodja PARADISE (Walker et al.,
1997a) smo izbrali en sam parameter Espesti naloge:

e Kappa koeficient (k) meri uspénost sistema pri
reSevanju nalog, ki mu jih nalo uporabnik. Napake,
do katerih pride pri razumevanju govora in jih sis-
tem v teka@&i konverzacijski igri odpravi, ne zhajo
vrednosti tega koeficienta. Ker je v 3ih eksperi-
mentih razumevanje govora simuli@rovnik, koefi-
cient x, izraCunan iz podatkov prvega eksperimenta,
kaZze uspénost oz. spretnostarovnika in fleksibil-
nost graftnega vmesnika, ki j&€arovniku pomagal
voditi dialog, pri réevanju navideznih nesporazu-
mov med uporabnikom irtarovnikom. V drugem
eksperimentu, ko je vodenje dialoga prevzel pose-
bej za to nalogo zgrajen modul (Hajdinjak, 2006b),
koeficientx kaze uspénost tega modula za vodenje
dialoga pri ré&evanju navideznih nesporazumov med
uporabnikom inarovnikom, ki so nastali ali zaradi
tipkarskih napal€arovnika ali zaradi neavtoriziranih
posegovcarovnika v pomenske predstavitve uporab-
nikovih izjav.

Za parametre ginkovitosti dialoga smo izbrali:

e Povpretni Cas dialoga(MET) meri povpré&nicas tra-
janja informacijskih konverzacijskih iger, katerih na-
men je pridobiti doléeno informacijo in jih uporabnik
vpelje v&asu svoje interakcije s sistemom.

e Povpretno Stevilo potez (MUM) meri povpr&no
Stevilo konverzacijskih potez, ki jih uporabnik potre-
buje za izvedbo ali prekinitev vpeljanih informacijskih
iger.

Ceprav so cene dialoga definirane kot parametri, katerih
minimiranje ugodno vpliva na zadovoljstvo uporabnikov,
je vtasih naravneje vzeti kdiine, katerih Ginek je ravno
obraten. Izbrali smo naslednje parametre kakovosti di-
aloga:

e |zpolnitev naloge (Comp) se nar&a na mnenje
uporabnika o tem, ali je od sistema dobil odgovor na
prvo vpr&anje oz. prvo nalogo, ki smo mu jo v ekspe-
rimentu zastavili (Hajdinjak in Mihed, 2004). Param-
eter Comp zavzame vredndstte uporabnik meni, da
ni dobil odgovora na svoje vpsanje, in vrednost v
nasprotnem primeru.

o Stevilo uporabnikovih iniciativ (NUI) 3teje z&etne
konverzacijske poteze, s katerimi uporabnik vpelje in-
formacijske igre.

e Povpretno Stevilo besed(MWT) meri povpré&no
Stevilo besed, vsebovanih v konverzacijskih potezah
uporabnika.
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e Povpretni Cas odziva(MRT) meri povpr&ni ¢as, ki

ga sistem porabi, da se odzove. V prvem eksperimentu
je bil ta €as povezan z izbiro odgovorov na géagm
vmesniku, v drugem pa s tipkanjem pomenskih pred-
stavitev uporabnikovih potez.

Stevilo manjkajo¢ih odzivov (NMR) meri razliko
medStevilom potez sistema &tevilom potez uporab-
nika. Ta parameter iz¢a takostevilo potez, ki sledijo,
ko sistem v vnaprej doflenemtasu ne zazna govora,
kakor tudi nepripravljenost uporabnika, da bi sistem
odzdravil.

Stevilo neprimernih iniciativ. (NUR) in delez
neprimernih iniciativ (URR) meritaStevilo oz. delé
za&etnih potez uporabnika, katerih vsebina ne ustreza
domeni sistema.

Stevilo neprimernih odzivov (NIR) in delez
neprimernih odzivov (IRR) meritaStevilo oz. dele
kontekstno neprimernih potez sistema. S&ejemo
tudi poteze, s katerimi sistem uporabnika prosi, naj
ponovi zadnjo izjavo.

Stevilo napak (Error) meri napake sistema, kamor
Stejemo prekinitve telefonske povezave, neustrezno
oblikovane povedi in nasprotuje si odgovore.

Stevilo pomai (NHM) in delez pomcsi (HMR)
meritaStevilo oz. delg potez sistema, ki uporabniku
pomagajo nadaljevati dialog.

Stevilo preverjanj (NCM) in delez preverjanj
(CMR) meritaStevilo oz. delé potez, s katerimi sis-
tem prosi za potrditev informacij, ki jih pridobi na
osnovi zgodovine dialoga. V prvem eksperimentu
Carovnik ni izvajal potez tega tipaéarovnik, ki je
simuliral popolno razumevanje govora, je sicer na
podlagi zgodovine dialoga sklepal o nenavedenih po-
datkih, za katere pa uporabnika ni prosil, da jih potrdi.

Stevilo podanih informacij (NGD) in delez podanih
informacij (GDR) meritaStevilo oz. delé potez, s ka-
terimi sistem uporabniku poda iskane informacije, ki
jih najde v podatkovni zbirki.

Stevilo relevantnih informacij (NRD) in delez rel-
evantnih informacij (RDR) meritaStevilo oz. dela
potez sistema, ki uporabnika usmerjajo k izbiri rele-
vantnih, dosegljivih podatkov.

Stevilo nepodanih informacij (NND) in delez nepo-
danih informacij (NDR) merita Stevilo oz. delé
potez, s katerimi sistem uporabniku sptapda nima
zahtevanega podatka in ga pri tem ne usmerja k izbiri
relevantnih, dosegljivih podatkov. V prvem eksperi-
mentu so to poteze, ki pravijo, da sistem zahtevane
informacije trenutno nima ali je sploh ne ponuja. V
drugem eksperimentu pusti sistem to \gamje odprto.

Stevilo prekinjenih zahtev (NAR) in delez prekin-
jenih zahtev (ARR) merita Stevilo oz. delé infor-
macijskih iger, ki jih uporabnik prekinge preden se
koncajo.



Tabela 1: Srednje vrednosti izbranih regresijskih parametrov v prvem (WOZ1) in drugem (WOZ2) ekspeémmvmjk
iz Oza.

WwO0z1 WOz2 p
uspeénost
naloge Kappa koeficient (k) 0.94 0.98
ucinkovitost povprecni cas dialoga(MET) 13.76 s 17.39s 0.000
dialoga povprecno Stevilo potez(MUM) 1.48s 1.68s 0.047
izpolnitev naloge(Comp) 0.97 0.96
Stevilo uporabnikovih iniciativ (NUI) 6.49 7.51 0.005
povprecno Stevilo besed MWT) 9.32s 7.56s 0.000
povprecni €as odziva(MRT) 5.13s 6.38s 0.000
Stevilo manjkajocih odzivov (NMR) 0.60 0.75
Stevilo neprimernih iniciativ (NUR) 0.48 0.13 0.011
delez neprimernih iniciativ (URR) 0.08 0.02
Stevilo neprimernih odzivov (NIR) 0.41 0.90 0.009
delez neprimernih odzivov (IRR) 0.04 0.06
kakovost  Stevilo napak(Error) 0.12 0.06
Stevilo pomai (NHM) 0.32 0.40
dialoga delez pomcti (HMR) 0.03 0.03
Stevilo preverjanj (NCM)* - 2.19
delez preverjanj (CMR)* - 0.16
Stevilo podanih informacij (NGD) 4.07 4.35
delez podanih informacij (GDR) 0.67 0.58
Stevilo relevantnih informacij (NRD) 0.70 2.06 0.000
delez relevantnih informacij (RDR) 0.10 0.28 0.005
Stevilo nepodanih informacij (NND) 1.67 0.94 0.000
delez nepodanih informacij (NDR) 0.22 0.12
Stevilo prekinjenih zahtev (NAR) 0.05 0.16
delez prekinjenih zahtev (ARR) 0.01 0.02
zadovoljstvo uporabnika (US) 34.08 31.96 0.015

Zgoraj uporabljene kratice za imena parametrov sa@edko na razpolago podatkovno zbirko, katere struktura

nandajo na angkke besedne zveze.
Izbrane parametre je treba doith samodejnoge je to
mogde, v skrajnem primeru pa jih€éoo oznditi. Zavedati

bi bila tako zelotasovno odvisna in skopa, kot je Sza
Omenjen tip parametrov pa vseeno ni ostal popolnoma
neopdaen. Walker, Litman, Kamm in Abella (Walker et al.,

se namré moramo, da neodvisne spremenljivke funkcije 1998) raznsljajo, da bi velikost podatkovne zbirke lahko

ucinkovitosti, ki niso samodejno datbive, skiijo uporab-

nost ogrodja PARADISE — samodejno iskanje prob-

lemattnih dialogov in spreminjanje strategije vodenja di-
aloga med interakcijo tedaj nistavenogc@a.

V prvem eksperimentuf:arovnik iz Oza smo morali
vegino parametrov dofti roéno. Sele modul za vo-
denje dialoga (Hajdinjak, 2006b), vken v drugi sistem
Carovnik iz Oza, ki je potek dialoga zelo dobro strukturiral,
je omogail samodejno doldljivost velike veEine izbranih
parametrovSe vedno je bilo samodejno nemdgalolditi
naslednje parametreKappa koeficient (x), izpolnitev
naloge (Comp), Stevilo neprimernih iniciativ (NUR) in
Stevilo napak(Error).

Zanimivo je, da sétevilo podanih informacij (NGD)
in delez podanih informacij (GDR), Stevilo relevant-
nih informacij (NRD) in delez relevantnih informa-
cij (RDR) ter Stevilo nepodanih informacij (NND) in
delez nepodanih informacij (NDR), ki jih imenujemo
parametri podatkovne zbirkev literaturi o vrednotenju
ucinkovitosti sistemov za dialog ne pojavljajo. Razlog

zn&ilno vplivala na @inkovitost sistema za dialog.

Srednje vrednosti izbranih regresijskih parametrov v
obeh eksperimentiﬁ:arovnik iz Oza so podane v tabeli 1.
Vrstice s parametri, katerih razlika srednjih vrednosti
v obeh eksperimentih je stati&tio zn&ilna (Studentov
primerjalni test;p < 0.05), so potemnjene in navedena je
pripadaj@ap vrednost.

3. lzbira regresijskih parametrov

V obeh eksperimentirf:arovnik iz Oza so uporab-
niki ocenili svoje zadovoljstvo tako, da so podali stop-
njo strinjanja z izjavami o obdanju oz. ginkovitosti sis-
tema (Hajdinjak in Mihel, 2006c). Splénozadovoljstvo
uporabnika (US) smo dobili kot vsoto ocen, zbranih z
vprasalnikom, ki ga predlaga ogrodje PARADISE (Hajdin-
jak in Miheli€, 2006c¢). Vrednosti parametra US zatbije
med8 in 40. Srednja vrednost US za prvi eksperiment je
enakas4.08 (s standardnim odklonom07), za drugega pa
31.96 (s standardnim odklonor.99). Obe srednji vred-
nosti zadovoljstva uporabnikov se statisid zn&ilno raz-

je verjetno ta, da imajo razvijalci sistemov za dialog lelikujeta (p < 0.015). Glej tabelo 1.
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Ker smozeleli poiskati razlike med obema razittama 4. Funkcije uCinkovitosti
sistemov(;arovnik i; O'za, za odyisno spremenljivko MLR Po postopku vzvratne eliminacije (Seber, 1977) za
modela @inkovitosti nismo vzeli US, ampak le Sevek  eing £ statistikoF,,; = 4 pri p-vrednosti priblgno enaki
ocen, dodeljenih vpganjem, ki se nasajo narazlike med () o5 na celotni @ni mnaici, pridobljeni v prvem eksperi-

sistemoma. Menimo, da so visanja, ki te spremembe en Garovnik iz Oza, z DM kot odvisno spremenljivko,
(tj. vodenje dialoga v povezavi s predstavitvijo znanja) na-

jbolje merijo, naslednja: ~ povpretno Stevilo potez(MUM),

2. Alivas je sistem razumefASR) ~~ izpolnitev naloge(Comp),
VpraSanje naj bi merilo &inkovitost razumevanja
govora. Ker pa je v ridh eksperimentittarovnik
simuliral tako rek@ popolno razumevanje govora, to - Stevilo relevantnih informacij (NRD) in
ni bilo tako. V drugem eksperimentu, Karovnik, v
nasprotju s prvim eksperimentom, v pomenske pred- ~ Stevilo nepodanih informacij (NND)

stavitve uporabnikovih potez i dodajal podatkov, pa kot neodvisnimi spremenljivkami, smo identificirali

na katerevseije dalvo sklepati iz zgodovine d|aloga,m odstranili slabih10% vzorcev osamelcev (Hajdinjak,
se to vprdanje nansa predvsem na modul za vo-

o . ” : . o 2006b). To so meritve, ki se nenavadno razlikujejo od ve-
denje dialoga oz. njegovocinkovitost pri polnjenju L : Lo - y
predakkov. like vecine ostalih meritev in za_to nepredwdljlvo vplivajo

na natagnost modela (Tabachnick in Fidell, 1996).

Postopek vzvratne eliminacije smo ponovili na
Zmanpani l&ni mnaici vzorcev. Tabela 2 podaja dobljene
delne F' statistike, pripadage koeficiente determinacije
R? (Johnson in Wichern, 2002) ter parametre, ki jih
v posameznih korakih iz modelaCinkovitosti prvega
sistemaCarovnik iz Oza odstranimo. Postopek vzvratne
eliminacije ustavimo pred. korakom, ko delnd" statistika
presee vrednost.

~ Stevilo neprimernih odzivov (NIR),

3. Ali ste brez tgav prBli do odgovorov na vaSa
vpraSanja?(TE)
Vpradanje naj bi merilo teavnost pridobivanja infor-
macij. Nedvomno se naBa na uspiEnostcarovnika
pri uravnavanju dialoga oz.¢inkovitost modula za
vodenje dialoga. Pri tem ima pomembno viogo tudi
predstavitev znanja.

6. Ali se je sistem na V& izjave odzival hitro (brez po- | F | R? | odstranjen parameter

Jasn|[n|h_vprqsqnj)?($R) . . . poln model - 0.59 -
VpraSanje naj bi merilo ustreznost sistemovih odzivov. — =

) L . .. l.korak ¢ =1) || 0.00 | 0.59 NIR
Uporabnike spréuje po mnenju o strategiji vodenja di- .

S ; 2.korak { =2) || 0.21 | 0.59 MUM
aloga, ki je bila v drugem eksperimentu del modula za 3 korak ¢ = 3 339 [ 0.57 NRD
vodenije dialoga. _ (=3) _ _

4. korak ¢ =4) ]| 9.01 [ 0.51 | Comp

7. Ali se je sistem obrial tako, kot ste med dialogom od
njega pricakovali? (EB)
VpraSanje naj bi merilo ujemanje med gakovanim
in dejanskim obnsanjem sistema. Vsekakor je tesno
povezano z n@nom vodenja dialoga in predstavitvijo Iz zatetnega MLR modela z vzvratno eliminacijo
znanja, ki je predpogoj sodelgega naina odgovar-  ogsranimo tri parametre, in sicer NIR, MUM in NRD.
Janja. Funkcija winkovitosti za prvi sistenCarovnik iz Oza in
odvisno spremenljivko DI, ki se nanaa na podatke, pri-
dobljene v prvem eksperimentbarovnik iz Oza, je zato
taka:

Tabela 2: Tabela vzvratne eliminacije za prvi sistem
Carovnik iz Oza in odvisno spremenljivko DM.

Vsoto ocen, dodeljenih Stetim vpr&anjem, smo imen-
ovali zadovoljstvo uporabnika z vodenjem dialoga
in ravnijo sodelujocega odgovarjanja (DM). Ta spre-
menljivka zavzame vrednosti medn 20. N(DM}) = 0.25 * N'(Comp) — 0.65 + A'(NND).

Tiste neodvisne spremenljivke, ki so bile z odvisno
spremenljivko DM v zelo nizki korelaciji > 0.05), Dobljena funkcija @inkovitosti pojasnjuje>7% variance,
smo iz modela odstranili (Hajdinjak in Mihéli 2006c). Z  tj. R* = 0.57. Najizrazitepi parameter, ki negativno vpliva
uporabo Studentovega testa z 2 prostostnimi stopnjami, na DM, je parameter podatkovne zbirke NND.
kjer jen velikost LEne mndice, tj.n = 73 v prvem eksperi- Po postopku vzvratne eliminacije Za.,; = 4 pri p-
mentu inn = 68 v drugem eksperimentu, smo takodtirdo  vrednosti priblzno enakid.05 na celotni &€ni mnaici, pri-
ugotovitve, da je v prvem eksperimentu z neodvisno spredobljeni v drugem eksperimenf@arovnik iz Oza, z DM
menljivko DM zn&ilno koreliralo 10 parametrov (in sicer Kot odvisno spremenljivko,
MUM, Comp, NUI, NIR, IRR, NGD, GDR, NRD, NND -
in NDR), v drugem pa 8 (in sicet, MET, MUM, IRR, " Kappa koeficient (x),
CMR, GDR, RDR in ARR). Iz teh mnoic smo odstranili
Se parametre, ki bi lahko povztali multikolinearnost mod-
elov. ~ delez preverjanj (CMR),
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~~ povprecni ¢as dialoga(MET),



~ delez podanih informacij (GDR) in
~ delez prekinjenih zahtev (ARR)

pa kot neodvisnimi spremenljivkami, smo identificirali in
odstranili dobrih7% vzorcev osamelcev.

Postopek vzvratne eliminacije smo ponovili na
zZmangani l&hi mndici vzorcev. Tabela 3 podaja dobljene
delne F' statistike, pripadajte koeficiente determinacije
R? ter parametre, ki jih v posameznih korakih iz modela
uginkovitosti drugega sistentaarovnik iz Oza odstranimo.
Postopek vzvratne eliminacije ustavimo pr&dkorakom,
ko delnaF statistika presee vrednost.

| Fi | R* | odstranjen parameter
poln model - 0.48 -
1. korak ¢ = 1) 1.71 | 0.46 MET
2. korak ¢ =2) || 2.84 | 0.44 ARR
3. korak ¢ =3) || 12.59 | 0.32 | K

Tabela 3: Tabela vzvratne eliminacije za drugi sistem
Carovnik iz Oza in odvisno spremenljivko DM.

Iz zatetnega MLR modela z vzvratno eliminacijo
odstranimo dva parametra, in sicer MET in ARR. Funkcija
uginkovitosti za drugi sistenCarovnik iz Oza in odvisno
spremenljivko DM, ki se nanaa na podatke, pridobljene v
drugem eksperiment@arovnik iz Oza, je zato taka:

——

N(DMy) = 0.36+A (1) —0.38+A (CMR)+0.40+\' (GDR).

Dobljena funkcija @inkovitosti pojasnjujet4% variance,
tj. R? = 0.44, in ima tri parametre Kappa koeficient
() in delez podanih informacij (GDR) pozitivho vplivata
na DM, deleZ preverjanj (CMR) pa negativno vpliva na
DM,. -
Nobeden od parametrov, ki jih vsebu)é(DM,), ni

zn&ilen za NW@. Obratno pa ni res. Parame-

ter podatkovne zbirke GDR, ki ima zelo velik pozitivni

o —

vpliv na DMs, sicer ni vsebovan W (DM;), je pa vi-

soko (negativno) koreliran s parametrom podatkovne zbirke

NND, tj. najma@nepgim (negativnim) parametrom funkcije
N (DM1) (Hajdinjak, 2006b).

Analiza obeh funkcij @inkovitosti za DM omogoa
vrednotenje Tinkovitosti modula za vodenje dialoga,
povezanega s sodeldjo podatkovno zbirko:

e Edini parameter, ki nastopa v funkcijiCinkovitosti
za DM; in je statist€no zn&ilen tudi za DM (p <
0.004), je parameter podatkovne zbirllelez podanih
informacij (GDR). V funkciji u€inkovitosti za DM

namesto GDR sicer nastopa parameter podatkovne

zbirke Stevilo nepodanih informacij (NND), ki je z
njim visoko negativno koreliran in hkrati bolj zbigen

za DM; (p < 0.0005). Torej, parametri po-
datkovne zbhirke predstavljajo edino podobnost med
funkcijama @inkovitosti obeh sistemoCarovnik iz
Oza. Ta ugotovitev k& na izjemno pomembnost

predstavitve znanja oz. zgradbe podatkovne zbirke
Pridemo do spoznanja, da so e Parameter, ki na zadovoljstvo uporabnikov DM

sistema za dialog.
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parametri podatkovne zbirke neposiiwi pri vred-
notenju inkovitosti sistemov za dialogse posebej
pa pri vrednotenju €inkovitosti sistemov za podajanje
informacij.

Medtem ko je parameter podatkovne zbirgevilo
nepodanih informacij (NND) v prvem eksperi-
mentu pomembno (negativno) vplival na zadovoljstvo
uporabnikov, je njegov (negativni) vpliv v drugem
eksperimentu izjemno splahnel. Verae (tabela 1),
da se je srednja vrednost parame$tvilo rele-
vantnih informacij (NRD) v drugem eksperimentu
zn&ilno pove&ala, srednja vrednost NND pa zato
zn&ilno zmangala. Vse torej kze na to, da
zmanpanjeStevila odzivov, s katerimi sistem uporab-
niku spor@a, da zahtevane informacije nima, hkrati
pa mu ne ponudi nobenih dosegljivih, relevantnih in-
formacij, negativno vpliva na zadovoljstvo uporab-
nika. Razvijalci sistemov za dialog morajo zato
teziti k zmanpanjustevila takih odzivov 0z. pov&nju
stopnje sodelujéega odgovarjanja. Sklepamo lahko
tudi, da strategija usmerjanja uporabnika k izbiri
dosegljivih, relevantnih podatkov, ki je implementi-
rana v modulu za samodejno vodenje dialoga, na zado-
voljstvo uporabnikov ne vpliva negativno.

Ugotovili smo, da so bili uporabniki v prvem eksper-
imentu bolj dojemljivi za kvantitativne parametre
(ti. NUR, NIR, NHM, NGD, NRD, NND, NAR),
uporabniki v drugem eksperimentu pa za njim pri-
padaj@e proporcionalne parametre (tj. URR, IRR,
HMR, GDR, RDR, NDR, ARR). Funkcijaginovitosti
za DM, vsebuje, poleg parametra Congg kvantita-
tivni parametesbtevilo nepodanih informacij (NND).
Funkcija &inkovitosti za DMy, pa vsebuje, poleg
parametra:, Se dva proporcionalna parametra, nagnre
delez preverjanj (CMR) in delez podanih infor-
macij (GDR). Menimo, da je to posledica konsis-
tentno povéanega ponujanja relevantnih informacij v
drugem eksperimentu, ki je vodilo do&aovih infor-
macijskih iger in s tem do \ige dojemljivosti uporab-
nikov za proporcionalne kdline. Vsekakor so glede
tega potrebne nadaljnje raziskave.

Parametra&appa koeficient () in izpolnitev naloge
(Comp) sta bila v nsih eksperimentih nekorelirana.
V prvem eksperimentu je na zadovoljstvo uporab-
nikov DM; mo€no (pozitivno) vplival Comps niimel
statisttno zn&ilnega vpliva. V drugem eksperimentu
je bilo ravno obratno — na zadovoljstvo uporabnikov
DM, je maCno (pozitivno) vplivalk, Comp pa niimel
statisttno zn&ilnega vpliva. Ugotovitev, do katere so
prisle Walker, Litman, Kamm in Abella (Walker et al.,
1998), daizpolnitev naloge (Comp) m@&neje vpliva
na zadovoljstvo uporabnika kiappa koeficient (x),
torej ni vedno restiina. Le parameter Comp, katerega
vrednost mora posredovati uporabnik, za vrednotenje
ucinkovitosti sistemov za dialog zato ni dovoljée
vedno je dobro meriti tudk, ki pa ga nazalost prav
tako ni mog@e dolciti samodejno.



najmaneje negativho vpliva, jedelez preverjanj da ima predstavitev znanja v sistemih za podajanje infor-
(CMR). Sistem za dialog lahko torej izb&§mo,te  macij velik pomen.

zmangamo del2 potez, ki preverjajo ftnost po- )

datkov, pridobljenih na osnovi zgodovine dialoga, ki 6. Literatura

Jih uporabnik v svoji izjavi ne poda ali jih sistem ne ) pajdinjak in F. Mihel. 2004. Conducting the wizard-
razume. Vpliv parametra CMR v sistemih za dialog 1.0z experimentinformatica 28(4):425-430.

ni mogae popolnoma odpraviti, zato ker je dOBNO  \; aidinjak in F. MihelE. 2006a. The paradise evaluation
Stevilo preverjanj nujno vsaij ko imamo opravka s gramework: Issues and finding§omputational Linguis-
samodejnim razumevanjem govora. Napake, ki se po- o 32

javljajo pri ;If%\m(()jdejnem razumevanju govorg, _Sk'St?r?N. Hajdinjak. 2006b.Predstavitev znanja in vrednotenje
namre pristijo, k? ‘T’(VOJe righzumevamle uporabni OIV' uginkovitosti sodelujéih samodejnih sistemov za dialog,
izjav preveri vsalg, ko o njihovi praviinosti ni popol- Doktorska disertacija Fakulteta za elektrotehniko, Uni-
noma prepian. Ce tega ne bi peel, bi nekontrolirano verza v Ljubljani, Ljubljana.

podajal napéne odgovore. To bi povalo srednjo \; *oiginiak in F. Mihelt. 2006¢. Vrednotenje gov-
vrednost parametielez neprimernih odzivov (IRR) ornih vmesnikov z ogrodjem paradise. ¥bornik IS-

n t_alt<o zelo verjetno vodilo do vgega nezadovoljstva LTC 2006 9. mednarodne multikonference Informacijska
S sistemom. druzba 1S’2006Ljubljana, Slovenija.

Funkciji W&inkovitosti obeh sistemoCarovnik iz Oza R- A. Johnson in D. W. Wichern. 2002Applied multi-

z zadovoljstvom uporabnika (US) kot odvisno spre- variate statistical analysisPrentice-Hall, Upper Saddle
menljivko sta se zelo razlikovali v natémosti (R = 0.58 River (NJ). o o _
proti R?2 = 0.24) (Hajdinjak, 2006b). Potem ko smo D. J. Litman in P. Shimei. 2002. Designing and evaluating
za odvisno spremenljivko vzetiadovoljstvo uporabnika an adaptive spoken dialogue systeser Modeling and

z vodenjem dialoga in ravnijo sodeluj@ega odgovar- User-Adapted Interactiari 2(2-3):111-137.

janja (DM), nam je uspelo razliko v nat&nosti iziemno S. Moller. 2005. Evaluating telephone-based interactive

zmangati (R?> = 0.57 proti R? = 0.44). Upraviteno lahko systems. V:Proceedings of the COST278 Final Work-

torej trdimo, da se da DM veliko bolje modelirati kot US. ~ Shop and ISCA Tutorial and Research Workshop (ITRW)
Povejmoge, da literatura o vrednotenj&inkovitosti on Applied Spoken Language Interaction in Distributed

sistemov za dialog z ogrodjem PARADISE v glavnem EnvironmentsAalborg, Danska. _

porcia o koeficientih determinaciji?, ki so blizu mejne G- A. F. Seber. 1977Linear Regression Analysislohn

vrednosti0.5, pogosto precej tje (Walker et al., 1997b;  Wiley & Sons, New York.

Walker et al., 1998; Walker et al., 2001 ;d\fer, 2005)’ le B. G. Tabachnick in L. S. Fidell. 1996JS|ng Multivariate

redko pa pre@jo vrednoso.6 (Litman in Sh|me|, 2002) §tatistics, Third Edition Harper Collins, New York.
J. Zibert, S. Martitic-IpSic, M. Hajdinjak, I. I@ic, in
5. Sklep F. Mihelic. 2004. Development of a bilingual spo-

] o ) ken dialog system for weather information retrieval.
Ogrodje PARADISE smo uporabili pri vrednotenju . proceedings of the 8th European Conference on

uCinkovitosti dveh nedograjenih sistemov za podajanje in- Speech Communication and Technolay 1917—-1920.
formacij o vremenu in vremenski napovedi, s katerima smo  7oneya Svica.

izvajali eksperimenf:arovnik iz Oza. Za namene vred- \1 A \walker D. Litman. C. A. Kamm. in A. Abella.
notenja smo izbrali in dofili 25 regresijskih parametrov. ' i ’

Pri- vrednotenju Ginkovitosti sistemov za podajanje in-  54ue agents. \Proceedings of the 35th Annual Meet-
formacij smo prediagalse neuveljavljene parametre po- o "of the Association of Computational Linguistiesr.
datkovne zbirke, ki izraajo velikost in sestavo podatkovne 271-280. Madridépanija.

zpirke. V raziskave smo VIl kvaptitativne in Propor-— ‘ny A, Walker, D. Hindle, J. Fromer, G. Di Fabbrizio, in
C|on§1_Ine paramgtre podatkovne zblr_ke. _UQQ_tO_V'“ Smo, _da C. Mestel. 1997b. Evaluating competing agent strategies
so_b|I| uporabniki prvega sistema bolj dOJem_IJ|V| zakvanti- ¢\ oice email agent. \Proceedings of the 5th Euro-
tativne parametre, v drugem pa za proporcionalne parame- pean Conference on Speech Communication and Tech-

tre. seleli poiskai lik . nology, str. 2219-2222. Rodos, 8ja.
Ker smozeleli poiskati razlike med dvema sistemoma, - a Walker, D. J. Litman, C. A. Kamm, in A. Abella.

Carovnik iz Oza, ki sta se razlikovala le v @iau vo-

1997a. Paradise: A framework for evaluating spoken di-

o . - . 1998. Evaluating spoken dialogue agents with paradise:
denja dialoga in predstavitvi znanja, smo mero zado- Two case studies.Computer Speech and Language
voljstva uporabnikov definirali kot vsoto ocen, ki se 12(3):317-347

pane:v.f;.ajo na vpg!jane sp"rervn'embe':. 'Po'vzvratni e“m'M.A. Walker, R. Passonneau, in J. E. Boland. 2001. Quan-
inaciji smo dobili funkciji (Einkovitosti, ki ne vsebu- titative and qualitative evaluation of darpa communicator

Jetat nobenfegzi s_!fuvp_niga_ tpatr_a(;netra. E.d'tn' par_arr_lets:, ki spoken dialogue systems. Rtoceedings of the 39th An-
n?st_otrza v urj_lcm tmg. ovitosti rll:gega_t SIS fm.a mdje Id nual Meeting of the Association for Computational Lin-
statisttno zn&ilen tudi v prvem eksperimentu, je eden o quistics str. 515-522. Toulouse, Francija.

parametrov podatkovne zbirke. Eliismo do spoznanja,
da so parametri podatkovne zbirke edina podobnost med
funkcijama \&inkovitosti obeh sistemo&arovnik iz Oza in
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Povzetek
OpiSemo potencialno sptmo metodologijo vrednotenja&imkovitosti sistemov za dialog, imenovano ogrodje PARADISE (PARAdigm
for Dlalogue System Evaluation). Ogrodje PARADISE omeég@peljavo ocenedinkovitosti sistema kot ueno linearno kombinacijo
od domene odvisnih parametrov uSpesti naloge in cen dialoga, zajema pa modghkovitosti sistema, katerega osnovni cilj je
maksimirati zadovoljstvo uporabnikov. ModeEinkovitosti sistema, ki ga zajema ogrodje PARADISE, trdi, da lahko funkcijo
ucinkovitosti sistema dofimo z multiplo linearno regresijo. Osredéimo se na nekatere pomanijkljivostizéve in neréena vpraanja
ogrodja PARADISE - ogiemo vpliv normalizacije na naté@most napovedovanja zadovoljstva uporabnikov, navedemo regresijske
predpostavke in poudarimo pomembnost dobre izbire regresijskih parametrov. zexakaudi morebitne ginke razpoznavanja
govora na rezultate vrednotenja in analiziramo gpiaik, na podlagi katerega ogrodje PARADISE d@@adovoljstvo uporabnikov
(tj. odvisno spremenljivko funkcijedinkovitosti). V dosedanjih raziskavah so bile nekatere izmedatia t&€k premalo poudarjene,
zanemarjene ali celo nafrgo interpretirane.

Speech-interface evaluation using the PARADISE framework

We introduce the PARADISE (PARAdigm for Dlalogue System Evaluation) framework, a potential general methodology for evaluating
spoken-language dialogue systems. The PARADISE framework maintains that the system’s primary objective is to maximize user satis-
faction, and it derives a combined performance metric for a dialogue system as a weighted linear combination of task-success measures
and dialogue costs. The PARADISE model of performance posits that a performance function can be derived by applying multivariate
linear regression with user satisfaction as the dependent variable and task-success measures and dialogue costs as the independent vari
ables. We focus on some PARADISE issues (with most of them arising from the application of multivariate linear regression) that have,

up to now, not been sufficiently emphasized or have even been neglected by the dialogue-system community. These include considera-
tions regarding the selection of appropriate regression parameters, normalization effects on the accuracy of the prediction, the influence
of speech-recognition errors on the performance function, and the selection of an appropriate user-satisfaction measure.

1. Uvod lahko npr. vrednotimo glede na njegovo sposobnost poma-

Avtomatizacija sporazumevanja z govoronigevedno gati uporabnikom pri doseganju ciljev, glede na njegovo ro-

eden izmed najvgih raziskovalnih izzivov. Razlogov je bPustnost odkrivanja in premagovanja napak, ki se pojavl-
vet: jajo pri razpoznavanju 0z. razumevanju govora, ali glede na

skupno kakovost interakcije (Polifroni et al., 1992; Price et

al., 1992; Danieli in Gerbino, 1995), ki jo omogsm.
Predlogi vrednotenjadinkovitosti sistemov za dialog,

e Govor je inkovit — vetina ljudi je sposobnih govoriti ki so se pojavili v zadnjih dveh desetletjih dvajsetega
petkrat hitreje kot tipkati in verjetno celo desetkrat stoletja, se osredotajo na razvoj razlinih metrik di-
hitreje kot pisati. aloga. Predlagani so bi§itevilni objektivni parametri di-

aloga (Price et al., 1992; Danieli in Gerbino, 1995) kot

npr.Stevilo izjav,cas dialoga, povpmi Cas odziva uporab-
nika, povpréni ¢as odziva sistema, délézjav, sestavl-

Racunalngki sistem, ki uporabniku omoge, da z gov- jenih iz v& kot ene besede, ter povpra dofina izjav,

orom dostopa do dot®nih aplikacij, imenujemsistem za sestavljenih iz vé kot ene besede, ki jih lahko dd@iono

dialog ali govorni vmesnik brez mnenja&loveka, in parametri, ki temeljijo na mnenju
Z razvojem sistemov za dialog se pojavljajo tudi potrebecloveka, namré subjektivni parametri dialogdShriberg

po vrednotenju &inkovitosti in medsebojni primerjavi et al., 1992; Danieli in Gerbino, 1995) kot npr. delie-

takih sistemov. Tekava, ki se pojavi, je ta, da vred- jav, s katerimi sistem popravlja napake, del®ntekstno

notenja @inkovitosti sistema za dialog ni moge ome- primernih izjav sistema, hevrigho vrednotenje stopnje
jiti na primerjave z referetnimi odgovori oz. refereinimi sodelovanja sistema na podlagi Griceovih maksim (Grice,
poteki dialogov (Bates in Ayuso, 1991; Polifroni et al., 1975), del& pravilnih in delno pravilnih odgovorov, ddle

1992; Price et al., 1992). Mdiia sprejemljivin dialo- primernih in neprimernih izjav, s katerimi sistem usmerja

gov je namré lahko zelo velika. Naslednjazava je ve- uporabnika, ter zadovoljstvo uporabnika (Shriberg et al.,

liko Stevilo potencialnih metrik dialoga. Sistem za dialog 1992).

109

e Govor je naraven — govoriti se némo, Se preden
znamo brati in pisati.

e Govor je fleksibilen — med sporazumevanjem z gov-
orom se nam ni treba @@sar dotikati in ne opazovati.



Z namenom omogiti primerjavo sistemov z ra-
zlicnimi domenami, kjer je pomembno vedeti, v ko-
likSni meri posamezni parametri vplivajo nainkovitost
in kako strategija vodenja dialoga vpliva na zadovoljstvo
uporabnikov, je bilo leta 1997 kot potencialna spla
metodologija vrednotenjatinkovitosti sistemov za dialog
predlaganagrodje PARADISEPARAdigm for Dlalogue
System Evaluation) (Walker et al., 1997a).

Ko bomo govorili o strukturi dialoga, bomo uporabljali
pojmakonverzacijskih igemn konverzacijskih potezZKon-
verzacijske igrggovezujemo zeljami oz. konverzacijskimi
cilji, kot je na primer cilj pridobiti dol@eno informacijo, in
so sestavljene iz zaporedja izjav, ki s€rejo s pobudo in
kon€ajo, ko je cilj igre dosken ali igra prekinjena. Ses
tavne dele konverzacijskih iger imenujerkonverzacijske
poteze To so izjave, deli izjav ali mngice izjav, ki izr&ajo
isto namero, kot je na primer potrditev ali preverjanje.

2. Ogrodje PARADISE

Ogrodje PARADISE omogta izpeljavo ocene
ucinkovitosti sistema kot uieno linearno kombinacijo
parametrov usp&nosti nalogein cen dialoga zajema pa
model €inkovitosti sistema, ki za osnovni cilj postavlja
maksimirati zadovoljstvo uporabnikov, kar dasez mak-
simiranjem parametrov uspeosti naloge in minimiranjem
cen dialoga.

Zadovoljstvo uporabnikov ponavadi merimo z
vpragalniki, v katerih uporabniki podajo stopnjo strin-
janja z izjavami o raztinih vidikih svoje interakcije s

Tabela 1: Vpraalnik za ocenjevanje zadovoljstva uporab-

nikov, ki ga predlaga ogrodje PARADISE.

1. Aliste sistem brez f&av razumeli?

2. Alivas je sistem razumel?

3. Aliste brez téav pr&li do odgovorov na \&a
vpradanja?

4. Alije bila hitrost interakcije s sistemom
primerna?

5. Ali ste na vsakem koraku dialoga vedeli, kaj
morate povedati?

6. Alise je sistem na & izjave odzival hitro (brez
pojasnilnih vprdan))?

7. Alise je sistem obrial tako, kot ste med
dialogom od njega ptakovali?

8. Glede na v&o trenutno izkanjo s sistemom, ali

mislite, da boste sistee kdaj poklicali?

Uspé&nost naloge, ki se lahko na&@na celoten dia-

sistemom za dialog. Avtorice ogrodja PARADISE (Walker log ali del dialoga, ki predstavlja zakfeno celoto, pomeni

et al.,, 1997a) v ta namen uporabljajo Vianik, podan v  stopnjo ujemanja med vsebino zahtev uporabnika in doje-
tabeli 1. Vpr&anja (v ndtetem vrstnem redu) s@@ejo  manjem te s strani sistema za dialog. Ogrodje PARADISE
po winku modula za tvorjenje govoragimku modula za uporablja en sam parameter uSpesti naloge, namée
razpoznavanje govora,Zavnosti pridobivanja informacij, Kappa koeficient (Carletta, 1996) Kappa koeficient ()
hitrosti interakcije, izk8enosti uporabnikov, ustreznosti izratunamo z uporabo Cohenove metode (Di Eugenio in
odzivov sistema, ptakovanem obrsanju sistema in Glass, 2004) in konting&me tabele, ki podaja ujemanje
nacrtovani rabi sistema v prihodnosti. 8@o odgovorov med vsebino zahtev uporabnika in dojemanjem te s strani

podajo opisno koskoraj nikoli redkg vCasih pogostoin sistema.
skoraj vednpnekatere pa le da, nein mogd@&e Te potem
preslikajo v mndico naravnihStevil od 1 do 5, pricemer 2.1, Model winkovitosti

1 pomeni najma§io, 5 pa najv§o stopnjo strinjanja.

; D . . - Cezelimo sistem za dialog vrednotiti z ogrodjem PAR-
Parameter, ki ocenjuje zadovoljstvo uporabnikov, dobljoADISE moramo podatke zbrati v eksperiment katerem
kot vsoto vseh ocen in ga poimenujegadovoljstvo ’ P z v per UV

sporbia (U5) podo btk ccel ol tadowostv, Ostle parane
Cene dialoga, tj. parametre dialoga, katerih min- b ge, 9a) P

Lo . . . je treba dol@iti samodejno ali jih réno ozné&iti.

imizacija ugodno vpliva na zadovoljstvo uporabnikov, Model Winkovitosti sistema. ki ga zaiema oarodie
razdelimo v dve kategorijiparametri ([€inkovitostidialoga PARADISE. trdi. da lahko f nk(;i' V.?]k vitJ <t si tgm J
in parametri kakovostilialoga. Parametriginkovitosti di- ' k 0 TUNKCIO Cinkovitost sistema

aloga (nprstevilo izjav, ki jih uporabnik potrebuje, da ure- dolommp z uporabanult_|ple linearne rggresue{MLR) Z
snici svojo namero, akEas dialoga) merijo, kakatinkovito zadovoljstvom up orapnlkov kot neodwsvr!o sp_remgnlpvko
sistem uporabniku pomaga pri doseganju njegove nameréer par_ametn usm_nostl naloge,_ parametrcmkaV{tos_tl (.j"
Parametri kakovosti dialoga (npr. kolikokrat mora uporab—aﬂog"’}.In parlfametn kakovosti dialoga kot neodvisnimi spre-
nik ponoviti svojo izjavo, da ga sistem razume, ali &ak menljivkami:

je CasCakanja na odziv sistema) pa zajemajo ostale vidike,
ki lahko na zadovoljstvo uporabnika prav tako@no vpli-
vajo. Ker vnaprej ni jasno, katere cene dialoga bodo na-
jmocneje vplivale na zadovoljstvo uporabnikov, je pomem-
bno, da v empignih raziskavah uporabljan&rok spekter
teh parametrov (Walker et al., 1998).

Ucinkovitost= a/N (k) — Z wiN (¢;)
=1

Pri tem je o uteZ edinega parametra ugpmsti naloge,
namr& Kappa koeficienta:, w; so ut&i cen dialogac;,
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N pa je funkcija normalizacije: 3.1. Vpliv normalizacije na natantnost
napovedovanja zadovoljstva uporabnikov

Multipla linearna regresija temelji na metodi najnihj
Oz kvadratov, tj. minimira vsoto kvadratov razlik med v
. . ) _ . eksperimentu pridobljenimi vrednostmi (tjcme mndice)
Z T in oy, Smo oznéili srednjo vrednost in standardni ;, napovedanimi vrednostmi zadovoljstva uporabnikov. Za

odklon spremenljivkery v uéni mnaici, pridobljeni v us- dano vrednost zadovoljstva uporabnika torej velja
treznem eksperimentu. Srednja vrednost s funkcijo norma-

lizacije /' preslikanih parametrovéme mndice je 0, vari- N(US) = N(US
anca in standardni odklon pa 1. Tako se znebiniae (Us) (US) +e,
ki se pojavijo,ce primerjamo vrednosti parametrov, ki se kjer je A/(U/S) normalizirana pridobliena vrednost zado-

:Zggﬁ?i:ﬁpg@fg'h ;‘ tﬁgﬁgi;“;i:}:%g:?g:f;ﬁgnco_St' voljstva uporabni_ka,/\/ (US) na_povedana normaliziran_a

dosgemo relevan.tnost in primerljivost lﬂiepreslikanilh vredr_mst zadpvoljstva uporabnika,pa napaka napoveg_h.

parametrowV () in A(c1) N(en) Ker je s_rednj_a vrednost nqpakgena}kao, sta sre_dnjl .
T n vrednosti odvisne spremenljivke in njene napovedi enaki.

Rezultat multiple linearne regresije n&mi mndZici  Nengrmalizirano zadovoljstvo uporabnikas lahko tedaj
parametrov, ki praviloma tvorijo preddien sistem, je torej o -animo kot

mnazica utei, ki pomenijo sorazmeren prispevek teh para-
metrov k @inkovitosti sistema. Funkcijadinkovitosti, ki US = N(US)ous, + USo + cous, = US + eoys,
jo uvaja ogrodje PARADISE, zato omogg:

T — Tg

N(z) =

kjer stal Sy in oy, srednja vrednost in standardni odklon

¢ napovedovanje zadovoljstva uporabnikov, v eksperimentu pridobljenih vrednosti zadovoljstva uporab-

nikov. Vidimo, da se napaka ocene normaliziranega zado-

o vrednotenje Ginkovitosti sistema za dialog, tj. ugo- voljstva uporabnika\/ (U .S) pritem povéa za faktoby g, .
tavljanje vpliva posameznih parametrov na zado- Kako dobrolU S napovedujd’s, kaze razmerje absolut-
voljstvo uporabnikov, nih vrednosti njune razlike in pridobljene vrednosti zado-

voljstva uporabnikd/.S:

e izboljSanje sistema za dialog, tj. odpravljanje ali
zmanganje vpliva parametrov, ki imajo najbolj neg-
ativne utéi in poveanje vpliva parametrov, ki imajo
najbolj pozitivhe utéi,

US - US|

q(US,US) = T3

Naslednje razmerje pa ke, da ocena normalizirane vred-

e primerjavo razlnih sistemov za dialog, tj. primer- nosti zadovoljstva uporabniW(USlEi vedno tako dobra
javo vplivov posameznih parametrov v pripadafo kot ocena nenormalizirane vredno&ts':
funkcijah W&inkovitosti, iz katerih lahko razberemo ra-

: : : —— NUS)-N(US
zlike med sistemi, qN(US),N(US)) _ WS NUS) (W)(US)(‘ ) _ |US|
UsS [Us-Us| US-US
e samodejno iskanje problemétih dialogov, tj. iskanje a(US,US) [US] | o
dialogov, katerih napovedano zadovoljstvo uporab- 75 o
nikov negativno izstopa, ter ZaUS > =3 namre velja:
e spreminjanje strategije vodenja dialoga med samo in- qN(US),NUS)) US|
terakcijo, tj. spreminjanje @na sporazumevanja na qUS, ﬁ?) |US — US|
osnovi napovedanega zadovoljstva uporabnikaev
izvedenem delu interakcije. Iz prikazanega sledi, da je napovedano normalizirano vred-

nost zadovoljstva uporabniw/(U\S) treba transformirati
V zadnjih letih je bilo opravijenih velikoStudij  nazajna zé&etniinterval, saj je ocena nenormalizirane vred-
u€inkovitosti sistemov za dialog, ki so uporabljale ogrodjenosti zadovoljstva uporabnikas v vetini primerov veliko
PARADISE (Walker et al., 1998, Kamm et al., 1998, bo“éa To naredimostransformacijo
Walker, 2000; Litman in Shimei, 2002; Larsen, 2003; Hajd-

injak, 2006b). Ogrodje PARADISE je postala celo najbol] US = m)auso + TS,
citirana metoda vrednotenj&inkovitosti sistemov za dia-
log. ki je inverzna normalizaciji.
Ne samo da ustrezna literatura (Walker et al., 1997a;
3. Analiza ogrodja PARADISE Walker et al., 1998; Walker, 2000; Litman in Shimei, 2002;

Larsen, 2003) vplivu normalizacije ne poseepozornosti,
Osredot@ili se bomo na nekatere pomanijkljivosti, ampak tudi ne omenja, da je treba vrednosti zadovoljstva
tezave in neréena vpraanja ogrodja PARADISE (Hajdin- uporabnikov, preden Zaemo izpeljavo modelacinkovi-
jak in Mihelic, 2006a). Ve&ina jih izvira ravno iz uporabe tosti, normalizirati,Ce Zelimo prepréiti prevelike napake
multiple linearne regresije. ocen (Hajdinjak, 2006b).

111



Obstaja vé n&inov merjenja natainosti MLR mode- la] <1
lov. Najpogosteje se uporablimeficient (multiple) deter-
minacije \wz\ <lzat=1,...,n

mog )2

R? = w Velja, da je koren koeficienta determinacife enak ko-
(X = X)2 relaciji spremenljivkeX z njeno ocen&X (Seber, 1977):

tj. razmerje pojasnjene variance in celotne variance

var(X), pri emer smo zn oznd&ili Stevilo en&b wne R = corr(X, X)

mnazice. Celotna varianca je vsota pojasnjene variance igge ypgtevamo ohiiajno pojmovanje visoke koreliranosti,
nepojasnjene variance: tj. korelacijski koeficient, ki je po absolutni vrednosticyie

T 1™ o 0d 0.7, to pomeni, da lahk&ele priR? > 0.5 govorimo o
var( E; E;(Xz -X;)

Nepojashjena varianca oz. srednja kvadratna napaka,
- -
m :

je ravno kolEina, ki jo multipla linearna regresija minimira.
Koeficient determinacije zavzame vrednosti nied 1.
Vrednosti, ki so bije 1, pomenijo vé&jo natatnost mod-
ela, tj. bolgo linearno zvezo med odvisno spremenljivko
in neodvisnimi spremenljivkami.Ce koeficient determi-
nacije R? pomnaimo s faktorjemlt 00, rezultat imenujemo
odstotek pojasnjene variance

IzkaZze se, da je v MLR modelu z normaliziranimi
spremenljivkami koeficient determinacifg? enak varianci
napovedanih vrednosti:

= var(m))

— 2
m

Pri tem smo zUS; ozn&ili i-to komponento vek-
torja US pridobljenih vrednosti zadovoljstva uporab-

nikov, zNﬁJ\Si) pa i-to komponento vektorja\//(ﬁ)

napovedanih normaliziranih vrednosti zadovoljstva uporab- 2.

nikov. Zadnja enakost velja zato, kerf}é(/U\S), torej sred-
nja vrednost napovedanih normaliziranih vrednosti zado-
voljstva uporabnikov, enaka/(US) = 0. Zanimiva
posledica te ugotovitve je, da so aittunkcije Winkovitosti
po absolutni vrednosti navzgor omejene z 1. Za MLR

model .
X = Z OéiX
i=1

namré& velja naslednje:

var( Za +22 Z a;ajeorr(Xi, Xj),

1=1 j=141
pri Cemer je
1 m ~ ~
=3 (X — X)) (X, — X
corT(Xi,Xj) _m k_l( k )( Jk J)
0X;0X;

korelacijaoz.korelacijski koeficierspremenljivkX; in Xj.

Ker ima dvojna vsota \mr(f() same nenegativnéene,
sledi

1>R*= Uar(m)) >a? + Zw?
i=1
in zato napovedan rezultat za Fitéunkcije Winkovitosti:
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zadovoljivi natagnosti MLR modela.

3.2. Regresijske predpostavke

Uporaba multiple linearne regresije pri Sevanju
predol@&enega
naslednjih pogojev (Johnson in Wichern, 2002):

linearnega sistema zahteva izpolnitev

1. LINEARNOST SPREMENLJIVK Obstajati mora pri-

blizno linearna zveza med odvisno spremenljivko
X na eni strani in neodvisnimi spremenljivkami
Xi,...,X, na drugi strani, tj. pGakovana vred-
nost oz. matematno upanje odvisne spremenljivke
mora biti linearna funkcija neodvisnih spremeniljivk.
Indikator linearnosti med odvisno spremenljivko in
neodvisnimi spremenljivkami modela je velik koe-
ficient determinacijeR?. Literatura o vrednotenju
ucinkovitosti sistemov za dialog z ogrodjem PAR-
ADISE v glavhem porda o koeficientih determinacije
RZ2, ki so blizu mejne vrednost).5 (Walker, 2000;
Larsen, 2003), pogosto precejzjd (Walker et al.,
1997b; Walker et al., 1998; Walker et al., 1999), le
redko pa preseejo vrednos.6 (Litman in Shimei,
2002).

NEODVISNOST SPREMENLJIVK Noben par neodvis-
nih spremenljivkX, . .., X, ne sme biti previkore-
liran, tj. korelacijski koeficienteorr(X;, X;) morajo
biti po absolutni vrednosti ma#ij od 0.7. Ce to ni
tako, je dobljen model lahko zelo obtljiv na ma-
jhne merske napake ali spremembe vrednosti neod-
visnih spremenljivk. Temu pojavu g&emo multiko-
linearnost OdveEne neodvisne spremenljivke je zato
treba odstraniti iz MLR modela. Zaradizigje k ¢im
vetji natarEnosti modela je smiselno odstraniti tiste
spremenljivke, ki so z odvisno spremenljivko vzjii
korelaciji.

Za napake dobljenega modela hapovedovanja odvisne spre-
menljivke pa velja 0z. mora velja$ie naslednje:

3. NEPOSEVNOST NAPAK Srednja vrednost napakge

enaka). To je posledica metode najmaitj kvadratov,
na kateri temelji linearna regresija.

. HOMOSKEDASTICENOST NAPAK: Varianca napake

mora biti po celotni Gni mnazici enaka. V nasprot-
nem primeru je korelacija med odvisno spremenljivko
in parametri modela lahko zavajé® povpréje
vzorcev vBje in nizje korelacije.

. NORMALNOST NAPAK: Napaka mora biti normalno

porazdeljena skajna spremenljivka.



Zanimivo vrsto vzorcev predstavljajo t. osamelci  opazujemo raziine vidike obn&anja tega modula, vendar
Tako imenujemo meritve, ki se nenavadno razlikujejo odnas ponavadi ne zanimajo le izolirane lastnosti, tehudi
velike veine ostalih meritev in zato nepredvidljivo vpli- uspé&nost modula kot celote. S tem v zvezi menimo, da tudi
vajo na nataénost modela (Tabachnick in Fidell, 1996). sestevanje ocen, dodeljenih vi@njem za doléanje zado-
Odstranitev osamelcev iz€oe mndice MLR modela je voljstva uporabnikov z raztnimi vidiki delovanja sistema

eden od ol#iajnih regresijskih postopkov. za dialog, ni popolnoma nesmiselno. Res je, da metoda ni
o o dodelana, je pa lahko dober kazalggnkovitosti sistema
3.3. Pomembnost izbire regresijskih parametrov za dialog.

Ko izbiramo podmnbico parametrov 0z. neodvisnih Ker za nobeno od obstdiih tehnik merjenja zado-
spremenljivk MLR modela, se zastavi vBemje, zakaj ne glistva uporabnikov sistemov za dialog ni dokazano, da
bi \{zell vseh parametrov, ki jih Iahkq pndoblmo.' To se zdi izpolnjuje pogoje za veljaven psihomémi instrument, je
§m|s_eln0 predvsem zato, ker ko?ﬂClent deterr_nlnaRﬁes treba vse sklepe, ki zajemajo zadovoljstvo uporabnikov,
Stevilom parametrov nasaa. Izk&e pa se, da je uporaba opraynavati zelo previdno.Zal je bil prvi resen poskus
vseh parametrov lahko neprimerna iZvezlogov: razvoja vpraalnika, ki bi zanesljivo, veljavno, objektivno
in diskriminativho meril zadovoljstvo uporabnikov siste-

~» Pridobiti celotno mnaico parametrov jegasih t&ko, X . - :
mov za dialog, (z&asno) prekinjen (Hone in Graham,

Casovno zahtevno in/ali samodejno nemigyo

2000).
~» Ce se omejimo ha maefstjevilrle;“so rrjpdico Ce se pojavielja po vrednotenju katerega od modulov
parametrov, lahko todasih bolj nataéno doldimo. danega sistema za dialog (npr. modula za vodenje dialoga

ali modula za razpoznavanje govora), pa je bolj smiselno
se&Steti ocene, dodeljene le tistim vSamjem, ki se nagajo

na inkovitost oz. obnganje izbranega modula (Hajdin-
jak, 2006b).

~» Vartnost je pomembna lastnost dobrih modelov —
modeli z manj parametri omogajo bolgi vpogled v
odnose med regresijskimi spremenljivkami.

~ lzratuni regresijskih koeficientov so v modelih

z veliko spremenljivkami zaradi multikolinearnosti o )
pogosto nestabilni. 3.5. Vplivi razpoznavanja govora na rezultate

vrednotenja
~+ Pokazati se da, da lahko neodvisne spremenljivke,
ki so z odvisno spremenljivko v zelo nizki korelaciji Parameter, ki ima v funkciji€inkovitosti zaradi (po ab-
(po absolutni vrednosti pod 0.1), pdago srednjo solutni vrednosti) naj\Ee utei najpogosteje najpomems-
kvadratno napakoCe take spremenljivke iz modela bnefo vlogo, je parameter, ki meri¢inkovitost modula
odstranimo, zmagpmo napako napovedi. za razpoznavanje govora (Walker et al., 1997b; Walker et

Za preizkus hipoteze o nekoreliranosti neodvisne spre_gl" 1998; Litman in Shimei, 2002; Larsen, 2003). To

menljivke X; z odvisno spremenljivk&X lahko upora- Je, kakovost razpoznavanja govora Kifo vpliva na zado-

bimo testno statistiko, ki temelji na Studentovi po- VOIJStV.O uporabnikov - ob poan LC.InkOVIIOStI razpoz-
razdelitvi. navanja govora se pova tudi zadovoljstvo uporabnikov.

Kaj pa, ¢e nas zanima npr.Cinkovitost modula za
~~ Pokazati se tudi da, da lahko neodvisne spremenljivkeyodenje dialoga ali razumevanje naravnega jezika? Na
ki imajo v MLR modelu majhne negelne (regresi- osnovi rezultatov, ki jih podaja literatura, smo rido
jske) koeficiente oz. ui, poveEajo srednjo kvadratno  sklepa, da bo vrednotenjéiakovitosti posameznih mod-
napako. Ce taksne spremenljivke iz modela odstran- ylov zelo verjetno zanesljivég in natadnege, &e odstran-

imo, zmangamo napako napovedi. imo vpliv razpoznavanja govora, torej simuliramo tako
rekat popolno razpoznavanje. To lahko naredimo tako, da
za pridobivanje regresijskih podatkov uporabimo eksper-
iment Carovnik iz Oza (Hajdinjak in Miheti, 2004), v
katerem vlogo razpoznavalnika govora ali celo viogo mod-
ulov za razumevanje govora prevzaitlevek. Ugotovili

3.4. Merjenje zadovoljstva uporabnikov smo (Hajdinjak, 2006b), da pridejo v tem primeru v os-

Hone in Graham (Hone in Graham, 2000) sta Opozo_predje tudi tisti parametri modelaCinkovitosti, ki jim

. . oo k .~ zaradi izjemnega vplivadinkovitosti razpoznavanja gov-
rila na dejstvo, da vp&alnik (Tabela 1), s katerim avtorice ] ga vb P la g

ogrodja PARADISE merijo zadovoljstvo uporabnikov, ne ora svoje vioge v prgtekllhst_uduah N l{s_pelo_dolgazah.
A L . Y . Trdimo, da tako dobljene utefunkcije WCinkovitosti re-
temelji niti na teoriji niti na ustreznih empanih raziskavah

. L . S X alneje izraajo vpliv parametrov na zadovoljstvo uporab-
in da je s&tevanje ocen, ki naj bi merile popolnoma ra- nikov
zlicne koltine, sporno. Vsota naj bi bila smiselna & '
vsa vpr&anja merijo isto kofino. V skladu z n&imi sklepi so tudi ugotovitve, do katerih

Da bi bila vsota ali celo povpﬁg ocen, ki se naﬁsajo SO préle Walker, Boland in Kamm (Walker et aI., 1999)
na winkovitost katerega izmed modulov sistema za dialogUgotovile so, da se ziGdnosti in utezi parametrov mod-
popolnoma nesmiselna, &isto res. Na izbran modul lahko €l Einkovitosti lahko spremenijcce izbolsamo razpoz-
gledamo kot na merjeno kd@ino. Res je sicer, da lahko nhavanje govora.
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V statistiki obstaja v& n&inov izbire ‘dobre’ podmnbice
MLR parametrov, od katerih ima vsak svoje prednosti in
slabosti. Najpogosteje se uporabljajsprednja izbira
vzvratna eliminacijan postopna regresijéSeber, 1977).
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Povzetek

V €lanku bomo predstavili nov slovenski jezikovni vir — bazo SloParl. Sestavlja jo material zajet v okviru parlamentarnih razprav v
Drzavnem zboru Republike Slovenije. Glavno vodilo projekta je bilo na stroSkovno u€inkovit nacin izdelati nov slovenski jezikovni vir
za avtomatsko razpoznavanje tekoCega govora. V govornem korpusu SloParl se tako nahaja skupno 100 ur govornega materiala. Le-ta
je namenjen nenadzorovanemu oziroma rahlo nadzorovanemu ucenju akusti¢nih modelov. V skladu s tem je potekala tudi priprava
transkripcij govornega materiala. Drugi del baze SloParl tvori tekstovni korpus, ki vsebuje obdelane magnetograme parlamentarnih
razprav iz obdobja 1996 - 2005. Tekstovni korpus vsebuje 23M besed. Primerjava z obstoje€imi slovenskimi jezikovnimi viri je
pokazala, da baza SloParl uspe3no pokriva nove vidike na podro¢ju modeliranja slovenskega govora.

Slovenian parliamentary debates speech and text database for automatic speech recognition

A novel Slovenian language resource — the SloParl database — will be presented in this paper. It consists from spoken material acquired
in the Slovenian Parliament. The main goal of the project was to cost-effectively collect a new Slovenian language resource that could
be used to augment the available Slovenian speech corpora for developing a large vocabulary continuous speech recognition system. The
SloParl speech corpus has a total length of 100 hours. The SloParl speech corpus will be used for lightly supervised or unsupervised
acoustic models’ training. In accordance with this, the accompanying transcriptions were prepared. The second part of the SloParl
database is the text corpus, which covers text of all debates between years 1996 - 2005. It consists from 23M words. Comparison with
other Slovenian language resources showed that SloParl database adds new aspects to the modelling of Slovenian language.

1. Uvod S stalis€a kompleksnosti razpoznavalnikov govora so
najobseznejsi jezikovni viri potrebni za razpoznavalnike
tekogega govora. Ce Zelimo pravilno oceniti parametre
akusti¢nih in jezikovnih modelov, potrebujemo za izpeljavo
postopka ucenja velike koli€ine u€nih podatkov. V zad-
njem obdobju lahko opazujemo razvoj razpoznavalnikov

PodroCje avtomatskega razpoznavanja govora je
neloCljivo povezano z izdelavo jezikovnih virov, ki so
potrebni za izdelavo modelov vkljucenih v razpoznavalnik
govora. Osnovne tri vrste jezikovnih virov so:

potrebna za utenje akusticnih modelov razpoznaval-  1999; Nouza et al., 2004; Zgank et al., 2001), kamor sodi
nika govora. tudi slovensCina. Le-ta je zaradi svojih znacilnosti Se pose-
bej zahtevna za razpoznavanje tekoCega govora.

e Tekstovni korpus: se uporablja za izdelavo jezikovnih Na podrocju razpoznavanja tekoCega slovenskega govo-
modelov pri razpoznavanju tekoCega govora. ra je bila prva dostopna govorna baza SNABI (Dreo, 1995).
o ) Njena slabost je, da je omejena na posamezne domene.

o Foneticni slovar: sluzi za povezavo med obemazgor-  Razvoj slovenskega razpoznavalnika govora za neomejeno
jima jezikovnima viroma. domeno omogo&a govorna in tekstovna baza BNSI Broad-

. N cast News (Zgank et al., 2004) in govorna baza SiBN
Avtomatsko  razpoznavanje govora dosega najboljSe Broadcast News (Zibert in Miheli¢, 2004). Kot posebni

rezu!tat(_a takrat, kadar so _jezi_kovni viri, ki jih uporabim_o dodatek k bazi BNSI Broadcast News je bila razvita gov-
za ucenje modelov, kar najbolj podobni govornemu materi- orna baza SINOD, ki pokriva slovenski govor tujih gov-
alu s katerim se bo razpoznavalnik govora dejansko srecal. orcev (Zgank et al., 2006). Ce primerjamo obseg ob-
Posledvl_ca te zahteve je, da je ve;llkokrat potre_bno Za novo stoje€ih govornih baz za slovenski jezik s koli¢ino tran-
podrocje uporabe razpoznavalnika govora pripraviti nove skribiranega govornega materiala za druge jezike lahko

jezikovne vire. o o vidimo, da sloven3tina na tem podro&ju razvoja jezikovnih
Postopek izdelava jezikovnih virov za avtomatsko tehnologij $e vedno zaostaja.

razpoznavanje govora je obicajno zelo drag in dolgotrajen, Predstavljene teZave in omejitve so bile vzpodbuda za

saj je pri izdelavi kvalitetne govorne baze potrebno veliko razvoj novega slovenskega jezikovnega vira, baze SloParl®.

rocnega_dela. Tose od_rgza_ v Stev'“_J je2|kovn_|h_V|rov, ki so Predstavljeni jezikovni vir vsebuje parlamentarne razprave
dostopni za posamezni jezik. Tukaj previadujejo predvsem j; prsaynega zbora Republike Slovenije in je sestavljen iz
jeziki z velikim Stevilom govorcev, za Kkatere je izraZen

mocCan ekonomski interes za razvoj razpoznavalnikov go- 'Delo je bilo delno financirano s strani Agencije za razisko-
vora. valno dejavnost Republike Slovenije po pogodbi $t. P2-0069.
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govorne baze s transkripcijami in iz tekstovnega korpusa.

Projekt izdelave jezikovnega vira SloParl se je zacel
konec leta 2005 v sodelovanju med Fakulteto za elek-
trotehniko, racunalniStvo in informatiko Univerze v Mari-
boru in DrZavnim zborom Republike Slovenije. Osnovno
vodilo pri izdelavi baze SloParl je bilo v kratkem Casu
ter z minimalnim ro¢nim delom zagotoviti nov slovenski
jezikovni vir za razpoznavanje tekoCega govora. V primeru
govorne baze SloParl smo tako namesto namenskih ro¢no
tvorjenih transkripcij, ki natanko pokrivajo vse vidike gov-
ornega signala (govor, masila, zvoke iz ozadja, Sum, last-
nosti govorca,...) uporabili magnetograme, ki so nastali v
drZzavnem zboru in vsebujejo samo prepis govora. Ve€ av-
torjev (Kemp in Waibel, 1999; Wessel in Ney, 2001; Lamel
et al., 2002) je takSne govorne baze uspesno uporabilo za
nenadzorovan oziroma rahlo nadzorovan postopek ucenja
akusti€nih modelov. TakSen pristop je mozno u€inkovito
uporabiti tudi z netranskribiranim govornim materialom.
Dodatna motivacija za razvoj baze SloParl je bilo dejstvo,
da se baze parlamentarnih razprav (Gollan et al., 2005; Bi-
atov in Kohler, 2002) v zadnjem ¢asu pogosto uporabljajo
za razvoj najsodobnejSih razpoznavalnikov tekocega govo-
ra, kot so tisti vklju€eni v prevajalnike govora v govor ali v
multimodalne aplikacije za zajem informacij.

V nadaljevanju ¢lanka bomo v drugem poglavju opisali
postopek priprave baze SloParl ter na kakSen naCin je
bil zajet material. Lastnosti in statistiko govornega kor-
pusa bomo predstavili v tretjem poglavju, tekstovnega pa
v Cetrtem. Zakljucek bomo podali v petem poglavju.

2. Priprava baze SloParl in zajemanje

materiala

Zasedanja DrZavnega zbora Republike Slovenije lahko
razdelimo na dva dela. V prvem delu so redne seje, ki so
praviloma na sporedu enkrat na mesec in trajajo vec dni.
Teme sej so obicajno razlicne, pri tem pa lahko pokrivajo
zelo Sirok nabor vsebin. V drugi del delovanja drZavnega
zbora sodijo izredne seje, ki so sklicane v primeru obrav-
nave kak3ne nujne teme. Izredne seje praviloma pokrivajo
ozko tematiko, vezano na posamicno zadevo. Predstavljena
razlika med obema vrstama sej drZzavnega zbora je pomem-
bna pri izdelavi jezikovnega vira.

DrZavni zhor sestavlja 90 poslank in poslancev, ki so
izvoljeni za obdobje tirih let. Sejo vodi predsednik ali pod-
predsednik zbora. Hkrati s poslanci sodelujejo na sejah kot
govorci tudi razlicni drugi ljudje. Praviloma gre tukaj za
Clane Vlade Republike Slovenije, ki odgovarjajo na poslan-
ska vpra3anja in pobude oziroma predstavljajo predloge za-
konov.

Vsaka seja drZzavnega zbora je hkrati snemana na dva
natina. Zvok in slika sta v digitalni obliki zajeta na
DVD medij, hkrati pa je samo zvok v analogni obliki po-
snet tudi na profesionalni magnetofonski trak. Pri izbiri
medija za presnemavanje govornega materiala za bazo iz-
govorjav je bilo prvo vodilo kvaliteta zajetega materi-
ala. Ker v drZzavnem zboru pri snemanju na DVD medije
uporabljajo kodek z izgubno kompresijo, smo za izvor
govornega materiala v bazi SloParl izbrali analogne mag-
netofonske trakove. Analogni zvogni signal smo zajemali
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neposredno na osebni racunalnik v katerega je bila vgra-
jena zvocCna kartica visoke lo€ljivosti SoundBlaster Au-
digy. lzvorni analogni govorni signal smo digitalizirali s
16 bitno locljivostjo pri 48 kHz vzor€enju. Kasneje smo
zajeti govor pretvorili v signal s 16 bitno locljivostjo in 16
kHz vzorcenjem.

Med zajemanjem govornega signala so se ob€asno po-
javile teZave z nastavitvijo glasnosti, saj imajo razlicni
govorci razlicen stil govora. Praviloma je bil med glas-
nejSimi govorci predsedujoCi, ki smo ga tako uporabili
za nastavitev referenCne vrednosti. Akusticno okolje sej
drZavnega zbora je s staliS8¢a avtomatskega razpoznaval-
nika govora zelo kompleksno, saj se pogosto pojavljata
Sum ter govor v ozadju. Velika parlamentarna dvorana
lahko v doloCenih primerih generira odmev, kar dodatno
oteZi akusticno okolje. OzvocCenje govorcev na sejah
drZavnega zbora je izvedeno s konferen€nimi mikrofoni, ki
so name3€eni na mizah pred parlamentarci.

V govorni del baze SloParl smo izbrali posnetke iz ob-
dobja 2000 - 2005. Pri izbiri posnetkov parlamentarnih sej
smo prednostno izbrali tiste seje, katerih datumi se prekri-
vajo s televizijskimi oddajami vklju€enimi v slovensko
bazo BNSI Broadcast News (Zgank et al., 2004). Tak3no
prekrivanje govornega materiala je Se posebej pomembno,
kadar Zelimo zoZiti domeno akusti¢nih in jezikovnih mod-
elov avtomatskega razpoznavalnika govora.

Drugi del baze SloParl sestavlja tekstovni korpus. Mag-
netogrami parlamentarnih razprav so prosto dostopni na
domaci strani DrZavnega zbora RS za obdobje od leta 1996
naprej. Uporabljen je HTML format datotek. Magne-
togrami sej vsebujejo zapise razprav, ki so jih pripravili
v drZzavnem zboru. Pripravljeni tekstovni korpus bomo
uporabili predvsem za uCenje jezikovnih modelov av-
tomatskega razpoznavalnika tekoCega govora.

3. Govorni korpus

Govorni korpus slovenske baze SloParl vsebuje po-
snetke 100 ur govornega materiala. Celotno govorno bazo
SloParl smo razdelili na tri nabore: ucnega, razvojnega in
testnega. Najvecji izmed teh treh je uCni nabor, ki obsega
92 ur govornega materiala. V razvojnem naboru (redna seja
drZavnega zbora iz junija 2001), ki je namenjen nastavl-
janju parametrov razpoznavalnika tekoCega govora, se nha-
hajajo 4 ure posnetkov. Preostale 4 ure govornega materiala
(redna seja iz februarja 2002) smo dodelili v testni nabor, ki
je namenjen vrednotenju razpoznavalnika govora. Osnovna
statistika govornega korpusa baze SloParl je predstavljena
v tabeli 1.

| Parameter | Vrednost |
Stevilo sej 20
Redne seje 13
Izredne seje 7
Povprecna dolZina (ucni set) 5:05

Tabela 1: Statistika govornega korpus slovenske baze
SloParl.

Govorni korpus sestavlja 20 sej drZavnega zbora, od
tega 13 rednih ter 7 izrednih. Povprecna dolZina seje, Ki



je vklju€ena v ucni nabor, zna3a 5:05 ure. Obicajno vse-
buje vsaka seja drZavnega zbora razlicne prekinitve. Tak3ne
prekinitve smo izrezali iz posnetkov, saj so nepotrebne za
ucenje akusti¢nih modelov. V nadaljevanju smo analizirali
razlike med rednimi in izrednimi sejami drZavnega zbora.
Potrdila se je napoved, da redne seje pokrivajo SirSi spek-
ter tematik, ter so obiajno napovedane za daljSe obdobje
vhaprej. Nasprotno je vsebina izrednih sej osredotocena
na eno samo tematiko, obi€ajno pa so sklicane v krajsem
¢asovnem roku. Slovar izrednih sej je praviloma manjsi
in bolj homogen, kot pri rednih sejah. To dejstvo olajSa
razvoj razpoznavalnika govora, saj je tako laZje adaptirati
slovar razpoznavalnika, ter s tem zmanj3ati deleZ besed
izven slovarja. Le-ta predstavlja za pregibne jezike eno
izmed glavnih ovir za dosego dobrega rezultata. Redne
seje drZzavnega zbora, vklju€ene v ucni set baze SloParl so
v povprecju za priblizno 12% daljSe kot izredne seje.

Bistveni del govorne baze za u€enje akusti¢nih mode-
lov so transkripcije izgovorjenega. Osnovno vodilo, ki smo
mu sledili pri izdelavi transkripcij za bazo SloParl, je bilo
¢imbolj zmanj3ati koli¢ino potrebnega rocnega dela. Tako
smo kot osnovo vzeli magnetograme sej, ki so dostopni
na domaci strani parlamenta. Le-ti v veliki meri vsebu-
jejo prepis govora iz razprav. V magnetogramih man-
jkajo oznake za efekte spontanega govora (npr.: maSila,
ponovni Starti, zatikanja,...), katerih modeliranje lahko
izboljSa kvaliteto akusticnih modelov. Po drugi strani
pa magnetogrami vsebujejo razli€ne dodatne meta infor-
macije (npr.: ime govorca, rezultati glasovanje, €asovne
oznake,...), ki niso neposredno povezane z izgovorjenim
besedilom. Ime govorca, datum, Stevilko in tip seje smo
obdrZali v glavi transkripcije kot meta informacijo, medtem
ko smo ostanek tak3nih informacij izlo€ili iz transkripcij.

UcCni nabor govornega korpusa SloParl smo razdelili v
dva enako velika dela. Vsak je velik 46 ur. V prvem
delu smo transkripcije pustili v tak3ni neobdelani obliki.
Drugi polovici transkripcij smo ro¢no dodali Casovne meje
za vsako menjavo govorcev. Dodatna €asovna informacija
lahko izboljSa kvaliteto akusti¢nih modelov (Lamel et al.,
2002), in jo je moZno relativno hitro in preprosto dodati v
transkripcije.

Ce zelimo uporabljati razvojni in testni nabor govornega
korpusa za razvoj sistema za razpoznavanje tekoCega
govora, potrebujemo popolne transkripcije izgovorjenega.
Tako je potrebno oba nabor ro€no transkribirati. Pri tem
smo uporabili tri fazni pristop, ki smo ga uporabili Ze pri
izdelavi slovenske baze BNSI Broadcast News (Zgank et
al., 2004). Magnetogrami sej so sluZili za tvorjenje ini-
cialne verzije transkripcij. Za obdelavo transkripcij smo
uporabili pravila zapisovanja in delovno okolje (program
Transcriber (Barras et al., 2001)), ki smo jih uporabljali Ze
v projektu BNSI Broadcast News.

Da bi pokazali obseg in kompleksnost govornega kor-
pusa slovenske baze SloParl smo opravili analizo transkrip-
cij. Rezultati statistike so podani v tabeli 2.

Dvajset sej vklju€enih v slovensko bazo SloParl vse-
buje 3665 menjav govorcev. V celotnem govornem kor-
pusu so izgovorjave 255 razlicnih govorcev. Transkripcije
100 ur govornega materiala vsebujejo skupaj 655k besed,
kjer je 37k besed razlicnih. Za primerjavo poglejmo obseg
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| Parameter | Vrednost |
Menjave govorca 3665
Stevilo govorcev 255
Stevilo besed 655k
Stevilo razlinih besed 37k

Tabela 2: Analiza transkripcij govornega korpusa slovenske
baze SloParl.