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Speech technology has been an area of intensive research worldwide - including Hungary - for several decades.
This paper will give a short overview of the challenges and results of the domain and the vision of the development and

the application of the technology will also be introduced.
1. Challenges of speech technology

Speech has been the most natural and most frequently
used means of human communication. Speech usually
fulfills the information transmission role between biolo-
gical systems (Fig. 1).

The science of speech technology has emerged a
few decades ago. Its’results are used in replacing cer-
tain elements of the natural speech communication
chain by artificial solutions (speech recognition, speech
synthesis, human-machine dialogue, diagnosis by speech,
speech training, speech-to-speech translation, etc.).

Out of the elements of the natural speech communi-
cation chain most practical engineering applications
rely on the acoustic signal so in the following we shall
also concentrate on this aspect. It should be noted, how-
ever, that the language is always behind the acoustic
form of speech. The linguistic information determines
several acoustic components of the spoken message.
In order to create successful solutions of language and
speech technology it is not only the processing of the
acoustic signal that should be solved. Deep linguistic
knowledge should also be coupled with it in order to
achieve an artificial system comparable to natural com-
munication.

Figure 1.

The movie industry has given good visions for the
practical applications of speech technology. One of the
key “actors” is the HAL 9000 speaking computer in 2001:
A Space Odyssey that was presented first in 1968 [26].
In 1977 in the first episode of Star Wars [1] robots per-
ceive, store and present in many ways the multitude of
information collected and transmitted through speech
communication.

These visions of art created the impression for seve-
ral people that all these technological breakthroughs can
be reached in a short time. In practice just as interstel-
lar spaceships, speaking and thinking robots are still to
come. Because of the gap between huge expectations
and significant but relatively slower technological advan-
cements plus short time market success requirements
there is a certain cyclic nature in the development of
speech technology.

It is illustrated in Fig. 2 along the dimensions of (tech-
nological) maturity and (media) visibility. The figure was
created by combining Gartner's 2002 and 2006 key ICT
(Information and Communication Technology) and HCI (Hu-
man Computer Interaction) forecasts in speech techno-
logy related areas. For example natural language search
was expected to be mature for the market in 2-5 years by
analysts in 2002 (i.e. between 2004-2009). The forecast
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range changed to 5-10 years in 2006 (i.e. 2011-16). In the
evaluation of speech recognition on the desktop similar
trends can be observed. It was only speech recognition
in call centers that moved from the 2-5 years category
in 2002 into the less than two years expectation by 2006.
Text-To-Speech (TTS) played the role of emerging techno-
logy both in 2002 and 2006 (less than two years until mar-
ket penetration). It is important to note that these forecasts
were created for the most developed, English speaking
USA market where automation is a frequent business
target (e.g. in telephone-based call centers). The real mar-
ket situation varies greatly around the world, and eva-
luation is a continuous challenge both in Europe as a
whole and in our homeland (Hungary) in particular.

In the next section of the paper an overview will be
given about the results of speech technology in an in-
ternational and a domestic setting with particular emp-
hasis on existing and possible applications. In the 3rd
section a short introduction will be given to the research
and application vision of the area.

2. Domestic and international results
of speech technology

It is worth looking at both the starting point and the cur-
rent situation of R&D in domestic and international set-
tings. It should be noted again that successful speech
technology developments require advances in at least
two areas: linguistic analysis and acoustic signal pro-
cessing.

Automatic speech generation

In the area of automatic speech generation (often call-
ed speech synthesis) developers achieved as early as
in 1984 that an English TTS system became part of the
operating system of Apple computers [5]. This step was
taken in the English versions of Microsoft Windows sys-
tems after 2000.

Hungarian research was already in the forefront of
international research at the beginning of the 80s when
the first general purpose, Hungarian TTS system — Hun-
garovox — was born in the Institute of Linguistics of the
Hungarian Academy of Sciences [4]. Since then both lin-
guistic analysis and acoustic signal processing algo-
rithms have substantially improved. In the latter area
the fourth generation is under study. The first systems
modeled the human articulatory process by a time-vary-
ing filter bank and a simple excitation signal. This so-
called formant synthesis solution allowed a coded acous-
tic database as small as a few kilobytes. The Hungarovox
system was based on this technology, too. The system
had a strongly robotic voice, with slow speech without
rhythm and accent but with some level of intelligibility.
At the predecessor of the Department of Telecommuni-
cations and Media Informatics (BME TMIT) the similar
but improved MultiVox system was implemented in 12
languages [12]. The German version of MultiVox was li-
censed by an Austrian and a German company.

In co-operation with the developers of the Recogni-
ta optical character recognition (OCR) system we could
demonstrate a Hungarian book-reading system in 1987.
The first, commercially availably speech synthesizer for

Figure 2. Extended version of the Gartner Hype Cycle [Gartner Hype Cycle 2002, 2006]
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the Commodore 64 computer was also developed at the
same BME department [14 — p.269].

In the solutions of the second generation (from the be-
ginning of the 90s) waveform segments were cut out from
human voice, containing parts of two or three sounds
(diphones and triphones, respectively). The acoustic data-
base was compiled from these elements. The synthesi-
zed waveform was concatenated from these units (c.f.
concatenative synthesis). In the following step digital
signal processing algorithms were applied based on a
prosodic model (pitch, timing and intensity). With this
solution a speech quality resembling the given spea-
ker could be achieved with a database on 1 to 10.000
units, and with storage space in the order of megabytes.
In our research the ProfiVox system belongs to this ca-
tegory [13].

It was the basis in 1999 for the so-called MailMond6
(MailReader) service, which read e-mail messages over
the telephone for subscribers [6]. The same technology
is applied in the SMS reading system for wireline tele-
phony subscribers and in the SMSMondé (SMSReader)
application for Symbian smartphones [10]. ProfiVox has
also been integrated in the most widely used screen read-
er program for visually impaired people in Hungary (Hun-
garian version of Jaws).

The development of the third (corpus-based) techno-
logy started in the middle of the 90s. In this case there is
no (or maybe some minor) prosodic modification by sig-
nal processing. Several hours of (usually read) speech
from a speaker (or so-called voice actor/actress) are
stored. This database is the acoustic database for syn-
thesis. In case of good design there is a high probabi-
lity that all sound units are available in several proso-
dic forms. The storage requirements of these solutions
fall in the gigabyte range.

This technology is applied in the Hungarian name and
address reading solution of BME TMIT that has already
allowed the automation of the reverse directory service
(reading out the name and the address of the subscrib-
er based on the input phone number) of two mobile ope-
rators. In limited domains this technology can approach
human quality. BME TMIT has prepared solutions for se-
veral domains. The weather forecast reader is publicly
available (www.metnet.hu), the automatic generation of
auditory version of the price list of devices and servi-
ces is applied in the IVR system of a mobile company
[11]. The latest demonstration system is a railway time-
table information system that “speaks” at the railway
station of Sarospatak.

The fourth generation of TTS is based on Hidden Mar-
kov Models (HMMs). The basic principles are quite diffe-
rent from earlier TTS generations. One may say that it
grew out from speech recognition experience. The acous-
tic basis in this case is recordings of several hours from
one or more speakers (storage requirements may be in
the terabyte range). These databases are used for train-
ing by statistical methods the control parameters of pa-
rametric speech coders. It is important that although a
large database is required for training the resulting pa-
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rameter database is typically much smaller (even just
a few megabytes) which opens up several interesting
applications. The quality of the latest HMM systems app-
roach that of the third generation corpus-based systems.
There are experiments with so-called hybrid systems
which provide the data-driven, flexible features of HMM
while maintaining the high speech quality of corpus-bas-
ed systems. Our researchers conduct promising expe-
riments in the HMM field, too [16].

It should be remembered, however, that although
there are always new solutions the viability of older ones
does not necessarily cease. They all have certain advan-
tages that may be critical in certain applications. For ex-
ample it is quite easy to generate whispering voice or
speed up/slow down the synthetic speech with formant
(or other parametric) technology which is quite difficult
for corpus-based or HMM approaches.

Automatic speech recognition

The ASR has been a field of intensive research world-
wide since the middle of the 20th century. From the ini-
tial sample-based systems with a vocabulary of a few
words [15] the technology has advanced to large voca-
bulary, continuous, speaker independent technologies.
The first Apple operating system containing speech re-
cognition was announced in 1993 [5]. The latest ASR
systems of industrial applications are typically based
on HMMs. The basis of the technology was laid down in
the 70s by the researchers of IBM. Nearly forty years
have passed since then but we still cannot meet “omni-
scient machines” that perfectly comprehend our speech.
In several narrower domains (e.g. medical dictation)
though, there have been applications of regular practi-
cal use.

Current ASR systems — beyond standard software
elements — have basically two language and applica-
tion dependent components. Both the acoustic and the
language model have to be trained according to the gi-
ven application environment.

The acoustic model usually represents the speech
sounds as derived from sound samples taken from seve-
ral speakers. Even relatively small research databases
contain at least 10 hours of speech of at least 100 spe-
akers but there are training databases of up to several
thousand hours. These samples have to be recorded in
an environment that is identical (or at least similar) to
the end-user application. For example there are diffe-
rent acoustic models for office (wideband) and telephony
(narrowband) situations. The general acoustic model can
be adapted to the voice of a particular speaker from a
relatively smaller set of training data. The output of pat-
tern matching based on just the acoustic models is not
accurate enough. That's why the language model of a
higher level is required. It is not so surprising if we re-
member that human speech perception and understand-
ing have several layers, too.

Language models help the recognizer in matching
the output of the acoustic model (sound sequence) to
the probable linguistic content. In fact, the individual
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speech sounds are connected to a complex network ac-
cording to the given application environment. In a simple
case, for example command word recognition, the lan-
guage model is just a simple vocabulary where the pos-
sible commands are listed. In case of the more comp-
lex continuous ASR task the linguistic probability of
words following each other also have to be taken into
account. In practice statistical language models train-
ed on large text corpora are applied.

In case of agglutinative languages — such as Hun-
garian — because of the large number of possible word
forms morpheme-based approaches have also gained
momentum besides traditional word-based ones. Lang-
uage models are always domain specific, the narrower
the domain the higher recognition accuracy can be ex-
pected. In case of isolated command words over 95%
accuracy is not rare while in case of the recognition of
spontaneous conversations a result over 60% is regard-
ed as quite good on an international scale.

Researchers of BME TMIT have participated in co-ope-
ration with industrial partners and with significant state
funding in the creation of several practical applications
and in the composition of related indispensable data-
bases. Their detailed introduction is beyond the scope
of the paper so only a list of major results is given below.

* MKBF 1.0 -
ASR engine and development environment:
The ASR engine is HMM-based and provides real-time
processing in case of moderate size vocabularies
(1000-20.000 words). The toolset supports the training
of both acoustic and language models and allows
N-gram models and speaker adaptation as well.
Medical report generator:
The system allows the direct speech to medical
diagnosis transcription [24].
Classification of prosody and segmentation
of speech flow:
Prosodic-acoustic processing speech has turned
from the interest of speech synthesis research to
ASR focus as well. An application — based on accent
and intonation contour based classification — was
developed for word and phrase boundary detection
for Hungarian and Finnish. A clause segmentation
and a modality detection module was also
implemented [21].
Automatic speech-based emotion recognition [2,17].
Speech databases [22]:
A large amount of labeled and annotated sound
material is required for the training of ASR systems.
During the preparation of databases statistical
language analysis, linguistic and phonetic modeling,
corpus design, database qualification and validation
tasks have been completed. Diagnostic (oto-rhino-
laryngology, radiology, etc.), news (Broadcast News),
and audio-visual databases have also been created.
Multilingual speech corrector (SPECO):
In the framework of an EU Copernicus project a
system under the fantasy name of “Magic Box” was
developed. This system provides help for speech
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training and speech therapy audio-visually for
speech- and hearing-impaired persons in Hungarian,
English, German, Slovenian and Swedish. This
application will be extended with a prosodic module
according to our latest research results [23,20,18].
Keyword recognition system:

Recognition of a keyword without recognizing
previous and following speech segments.

Due to integrating both co-articulation and higher
level pronunciation into the pattern matching
process the recognition accuracy may be quite
high. Because of the lack of the linguistic level
this approach is not suitable for detecting short
keywords. Only one keyword may be found

in an announcement. The solution is definitely
recommended for recognition of proper names.
Large vocabulary, speaker independent,

real-time application optimized for the transcription
of broadcast news:

This solution takes into account the morphology

of the Hungarian language extensively.
Consequently the recognition error was nearly
halved compared to traditional word-based
technologies. In case of speaker adaptation the
word error rate was reduced below 20% on a one
hour test corpus which is at state-of-the-art level
compared to similar languages [7].

Although automatic speech generation and recog-
nition technologies have improved a lot, “talking ma-
chines” (so-called dialogue systems) can be used only
among strongly constrained situations. The reason for
this is that modeling such basic phenomena of human
communication as linguistic, environmental and back-
ground knowledge is still at its infancy. In case of natu-
ral dialogues we know where and to whom we are talk-
ing to and based on our earlier experience we can guess
the topic of the communication, the speaking style of
the speaker, etc. Most current commercial recognizers
do not convey such basic information as the sex and the
speaking rate of the speaker. Speech synthesizers are
typically not able to change speaking styles, to express
emotions and to adapt to the partner.

Speech based dialogue systems

Taking into account the above mentioned limitations
there are already speech based dialogue systems operat-
ing in Hungary. Such systems currently can be success-
ful only if the domain of the conversation is sufficiently
narrow and if we inform the human user that the other part-
ner is a machine. Such an example is the DrugLine (in
Hungarian: Gyégyszervonal; www.gyogyszervonal.hu)
[9] information system that provides web, wap and tele-
phone based interfaces. It ensures the availability of the
Patient Information Leaflets of drugs that are approved
by the Hungarian National Institute of Pharmacy through
three different channels. The speech based dialogue was
implemented in the telephony version (adapted speech re-
cognition and speech recognition subsystems are integ-
rated. The phone number of the system is +36-1 8869490.
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In the USAthere is a widespread technology that al-
lows the connection of an operator or an appropriate de-
partment just by pronouncing the name without keying
in an extension number. A similar technology is avail-
able in Hungary as well [13], but is used by smaller orga-
nizations yet — such as some local governments — al-
though the technology would exhibit its real advantages
in case of large entities (banks, insurance companies,
ministries, etc.).

3. Vision for R&D and applications of
speech technology

In the field of automatic speech generation one of the
focus areas is applying the data-driven, easier to auto-
mate HMM technology while preserving the quality of
the corpus-based approach. Increasing the naturalness,
social appropriateness of the generated speech is of
growing importance. As a consequence, besides the ge-
neral-purpose systems there are increasing numbers
of outstanding quality systems in limited domains.

Besides the above mentioned solutions an important
area is voice telephony access to timetables and ticket
ordering of public transport systems (railways, local and
long-distance buses) and providing quick access over
the telephone to information of banking, insurance, state
and local government systems quickly, efficiently and
7 days/24 hours.

In the area of automatic speech recognition efficient
applications can be implemented in several domains
with currently available technologies. It cannot be reg-
arded, however, a market of out-of-the-box solutions.
On the contrary, each application needs thorough pre-
paration and pre-processing work. In order to achieve a
breakthrough for more widespread applications there
should be advancements in some areas.

* Noise is the hardest limit on recognition accuracy.
Noise robust models and noise resistant pre-
processing algorithms need even greater attention.
This task is language-independent to a large extent
so results for a given language may be generalized.

* Another large research area is the recognition of
spontaneous conversational speech. If we look at
the advancement of past decades we can recognize
that technology has proceeded from well defined
read speech of both acoustic and linguistic view-
point through designed and spontaneous speech
to conversational one. The last one is just as “loose”
from both acoustic and linguistic viewpoint as the
language of Internet forums, for example. Intensive
research in this area is of great importance in
order to understand natural language communication.

*In case of Hungarian and similar agglutinative
languages because of the variation of word forms
the size of traditional language models can easily
exceed the limits of several computing platforms.
More efficient modeling techniques should be
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defined in order to find efficient solutions for these
languages (e.g. Hungarian, Finnish, Turkish,
Arabic, etc.). In Hungarian the relatively free word
order is another dimension of future research.

Speech technology serving public information access

Nearly half of the Hungarian population is not an In-
ternet user. Consequently interactive information ser-
vices for all the citizens can only be solved by voice-
based telephony. Speech technology is the key to pro-
vide automated, cost efficient solutions to this problem.
This is the only way to bridge the widening “informa-
tion gap”. The idea of “digital public utility” may be worth
to be extended to “information public utility” (the access
channel to information important for the public).

Further information can be obtained from the authors
and from the Hungarian Language and Speech Techno-
logy Platform (www.hlt-platform.hu).
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