Chapter 2
Challenges in Speech Synthesis

David Suendermann, Harald Hoge, and Alan Black

2.1 Introduction

Similar to other speech- and language-processing disciplines such as speech
recognition or machine translation, speech synthesis, the artificial production of
human-like speech, has become very powerful over the last 10 years. This is not
only due to the following reasons:

e Extensive scientific work rendered by hundreds of speech synthesis researchers
worldwide.

e Ever-growing computational capacity. Approaches like unit selection require a
significant processor load to be efficient and real-time able.

e Also, the more speech data is available and the higher its resolution is, the better
the achieved quality can be. This, however, requires huge memory capacities able
to provide random access to the speech data involved. E.g., for the speech data of
the European project TC-Star, 10 h of high-fidelity speech with a sampling rate
of 96 kHz/24 bit was used [10]. Even nowadays, only few computers are able to
hold the whole speech data in their memory. It comprises almost 10 GB.

e Last but not least, as often in the history of science, money plays a key role for the
development of certain research fields. In the speech synthesis domain, extensive
financial resources are required in particular for generating the speech resources.
The rigorous process of producing high-quality recordings of a synthesis voice
requires several steps of speaker selection among professional subjects, special
recording environments, careful utterance preparation, recording, transcription,
annotation, labeling, and pitch tracking. Corpora like the aforementioned 10-h
recording or even larger ones (see Section 2.3 for more examples) could only
be provided in recent years since the trust in speech synthesis technology had
significantly gained and funds could be raised.
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As quality and naturalness of speech synthesis significantly improved in the
past 10 years and more and more techniques with supposedly superior quality
and intelligibility were presented, a demand for a profound comparison between
these techniques emerged. Inspired by its sister fields, the speech synthesis commu-
nity examined the situation in speech recognition and machine translation research.
Already early in the 1980s, a considerable number of speech recognition systems
showed decent performance, but nobody could reliably tell which one was the best,
since all of them had been trained and tested on different corpora and potentially
used different performance metrics making it impossible to have a fair comparison.
As a consequence, in 1982, Texas Instruments produced a carefully recorded US
English multi-speaker corpus with more than 25,000 digit sequences which was to
be used as test corpus for the competing parties [29]. At this time, one also agreed
on a standard error measure (edit or Levenshtein distance [30]). Although the intro-
duction of standard corpus and measure was a large step toward a fair comparison,
several issues had not yet been resolved:

e Since every development team tested their recognizer against the standard cor-
pus in their own laboratory, the numbers they published were not completely
trustworthy.

e The same test corpus was used over and over again, and often the developers used
it to actually tune their systems, which could result in a performance significantly
higher than if the test corpus would have never seen before.

e The usage of a specific test corpus was entirely voluntary. Say, there were five
well-recognized corpora, but a specific recognizer performed well only on one of
them, there was no need to publish the worse results on the other corpora.

Fortunately, these problems could be resolved by introducing regular evalu-
ation races which were performed by an independent institution. The very first
of such competitions was the DARPA Resource Management project launched in
1987 which involved evaluation turns roughly every 6 months [41]. The National
Institute of Standards in Telecommunications (NIST) served as independent evalua-
tion institution. For every evaluation turn, a new test corpus was distributed making
it impossible to tune on the test set. Also, once being registered for an evaluation, the
respective party was expected to submit its recognition results—a withdrawal was
considered a failure—and, furthermore, there was no way for the submitting party to
predict the performance of its submission before the publication of all competitors’
results.

In the mid-2000s, speech synthesis research tried to learn a lesson from the
aforementioned developments in speech recognition and other areas by initiating a
number of regular competitions meeting the above formulated criteria for objectivity
of results including:

e independent evaluation institutions;
e standardized evaluation corpora changing from evaluation to evaluation;
e standardized evaluation metrics.
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Being initiated only a few years ago, these competitions constitute a new trend in
speech synthesis research. They build a platform joining the most important players
in the field; and the frequently held evaluation workshops are discussion forums
for the most recent speech synthesis technology. In this function, the competitions
discussed in this chapter are the test bed for new trends in the field.

As speech synthesis competitions are based on historic experiences and, at the
same time, markers for future trends in synthesis research, this chapter will first
deal with the history of this discipline. In a second part, it will outline the most
important state-of-the-art techniques and their representation in the scope of speech
synthesis competitions.

2.2 Thousand Years of Speech Synthesis Research

2.2.1 From Middle Ages Over Enlightenment to Industrial
Revolution: Mechanical Synthesizers

The history of speech synthesis, i.e., the artificial production of human-like speech,
is presumably much longer than many of the readers might expect, and it is certainly
the oldest speech processing discipline discussed in this book. Legends of talking
“machines” go 1000 years back to Pope Sylvester II (950-1003 AD) who was sup-
posed to possess a brazen head [12]. This kind of prophetic device was reputed to
be able to answer any question [11]. In this spirit, it can be regarded to have been the
very first dialog system including components of speech recognition, understanding,
generation, and, last but not least, synthesis.

Indeed, referring to the brazen head of Sylvester II as the first automatic speech-
processing device is as reasonable as calling Icarus’ wings the first airplane. But as
much as human’s dream to fly eventually came true, not only magicians, but some
centuries later well-reputed scientists like Isaac Newton addressed the production
of artificial speech [28]. In 1665, the Fellow of the Royal Society carried out exper-
iments pouring beer into bottles of different shapes and sizes and blowing into them
producing vowel-like sounds. This observation was exploited 300 years later for
the development of linear predictive coding [33], one of the most important speech
analysis and synthesis techniques.

Before the era of linear predictive coding, there were several attempts to build
mechanical devices able to produce human-like speech, as for instance the one of
Wolfgang von Kempelen [47]. He was a scientist in the service of Empress Maria
Theresa in Vienna at the end of the 18th century. Von Kempelen is considered one
of the first experimental phoneticians who built several outstanding devices as the
Turk [44], a supposedly chess-playing machine which later turned out to be a hoax,
and his speaking machine [14]. The latter was an apparatus composed of a bellow
representing the lungs, a rubber tube for the mouth, and a wooden extension being
the nose (for a construction drawing, see Fig. 2.1). By means of two levers con-
trolling the resonance characteristics, a complete set of a language’s sounds could
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Fig. 2.1 The main components of von Kempelen’s speaking machine

be produced. Von Kempelen stated that he successfully produced whole words and
sentences in languages such as Latin and French.

In the following years, other inventors produced similar and advanced devices
for human-like speech generation, e.g.

e Frasmus Darwin’s (the grandfather of the evolutionist) speech synthesizer
(1806) [13];

e Joseph Faber’s Euphonia (1844) [31]; and

e Alexander Graham Bell’s (the father of telephony) physical working model of the
human vocal tract (end of the 19th century) [3, 17].
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2.2.2 The 20th Century: Electronic Synthesizers

The electronic age opened new horizons to speech synthesis technology. After the
development of electrical oscillators, filters, amplifiers, loudspeakers, etc., it was
possible to generate and control sounds much easier than with mechanical devices
whose sound production always was limited to its physical dimensions.

As early as in the year 1936, the UK Telephone Company manufactured an
automatic clock, the first instance of practical text-to-speech synthesis [21]. Partial
utterances such as numbers and time expressions were stored on a glass disk and
were concatenated to form complete sentences.

Only 3 years later, another significant attempt to create a speaking machine
(human operated as von Kempelen’s) based on electronic sound generation was
developed at the Bell Labs (named after the aforementioned Alexander Graham
Bell). Homer Dudley’s VODER (Voice Operated recorDER) was first presented at
the 1939 World Fair in New York. It was a keyboard-controlled apparatus composed
of a “vocal tract” with 10 parallel band-pass filters spanning the speech frequency
range, and an excitation which could be either unvoiced or voiced. Unvoiced sounds
were produced by means of a random noise generator; voiced sounds came from
a relaxation generator whose fundamental frequency was controlled through a foot
pedal. Keyboard and pedal clearly remind of the design of a musical keyboard, and,
interestingly, Homer Dudley’s visit at Bonn University in 1948 (the year before
Bonn became capital of West Germany) inspired Professor Werner Meyer-Eppler to
apply synthesis devices such as the VODER to music composition pioneering the
Elektronische Musik movement [27]. In this sense, speech and music synthesizers
have the same roots.

All of the attempts to this date had been based on analog signal processing.
The development of pulse code modulation (PCM) to transform analog and digi-
tal speech representations into each other in the beginning of the 1940s built the
foundation of digital speech processing. The very first application of transmitting
digitized speech was used during World War II in the vocoder encryption equipment
of SIGSALY, the secure speech system connecting London and the Pentagon [6].

But PCM was not the only ground-breaking novelty in the mid-20th century.
Until the end of the 1950s, experimental research on electronic speech synthesis was
focused on specialized devices which were hard-coded and bound to their original
purpose. The development of computers, however, gave a lot more flexibility, and
as soon as they became strong enough to store and process digitized speech, they
were extensively applied to speech-processing tasks.

Again at Bell Labs, probably the first time in history, John L. Kelly used a com-
puter (IBM 704) to create synthetic speech—and not only speech but even a lilting
voice singing the song Bicycle Built for Two. This incidence later inspired John’s
friend (and namesake) John Pierce to use this (or a similar) sound sample at the
climactic scene of the screenplay for 2001: A Space Odyssey [48].

At this time, the sound of digital speech synthesis was far from natural, but
the clearly recognizable computer voice had its own charm, and synthesis capa-
bility was integrated into a number of rather successful electronic devices and
computer systems. Very popular was the electronic toy Speak & Spell, since 1978
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manufactured by Texas Instruments [15]. It contained a single-chip speech synthe-
sizer, the TI TMCO0280, based on 10th order linear predictive coding. Speak & Spell
had a small membrane keyboard and a vacuum fluorescent display and was designed
to help young children to become literate, learn the alphabet, and to spell. Again,
this synthesizing device played a prominent role in the movies: In Steven Spielberg’s
motion picture E.T. the Extra-Terrestrial, it served as a key component of the alien’s
home-built interstellar communicator.

Speech synthesis as software or as an integral part of the operating system was
introduced in the beginning of the 1980s on computers such as Apple Macintosh or
Commodore Amiga.! The ever-increasing power of computers witnessed over the
last 20 years allowed for the emerging of a wide variety of synthesis techniques
whose development and refinement is continued until these days. In the scope of
speech synthesis competitions—focus of the remainder of this chapter—many of
these techniques are extensively discussed; the most important ones will be revisited
in the following section.

2.3 The Many Hats of Speech Synthesis Challenges

2.3.1 Evaluation, Standardization, and Scientific Exchange

In the first years of the new millennium, several groups in Europe, the United States,
and Asia met to discuss opportunities for competitions in speech synthesis. Focus
elements of all these efforts were:

o the release of standard speech databases that would be used by every participant
of these challenges to isolate the impact of the speech database from the core
synthesis technology,

e the usage of standard evaluation metrics to have a fair comparison between the
partners and provide an easy measure to express the performance of a system in
absolute terms, and

e the involvement of an independent evaluation party that would prepare, send out,
collect, and evaluate speech synthesis utterances, build an evaluation framework,
hire and supervise subjects, and finally report on the evaluation results.

The very first consortium of internationally renowned partners setting up such a
framework was the project TC-Star (Technology and Corpora for Speech-to-Speech
Translation) funded by the European Commission. Project members were 12 pres-
tigious research institutions from industry and academia. The project’s main goal
was to significantly reduce the gap between human and machine translation perfor-
mance. The 36-month project starting on April 1, 2004 was to support basic research
in the areas of speech recognition, machine translation, and speech synthesis in the
domain of parliamentarian and other political speeches.

I'The first author of this chapter used an Amiga 500 computer built in the mid-1980s to synthesize
voices for his 1997 drum and bass release Digital Emperator: Out of O2 [51].
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Although the project proposal dates back to as early as 2002 [20], the very
first speech synthesis evaluation was conducted only in September 2005. This long
delay was not only due to the project being launched in spring 2004, but also due
to the very ambitious goal of releasing five multilingual voices for the world’s
three most frequently spoken languages (Mandarin, English, Spanish). Each of
these five voices included 10 h of speech recorded in highly clean studio envi-
ronments with 96 kHz/24 bit recording precision making the process slow and
expensive [10].

The first call for participation to another large-scale initiative on speech syn-
thesis competition also dates back to the year 2004. The Blizzard challenge was
specifically founded to compare technology for corpus-based speech synthesis [8].
In doing so, a database that was intentionally designed without the use of copy-
righted material was prepared at the Carnegie Mellon University and released free
of charge to all participants of the challenge. The first release of the CMU Arctic
databases (June 2004) consisted of one female and one male US English voice utter-
ing about 1200 phonetically balanced utterances with a total duration of around
1.5 h each [26]. These corpora were recorded under 16 kHz/16 bit studio condi-
tions and, compared to TC-Star, much faster to record and compile. Consequently,
the time span from starting the database preparation and sending to the partic-
ipants, to the actual evaluation was altogether about a year and a half—the first
Blizzard Challenge took place in January 2005, 8 months before the first TC-Star
evaluation.

Not only did these competitions differ in the nature of the databases they used, but
also the third aforementioned focus of these challenges, the evaluation framework,
was treated differently in both instances.

On the one hand, TC-Star took the sister field speech recognition as driving
example when using a well-recognized international standardization institution to
carry out an independent evaluation as NIST did in the DARPA speech recognition
competitions, cf. Section 2.1. The Evaluation and Language Resources Distribution
Agency (ELDA, located in Paris, France) took over the responsibility for performing
the evaluations including hiring subjects for the subjective assessment and carrying
out objective measures if applicable.

On the other hand, the Blizzard challenge relied on in-house resources to perform
the evaluation. This was mainly driven by lack of funding for a large indepen-
dent and human-driven evaluation and by the conviction that, the more subjects
participate in the rating, the more trustful the outcomes will be. Also, the evalua-
tion approach itself and the selection of most appropriate subjects were subject to
the curiosity of the involved researchers, since it had not yet been fundamentally
investigated, to which extend the nature of the subjects is reflected in the outcomes
of evaluations. At any rate, in the case of the Blizzard challenge 2005, the set of
subjects was composed of:

e Speech experts. Every participant in the challenge was to provide 10 experts of
its group to contribute.

e Volunteers. Random people using the web interface.

e Undergraduate students. These people were paid for task completion.
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Also early in 2004, undoubtedly the initiation year of speech synthesis chal-
lenges, a third consortium was founded to bring together international experts of
the speech synthesis community (mostly from Europe and Asia). Main goal of the
European Center of Excellence in Speech Synthesis (ECESS) is the standardization,
modularization, and evaluation of speech synthesis technology.

This consortium defined a standard text-to-speech system to consist of three main
modules: the text processing, the prosody generation, and the acoustic synthesis.
Each participant agrees on delivering an executable version of at least one of these
three modules following a well-defined interface terminology [42]. Text-to-speech
synthesis is considered a plug-and-play system where every partner can focus his
research on one module making use of highly performing modules of other parties.
To this end, module-wise evaluations are carried out in regular intervals to rate the
performance of the evaluating modules.

All three, TC-Star, Blizzard Challenge, and ECESS, have a lot in common. They
must not be considered as competing platforms where progress is gained only by try-
ing to best the other participants. Instead, they are scientific forums that are driven
by shared resources (such as the corpora in the Blizzard Challenges, or technological
modules in ECESS), the grand effort of standardization (corpora, evaluation metrics,
module interfaces, etc.), and an intensive dialog in the scope of regular workshops
with scientific presentations and proceedings compiling peer-reviewed publications
of the respective consortia. Such workshops were held every year during the life
cycle of TC-Star. Blizzard Challenges are focus of annual workshops mostly orga-
nized as satellite events of major speech conferences such as Interspeech. ECESS
workshops are held at least semi-annually since February 2004 in diverse places
mostly in Europe. These events quickly became important venues for the major
players of the field—the sheer numbers of participants suggests which important
role these challenges and their by-products are playing in the speech synthesis
community—see Table 2.1.

Table 2.1 Evolution of number of participants in speech synthesis challenges

TC-Star [10, 36, 37] Blizzard Challenge [8, 5, 18] ECESS [42, 23]

2004 3 - 6
2005 3 6 13
2006 10 14 16
2007 6 16 17

2.3.2 Techniques of Speech Synthesis

This section is to give a brief overview about the most popular and successful
techniques covered in evaluation campaigns and scientific workshops of speech
synthesis challenges.
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2.3.2.1 Concatenative Synthesis

As aforementioned, the emergence of powerful computers was main driver for the
development of electronic speech synthesis. Mass storage devices, large memory,
and high CPU speed were conditions of a synthesis paradigm based on concatena-
tion of real speech segments. The speech of a voice talent is recorded and stored
after digitizing. At synthesis time, the computer produces the target speech by cut-
ting out segments from the recording and concatenating them according to a certain
scheme.

This principle allows for very simple applications such as a talking clock where
an arbitrary time expression is composed of a number of prerecorded utterances.
You can imagine that one records the utterances “the time is,” “a.m.,” “p.m.,” and
the numbers from 1 to 59 and concatenates them according to the current time. This
is indeed a straightforward and practical solution that was already used in the semi-
mechanical talking clock by the UK Telephone Company mentioned earlier in this
chapter.

Going from a very specialized application to general-purpose text-to-speech syn-
thesis, the above described solution is not feasible anymore. We do not know in
advance which words and phrases will be synthesized. Even when one would record
every single word in the vocabulary of a language (which is theoretically possible),
word-by-word concatenation would sound very fragmented and artificial. In natu-
ral speech, words are often pronounced in clusters (without pauses between them),
and, most importantly, natural speech features a sentence prosody, i.e., depending
on position, role in the sentence, sentence type, etc., word stress, pitch, and duration
are altered.

In order to produce synthetic speech following these principles, Hunt and Black
[22] proposed the unit selection technique. Basically, unit selection allows for using
a speech database of arbitrary textual content, phonetically labeled. When a sentence
is to be synthesized, the phonetic transcription is produced, and the sentence prosody
is predicted. Now, units (of arbitrary length, i.e., number of consecutive phonemes)
are selected from the database such that the phonetic transcription matches the tar-
get. In doing so, also the prosody of the selected units is considered to be closest as
possible to the predicted target prosody. This optimization is carried out as a large
search through the space of exponentially many possible selections of units match-
ing the target transcription and is only tractable by applying dynamic programming
[4] and beam search [19]. To account for prosody artifacts (pitch jumps, etc.), often,
signal processing is applied to smooth concatenation points.

Over the years after the introduction of unit selection, there have been major
improvements to optimize the quality of the output speech such as:

e paying extreme attention to a superior quality of the speech recordings to
make them consistent, having accurate phonetic labels and pitch marks, highest
possible SNR, etc. (see the careful recording specifications for TC-Star [10]),

e reducing involved signal processing as much as possible by producing a speech
corpus that as best as possible reflects the textual and prosodic characteristics of
the target speech [7],
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e enlarging the corpus, since this increases the probability that nice units will be
found in the database (see, e.g., the 16-h corpus ATRECCS provided for the
Blizzard Challenge 2007 [39]),

e improving prosody models to produce more natural target speech [43].

Unit selection is definitely the most popular text-to-speech synthesis technique
to date as for instance the submissions to the Blizzard Challenge 2007 show: 14 out
of 15 publications at the evaluation workshop dealt with unit selection synthesis.

2.3.2.2 HMM-Based Synthesis

Hidden Markov models (HMMs) [1] were used since the mid-1970s as a success-
ful approach to speech recognition [45]. The idea is that constant time frames of
the PCM-encoded acoustic signal are converted into feature vectors representing
the most important spectral characteristics of the signal. Sequences of feature vec-
tors are correlated to phoneme sequences mapped to the underlying text through a
pronunciation lexicon. The HMM models the statistical behavior of the signal and
is trained based on a significant amount of transcribed speech data. In recognition
phase, it allows for estimating the probability of a feature vector sequence given a
word sequence. This probability is referred to as acoustic model.

Besides, HMMs allow for estimating the probability of a word sequence, called
the language model. In this case, the training is carried out using a huge amount of
training text.

The combination of acoustic and language model according to Bayes’ theorem
[2] produces the probability of a word sequence given a feature vector sequence. By
trying all possible word sequences and maximizing this probability, the recognition
hypothesis is produced.

In speech synthesis, this process has to be reversed [35]. Here, we are given
the word sequence and search for the optimal sequence of feature vectors. Since the
word sequence is known, we do not need the language model in this case. For apply-
ing the acoustic model, we first have to convert the word sequence into a phonetic
sequence using pronunciation lexicon or (in case of an unknown word) grapheme-
to-phoneme conversion (as also done in other synthesis techniques such as unit
selection). The phoneme sequence is then applied to the acoustic model emitting
the most probable feature sequence as described, e.g., in [9].

In contrast to the application to speech recognition, in synthesis, the consider-
ation of spectral features alone is not sufficient, since one has to produce a wave
form to get audible speech. This is done by generating a voiced or unvoiced exci-
tation and filtering it by means of the spectral features on a frame-by-frame basis.
This procedure is very similar to the VODER discussed in Section 2.2. To overcome
the limitation to just two different excitation types resulting in rather synthetic and
muffled speech, there are several approaches to more sophisticated excitation mod-
eling like, for instance, the harmonic + noise model [50], residual prediction [52],
or mixed excitation with state-dependent filters [32].
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Convincing advantage of HMM-based speech synthesis is its small footprint. As
this technique only requires the model parameters to be stored (and not the speech
data itself), its size is usually limited to a few megabytes. In contrast, the above-
mentioned 16-h synthesis corpus ATRECCS, sampled at 48 kHz and a final 16 bit
precision requires more than 5 GB of storage.

In addition, HMM-based synthesis requires less computation than unit selec-
tion. This is because the latter searches a huge space becoming larger and larger as
more speech data are available. Real-time ability can be an issue with such systems,
whereas HMM-based synthesis operates at much lower expense.

Last but not least, HMM-based synthesis has the potential to produce high-
quality speech. This is mainly because HMMs produce continuous spectral contours
as opposed to unit selection synthesis where we may face inconsistencies at the
concatenation points resulting in audible speech artifacts. Blizzard Challenge 2005
delivered the proof that HMM-based synthesis is even able to outperform the well-
established unit selection technique, as the contribution [55] achieved the best
results in both speech quality and intelligibility. This, however, was partially because
the training corpus (the Arctic database as introduced above) contained the relative
small amount of 1.5 h of speech. Unit selection synthesis may face unit sparseness
problems with too small databases lacking appropriate data for the target utterances:
In the Blizzard Challenge 2006 which provided a 5-h corpus, the best system was
based on unit selection synthesis [25].

2.3.2.3 Voice Conversion

In the above sections, we emphasized the importance of large and carefully designed
corpora for the production of high-quality speech synthesizers. The compilation of
corpora such as those built for TC-Star or the ATRECCS database incorporates a
significant time effort as well as high monetary expenses. This explains that, usu-
ally, synthesizers come along with at most two or three voices for a given language
constituting a lack of variety and flexibility for the customer of speech synthesis
technology.

Voice conversion is a solution to this problem. It is a technology that allows for
rapidly transforming a source voice into a target voice [38]. Statistical approaches
to voice conversion discussed since the mid-1990s [49, 24] are the most popular
ones. These approaches link parallel source and target speech by means of spectral
feature vectors and generate a joint statistical model, usually a Gaussian mixture
model (GMM), representing the relation between both voices. In this context, par-
allel speech means that both source and target speaker uttered the very same text
preferably with a similar timing pattern. A one-to-one speech frame mapping is then
produced by alignment techniques such as dynamic time warping [46] or HMM-
based forced alignment [54]. This approach is called text dependent, since it requires
the target speaker to utter the same text as the source speaker. In contrast, text-
independent techniques provide flexibility regarding the target speech as required if
voice conversion is to be applied on earlier recorded databases, including the case
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that both voices use different languages. In this case, one speaks of cross-language
voice conversion [34].

The application of voice conversion to speech synthesis was one of the focuses of
the TC-Star project dedicating entire workshop sessions to this topic, e.g., the 2006
workshop in Barcelona dealt with GMM-based [40], text-independent [16], as well
as cross-language voice conversion [53].

2.4 Conclusion

Competitions (or challenges) in speech synthesis emerging only few years ago are
playfields for research and industry playing several roles at once.

e Originally, they were mainly intended to serve as a platform where different
synthesis techniques could be compared.

e To design this comparison as objective as possible, standard corpora, standard
evaluation measures, and a standard evaluation framework were proposed. In this
way, and particularly as the number of participants grew significantly, challenges
became forums for standardization of corpora, evaluation criteria, and module
interfaces.

e Challenge-related workshops, conferences, and meetings evolved from pure
result-reporting events to scientific venues with talks, poster presentations, and
published proceedings, hence a platform for the exchange of ideas.

e They serve challenges not only for the exchange of ideas but also for the exchange
of technology. Special agreements between participants led to a publication of
significant parts of used resources and software. Corpora are made available for
download in the Internet; source codes and binaries of entire speech synthesizers,
modules, tools, and evaluation kits are distributed.

The authors believe that a major part of future speech synthesis research will
be carried out in the scope of such challenges leading to a boost of quality and
applicability of speech synthesis solutions and a strengthening of the whole research
field.
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