
1. Introduction
The Simple4All project enables the building of speech synthesis
systems automatically from data with little or no expert super-
vision, thus creating speech synthesisers for new languages or
domains in a quick, easy and pain-free way. Whilst substantial
effort has been invested over the years into developing novel
and progressively more natural sounding speech synthesis tech-
niques, there has always been a high entry barrier to building
a speech synthesis system in a new language, because conven-
tional methods require expensive linguistic resources, detailed
expert knowledge, and a high degree of skill in system ‘tuning’.
The result is that only a very few of the world’s languages have
speech synthesis systems. For those less widely-spoken lan-
guages that do have a system available, the quality of the syn-
thetic speech is not very good, because of the lack of resources
available and the lack of skills to ‘tune’ such systems.

The main objectives of Simple4All are to address this im-
balance by providing Open Source tools to:

• enable the creation of a voice for any domain in any lan-
guage,

• provide an end-to-end framework in which these voices
can be automatically built and improved,

• produce natural and expressive speech synthesis,

• provide feedback-driven learning to improve systems.

2. Innovation
Simple4All technology replaces the traditional pipeline of mod-
ules that form the language processing component (the ‘front
end’) of most speech synthesisers with a set of integrated tools
designed to learn sufficient information from raw speech and
text data about the linguistic structure of the language and the
relationship between text and speech: Figure 1. We are develop-
ing tools that enable data to be collated and structured in appro-
priate ways so that they can be used to train statistical models.
These models then predict – from text – a linguistic represen-
tation suitable for use in speech synthesis. We are also devel-
oping tools to model the variability in expressiveness found in
non-studio recorded speech data so that we can not only effec-
tively use this data, but also convey appropriate expressivity in
the resulting synthetic speech.

In the next phase of the project, we will start to integrate
feedback from non-expert users in these tools – the goal is to
use input from native speakers of a language (not necessarily
linguists or speech synthesis experts) to improve the systems.
Since the initial systems learned from found data are unlikely
to capture every aspect of a language automatically, this user
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Figure 1: System overview: The tools we are developing use
existing (‘found’) text data to learn language characteristics and
speech data to build acoustic models and so automatically create
a speech synthesis system without the need for expert knowl-
edge.

feedback should be valuable. The feedback may be incorpo-
rated during the system construction, or during operation of the
system in a cycle of iterative improvement.

3. Presentation
Here we present demonstrations of ongoing Simple4All work
including:

Core Technologies

• Lightly-supervised alignment: inspired by [1], but us-
ing acoustic models bootstrapped from the data being
aligned, we are able to ‘harvest’ most of the speech
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from a typical audiobook aligned with a high-confidence
word-level transcription [2, 3].

• Found data: we announce the Tundra corpus of found
speech data [4]. Tundra is a standardised multilingual
corpus designed for text-to-speech research with imper-
fect or found data. Inspired by the common data sets
used in the Blizzard Challenge, we hope this will be
a useful benchmark data set for comparing techniques.
The first release of the corpus consists of approximately
60 hours of speech data from audiobooks in 14 European
languages (Figure 2), plus utterance-level alignments ob-
tained with the above lightly-supervised process. We
will show the corpus itself, and demonstrate speech syn-
thesis systems built from it.

Figure 2: Above: Our Tundra corpus includes speech data in
Bulgarian, Danish, Dutch, English, Finnish, French, German,
Hungarian, Italian, Polish, Portuguese, Romanian, Russian and
Spanish. Below: the IIIT-H Indic languages corpus contains
Hindi, Kannada, Telugu, Malayalam and Tamil

• Text normalisation using statistical machine translation
techniques: To avoid the need for large sets of hand-
crafted rules, or models trained on annotated data, for
text normalisation, we are using statistical machine
translation techniques that can learn from a parallel cor-
pus of un-normalised and normalised text: such as cor-
pus can easily be elicited from any literate native speaker
of a language [5].

• Unsupervised linguistic representations: We use the vec-
tor space model (VSM) framework adapted to charac-
terise any textual unit of interest, such as letters, words
or phrases. VSMs are built in an unsupervised way that

does not rely on expert knowledge about the target lan-
guage, but only needs a quantity of text of the sort that
can be harvested from the web. A VSM is a way of char-
acterising the distributional behaviour of a unit. It for-
malises such notions, for example, of there being a class
of words in English which tend to follow words like ‘the’
and precede words like ‘went’ [6].

• Vocoding: We demonstrate a techniques that incorpo-
rates a physiologically-motivated approach in which the
vocoder models the functioning of the human voice pro-
duction mechanism, including the glottal flow [7, 8, 9,
10].

Enhancing Technologies
• Style and emotion recognition, synthesis and transplan-

tation: we use speaker diarisation techniques to deter-
mine speaking style in recorded speech data, and show
how this style can be transplanted across synthetic voices
to make voices appropriate for news reading, sports
commentary, political speeches etc; and we use speech
analysis methods to determine vocal emotion and style
[11, 12]

• User interaction and feedback: we are investigating the
use of user feedback in a number of different ways and
plan to illustrate some of them.

Many languages
• By combining the above techniques, we have built

text-to-speech systems for many different languages.
We demonstrate interactive systems for the languages
present in the Tundra corpus described above, and those
in the IIIT-H Indic languages corpus [13] being used in
the Blizzard Challenge 2013, and others.

4. About us
The Simple4All consortium comprises:

• The Centre for Speech Technology Research at the Uni-
versity of Edinburgh, U.K.

• The Department of Information and Computer Science
and the Department of Signal Processing and Acoustics
at Aalto-Korkeakoulusäätiö, Finland

• The Department of Behavioural Sciences at Helsingin
Yliopisto, Finland

• The Multimedia and Telecommunications Research
Centre at Technical University of Cluj-Napoca, Roma-
nia

• The Department of Electronic Engineering at Universi-
dad Politécnica de Madrid, Spain

plus an array of external collaborators. We will be releasing
all of our tools and data as Open Source.
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