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Abstract
During Speech Prosody 2012, we presented SPPAS, SPeech
Phonetization Alignment and Syllabification, a tool to auto-
matically produce annotations which include utterance, word,
syllabic and phonemic segmentations from a recorded speech
sound and its transcription. SPPAS is open source software is-
sued under the GNU Public License. SPPAS is multi-platform
(Linux, MacOS and Windows) and it is specifically designed to
be used directly by linguists in conjunction with other tools for
the automatic analysis of speech prosody. This paper presents
various improvements implemented since the previously de-
scribed version.
Index Terms: phonetic, annotation, segmentation, intonation

1. Introduction
During Speech Prosody 2012, we presented version 1.3 of
SPPAS (SPeech Phonetization Alignment and Syllabification).
SPPAS was presented as a tool to produce automatic annota-
tions which include utterance, word, syllabic and phonemic seg-
mentations from a recorded speech sound and its transcription.
The resulting alignments are a set of TextGrid files, the native
file format of the Praat software [1] which has become the most
popular tool for phoneticians today. SPPAS generates separate
TextGrid files for 1/ utterance segmentation, 2/ word segmenta-
tion, 3/ syllable segmentation and 4/ phoneme segmentation.

An important point for a software which is intended to be
widely distributed is its licensing conditions. SPPAS uses only
resources and tools which can be distributed under the terms
of the GNU Public License. SPPAS tools and resources are
currently available at the URL:

http://www.lpl-aix.fr/∼bigi/sppas/

Since the version presented in [2], we continued to improve the
tool. Our improvements are related to the 4 following aspects:

1. Technical stuff: multi-platform, easy to install, UTF-8
support;

2. Graphical User Interface: improved ergonomics, docu-
mentation and help, some components added;

3. Annotations: Momel and INTSINT added; Tokenization
added; IPU-segmentation improved;

4. Resources: acoustic model for Chinese changed, Tai-
wanese support, conversion to SAMPA.

The new SPPAS architecture can be summarized as:

• a set of automatic annotation tools,

• a set of components,

• two solutions to use them:

1. a Graphical User Interface (GUI) to use SPPAS
which is as ”user-friendly” as possible;

2. a set of tools, each one essentially independent of
the others, that can be run on its own at the level
of the shell.

2. Technical stuff
Since version 1.4, SPPAS is implemented with the program-
ming language python. This allows the tool to work under
Linux, Mac-OSX and Windows R©. It is also much easier to
install.

In the previous version, only TextGrid files were supported.
The current version can import files from Transcriber [3] and
Elan [4] softwares. We also fixed the encoding to UTF-8 only.

3. Graphical User Interface
The GUI consists of two main area, named the file list panel
(FLP) and the automatic annotation panel (AAP).

The FLP displays a set of buttons and a tree-style list. The
list contains Directories and Files which the user has added, but
only files that SPPAS can handle (recognised by the file exten-
sion). The FLP makes it possible to exit the tool and to manage
the list: add files, add directories, remove, delete, export.

Figure 1: The file list panel.

The AAP consists of a list of buttons to check, the annota-
tion name and buttons to fix the language of each annotation. A
specific language can be selected for each annotation depending
on the resources available in the package. This allows the users
to add their own resources or to copy/modify existing resources.
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Figure 2: The automatic annotation panel.

As SPPAS is designed to be used directly by linguists, an-
other important improvement is related to the Help and the Doc-
umentation. We paid particular attention to this. Finally, to fa-
cilitate the use of our tool, we decided to add some extra compo-
nents. Currently, three components are available: 1/ wav player
is a simple tool used to play sounds; 2/ transcribe is a tool ded-
icated to speech transcription; 3/ requests is a set of functional-
ities related to the annotation manipulation.

3.1. Transcribe

The key-point of this component is that it automatically per-
forms a speech/silence segmentation. Then, only speech seg-
ments are displayed (see Figure 3). If more than one sound file
has to be transcribed (as for a dialogue for example), speech
segments are displayed interlaced to facilitate the transcription
process.

Figure 3: The transcription frame.

3.2. Requests

We added a component to get information, modify and request
annotated files (see Figure 4). This allows the user to manage
annotated files and the tiers of these files: rename, delete, cut,
copy, paste duplicate, move up, move down, view. We also
added a frame that prints elementary statistics (as in Figure 5).

Figure 5: The statistics of a tier.

Finally, we added an advanced filtering tool. In the following,
X represents an interval, L(X) the label of X , and L(.) one
label to find. We thus propose to select intervals depending on
their label with the following capabilities:

• L(X) = L(.), exact match: the labels must strictly cor-
respond,

• L(X) ∈ L(.), contains: the label of the tier contains the
given label,

• L(X) @ L(.), starts with: the label of the tier starts with
the given label,

• L(X) A L(.), ends with: the label of the tier ends with
the given label.

All these matches can be used in their negative form. To cope
with specific needs, a multiple pattern selection has been imple-
mented to search n patterns L1(.), L2(.), · · · , Ln(.) as:

X : [L(X) op (L1(.) ∨ L2(.) ∨ · · · ∨ Ln(.))]

where op represents one of the relations =, ∈, @, A. At last, the
proposed filtering system makes it possible to fix duration con-
straints. Let Dm(.) be a minimal duration, DM (.) be a maxi-
mal duration and D(X) be the duration of interval X . Duration
constraints are written as:

• X : [D(X) > Dm(.)], to fix a minimal duration on X ,

• X : [D(X) < DM (.)], to fix a maximal duration on X .

For example, the request ”Extract all words starting by ”ch”
with a duration of at least 100ms” is expressed as:

X : [L(X) @ L(ch)] {eq} [D(X) > Dm(100ms)]

These constraints can be applied to a whole tier or to just a part
of the tier by fixing a start time and an end time.

4. Annotations
4.1. IPU segmentation

Inter-Pausal Units (IPUs) segmentation consists in aligning the
macro-units of a document (based on their transcription) with
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Figure 4: The frame to manipulate annotated files.

Figure 6: Filtering a tier.

the corresponding sound. A recorded speech file with the .wav
extension should correspond to each .txt file. The segmentation
provides a TextGrid file with one tier named ”IPU”. IPUs Seg-
mentation annotation performs a simple silence detection if no
transcription is available (the volume is automatically adjusted).
Current version allows to fix a shift value to speech boundaries.

4.2. Tokenization

Tokenization is the process of segmenting a text into tokens. In
principle, any system that deals with unrestricted text needs the
text to be normalised. Texts contain a variety of ”non-standard”
token types such as digit sequences, words, acronyms and let-
ter sequences in all capitals, mixed case words, abbreviations,
roman numerals, URL’s and e-mail addresses... Normalising or
rewriting such texts using ordinary words is then an important
issue.

SPPAS implements a generic approach for text normalisa-
tion, in view of developping a multi-purpose multi-lingual text
corpus. This approach consists in splitting the text normalisa-
tion problem into a set of minor sub-problems each of which
is as language-independent as possible. This approach is de-
scribed in [5].

The Tokenization process takes as input a transcription that
can be enriched by various phenomena, such as:

• truncated words, noted as a ’-’ at the end of the token
string (an ex- example);

• liaisons, noted between ’=’ (an =n= example);

• noises, noted by a ’*’ (only for French and Italian);

• laughs, noted by a ’@’ (only for French);

• short pauses, noted by a ’+’ (a + example);

• elisions, mentioned in parenthesis;

• specific pronunciations with brackets [example,eczap];

• comments with braces or brackets {this} or [this];

• morphological variants with <like,lie ok>,

• proper name annotation, like $John Doe$.

4.3. Phonetisation

Phonetisation, also called grapheme-phoneme conversion, is
the process of representing sounds with phonetic signs. The
phonetisation is the equivalent of a sequence of dictionary look-
ups. It is generally assumed that all words of the speech tran-
scription are mentioned in the pronunciation dictionary. Other-
wise, SPPAS implements a language-independent algorithm to
phonetise unknown words. At this stage, it consists in explor-
ing the unknown word from left to right and then finding the
longest strings in the dictionary. Since this algorithm uses the
dictionary, the quality of such a phonetisation will depend on
this resource.
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4.4. Alignment

Phonetic alignment consists in a time-matching between a given
speech utterance and a phonetic representation of the utterance.
For each utterance, the orthographic and phonetic transcriptions
are used. SPPAS performs an alignment to identify the temporal
boundaries of phones and words. Speech alignment requires an
acoustic model in order to align speech. An acoustic model is
a file that contains statistical representations of each of the dis-
tinct sounds of one language. The quality of such an alignment
will depend on this resource.

4.5. Syllabification

The syllabification of phonemes is performed with a rule-based
system previously described for French in [6]. A new set of
rules was developed to deal with Italian.

Figure 7: SPPAS output example on French spontaneous
speech.

4.6. Momel and INTSINT

Momel (modelling melody) [7, 8] is an algorithm for the auto-
matic modelling of fundamental frequency (F0) curves using a
technique called assymmetric modal quadratic regression. This
technique makes it possible by an appropriate choice of param-
eters to factor an F0 curve into two components:

1. a macroprosodic component represented by a a quadratic
spline function defined by a sequence of target points
<ms, hz>.

2. a microprosodic component represented by the ratio of
each point on the F0 curve to the corresponding point on
the quadratic spline function.

Since several different techniques of F0 extraction are possible,
Momel requires a file containing the F0 values detected from
the signal.

Encoding of F0 target points using the ”INTSINT” system
[9] assumes that pitch patterns can be adequately described us-
ing a limited set of tonal symbols, T, M, B, H, S, L, U, D (stand-
ing for : Top, Mid, Bottom, Higher, Same, Lower, Upstepped,
Downstepped respectively) each one of which characterises a
point on the fundamental frequency curve .

The rationale behind the INTSINT system is that the F0
values of pitch targets are programmed in one of two ways: ei-
ther as absolute tones T, M, B which are assumed to refer to
the speaker’s overall pitch range (within the current Intonation
Unit), or as relative tones H, S, L, U, D assumed to refer only to
the value of the preceding target point.

A distinction is made between non-iterative H, S, L and it-
erative U, D relative tones since in a number of descriptions it
appears that iterative raising or lowering uses a smaller F0 in-
terval than non-iterative raising or lowering.

5. Resources
Since the version we presented in [2], we continued to improve
the resources as:

• Chinese: can deal with chinese characters or with pinyin,
new Chinese acoustic model, and some minor changes in
the dictionary;

• English acoustic models updated

• new Italian acoustic model;

• partially Taiwanese support.

A new French model is under construction. All models were
converted to Sampa.

6. Conclusions
SPPAS is specifically designed with the aim of providing a tool
for phoneticians rather than for computer-scientists, because no
such a tool is currently available under a GPL license.

Current development is in progress to continue to improve
the accessibility, to add new language, new annotations, and
new components.
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