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SPPAS: a tool for the phonetic segmentation of speech
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13604 Aix-en-Provence France
brigitte.bigi@Ipl-aix.fr

Abstract
SPPAS is a tool to produce automatic annotations which declitterance, word, syllabic and phonemic segmentatians & recorded
speech sound and its transcription. SPPAS is distributddrue terms of the GNU Public License. It was successfulpliad during
the Evalita 2011 campaign, on Italian map-task dialoguésan also deal with French, English and Chinese and there &agy
way to add other languages. The paper describes the devehbmhresources and free tools, consisting of acoustic fapgkonetic
dictionaries, and libraries and programs to deal with tlizda. All of them are publicly available.

Keywords: phonetic, annotation, segmentation

1. Introduction 2010). For most of these, our experience is that the tools

The last ten years or so have witnessed an explosion iffauire a level of expertise in computer science which is
the quantity of linguistic data which have become availablg?€yond the reach of most linguists without the help of an
as evidence for the nature of linguistic representations ofNdineer. Some wrapper tools propose to simplify the use
speech. Whereas it was common some years ago to foff HTK, as for example P2FA (Yuan and Liberman, 2008)
mulate phonetic models on the basis of rather limited data?" EasyAlign (Goldman, 2011). The EasyAlign Praat plu-
today it is becoming more and more expected for linguistdin is currently the most “linguist-friendly” but it currélg

to take into account large quantities of empirical data, of-"UnS only on Windows. Moreover, due to the HTK license
ten including several hours of recorded speech. Up unI_|m|tat|ons, both tools assume that HTK is installed on the

til a few years ago it was difficult, if not impossible, to USEr'S computer. _ . _
manipulate such large quantities of data outside specia®PPASS a tool to produce automatic annotations which

ized laboratories using expensive main-frame computerdnclude utterance, word, syllabic and phonemic segmen-
Software for the analysis of acoustic data was often diffi-ations from a recorded speech sound and its transcrip-
cult to install and use, nearly always platform specific andfion- The whole procedure is a succession of 4 automatic
above all, very expensive. Today, the situation has radiSt€PS a_md_ resultlng.allgr_lments are a set of TextGrid files.
cally changed and the availability of cheaper and cheapel€XtGrid is the native file format of the Praat software
data storage has made it possible to envisage data analy¥gich became one of the most common tool for phoneti-
involving several hundreds gigabytes data. In the same p&ians (Boersma and Weenink, 20095PPASis imple-
riod, a number of software tools for the analysis of audio™ented with python and was tested under Linux, Mac-OSX
and/or video recordings of speech have become availab@Nd Windows). SPPASs currently designed for French,
such as Anvil (Kipp, 2001), Elan (Sloetjes et al., 2010),Engl|sh, Italian and Chinese anq there is an easy Way.to
Praat (Boersma and Weenink, 2009), Transcriber (Tran@dd other IangL_lages. Recently, itwas succe_ssfully applied
scriberAG, 2011) and WaveSurfer (WaveSurfer, 2012), td© the forced alignment task during the Evalita 2011 cam-
name just some of the most popular tools, all of which ard®@ign, on Italian map-task dialogues. Evalitais an inu@t
both free and multi-platform. For an extensive list of sgeec d€Voted to the evaluation of Natural Language Processing
analysis software see (Llisterri, 2011). The biggest obsta®1d Speech tools for Italidn Systems were required to
cle linguists are faced with today is not the storage of data2/ign audio sequences of spoken dialogues to the provided
nor its analysis, but its annotation. relative transcriptions. o

The analysis of the phonetic entities of speech nearly a/This tool an_d all resources are distributed under the terms
ways requires the alignment of the speech recording wit/f the GPL license at the URL:

a phonetic transcription of the speech. This task is ex- http://www.lIpl-aix.fri~bigi/sppas/

tremely Iabourfintensive - it may require sev_eral hours_ forSPPASis also designed to be used directly by linguists.
even an experienced phonetician to transcribe and align @, rrent developments consist in integrating Momel (Hirst
single minute of speech manually. Itis consequently 0by g Eqpesser, 1993) and Intsint (Hirst and Di Cristo, 1998).
vious that transcribing and aligning several hours of sheecgation 2. of this paper presents an overview of what SP-

by hand is not generally something which can be envisagegsp g (version 1.4) can do. Section 3. describes resources

A number of tool boxes are currently _available which CaNincluded in SPPAS. Finally, Section 4. gives details about
be used to automate the task, including the HTK TOOIKItthe SPPAS architecture.

(Young and Young, 1994), Sphinx (Carnegie Mellon Uni-
versity, 2011), or Julius (Nagoya Institute of Technology, ‘*http://www.evalita.it/
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2. SPPAS overview for this step which we hope to improve in future versions
of the software.

) ) In SPPAS silent pauses can be indicated in the transcrip-
SPPAZan be executed using the GUI - Graphical User In+ion either by the symbol # or by a newline, or both. A

terface, or by using tools in a console-mode. Figures 6 angh o rqed speech file with the .wav extension must corre-

7 show the GUI of version 1.3 and version 1.4 respectivelygynq 1o each .txt file. The correspondences are established
To execute SPPAS, the user just need to double-click on thSy means of the file names.

SPPAS3nain program. A wav file or a directory containing a
set of wav files and the corresponding transcriptions have to
be selected. Then, the user selects the appropriate lamguag
and modules to execute. The Preferences button allows to

configure these modules (to fix options). s s s ey §
Figure 1 summarizes the workflow, with all possible in- Aok /0ss # gloss # back # coop [ pool
puts/outputs. Inputs are represented in yellow boxes and
black arrows. Outputs are represented with the green boxe it
and the green arrowsSPPASan be used in a completely e {'ﬁ
automatic mode. It can also be used semi-automatically, by I

02936

respecting file name conventions and transcription conven- ss7es s —

0 Visible 111515170 seconds 1115151
tions.

2.1. Main description

PR R RN IR S

shaci{ # bock # dgpll # cool # ash # glass

Total duration 111.515170 seconds

o Figure 2: Example of IPU-segmentation
>  TextGrid

INPUTS The algorithm currently implemented identifies silent
pauses in the signal and attempts to align them with the
inter-pausal units proposed in the transcription, under th
assumption that each such unit is separated by a silent
Sy"ab,f,cam] pause. For a given minimum duration for pauses and for
inter-pausal units a dichotomic search adjusts the silence
threshold (in dB) and identifies the number of units thus
defined. If the number of units found is greater or smaller
e, than the desired number, the search is renewed adjusting
the minimum duration of the silences and units accordingly.
The search halts when the three parameters are correctly
adjusted: minimal duration of pauses, minimal duration of
units and silence threshold.
This ipu-segmentation was used to align read speech in two
projects. The first one consisted in a set of recordings of
40 English words. SPPAS succeeded to align all files. The

i , second one consisted of a set of recordings of paragraphs
The first version o5PPASwas released on March 9, 2011. ,5de of 3 to 6 sentences. These are part of the AixOx

This version was made only édshand gawk scriptsand it corpus (Herment et al., 2012). In this case, SPPAS failed
could be used only in a console mode. In this first versiony align about 10% of the files and 40% of the sentence
no resources were included. Some resources were addgdndaries had to be manually corrected. Errors were only
in version 1.1 (in June, 2011). The next release was disgye to the fact that silences were not at the end of sentences
tributed on July 23, 2011. This version included resourcesg it was supposed to be in the script speakers had to read.

to deal with English, French, Italian (read speech, monoy perform this ipu-segmentation, and despite these errors
phones) and Chinese. MacOS support was added in VersiQhe se of SPPAS saved time.

1.3, and the first GUI was included in this version. Italian
acoustic models and the dictionary was changed and th2.4. Phonetization

French acoustic models was improved. Phonetization is the process of representing sounds with
Version 1.4 will to be released on May, 2012. This VerSionphonetic signs. There are two general ways to construct
will be entirely implemented with python and far easier to a phonetization process: dictionary based solutions which
install than previous versions. The present paper describeonsist in storing a maximum of phonological knowledge
this version. in a lexicon and rule based systems with rules based on in-
ference approaches or proposed by expert linguists. In both
cases, phonetization is based on a manual transcription.
Inter-pausal unit segmentation is an open research probler@learly, there are different ways to pronounce the same ut-
It consists in aligning macro-units of a document with theterance. Different speakers have different accents artl ten
corresponding sound, as illustrated in Figure 2. The impleto speak at different rates. When a speech corpus is tran-
mentation of SPPAS - version 1.4, includes an algorithimscribed into a written text, the transcriber is immediately

Transcription
ASCII
1PU - Forced

{Segmemalion |/Phunet|zatmn [ Alignment J

—

OUTPUTS B::gjj i

TextGrid
Figure 1: SPPAS workflow

Transcription Phonemes
TextGrid [—> TextGrid

2.2. History of the versions

2.3. Inter-Pausal Unit Segmentation
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confronted with the following question: how to reflect the e spaces separate tokens,
orality of the corpus? Conventions are then designed to pro-
vide rules for writing speech corpora. These conventions
»?hStab“Sh phenomena to annotate and also how to annotate, pipes separate phonetic variants.

em
A system based on a dictionary solution consists in storing &hus, the phrasge suis” is phonetized as:
maximum of phonological knowledge in a lexicon. In this
sense, this approach is language-independent unlike rule- o .
based systems. The SPPAS module for the phonetization 3l5-0lf s dls.u.i.zls. v ify iz
of the orthographic transcription produces a phonetic-tran
scription based on a phonetic dictionary. The phonetimatio = 2%
is the equivalent of a sequence of dictionary look-ups. Itis o
assumed that all words of the speech transcription are men

e dots separate phonemes,

-0.7026|

tioned in the pronunciation dictionary. Otherwise, SPPAS  Zir ssimsissmiemn mns e il
implements a language-independentalgorithm to phonetize
unknown words. At this stage, it consists in exploring the Figure 3: Example of Phonetization (French)

unknown word from left to right and to find the longuest
strings in the dictionary. Since this algorithm uses the dic
tionary, the quality of such a phonetization will depend on
this resource. 2.5. Alignment
Actually, some words can correspond to several entries ifPhonetic segmentation is the process of aligning speech
the dictionary with various pronunciations. Unlike rule- with its corresponding transcription at the phone levele Th
based systems, in dictionary-based solutions the proatuncialignment problem consists in a time-matching between a
tion is not supposed to be “standard”. Phonetic variants argiven speech unit along with a phonetic representation of
proposed for the aligner to choose the phoneme string. Thihe unit. The goal is to generate an alignment between the
hypothesis is that the answer to the phonetization questiogpeech signal and its phonetic representation.
is in the signal. For example, the French sentgecsuis SPPASs based on the Julius Speech Recognition Engine
can be pronounced: (SRE) (Nagoya Institute of Technology, 2010) for three rea-
sons: 1/itis easy to install which is important for userst 2/
is also easy to use then easy to integrate in SPPAS; and 3/ its
e /3suiz/ is the standard pronunciation plus a liaison, ~ Performances correspond to the state-of-the-art of HMM-
based systems and are quite good. Julius was designed
e /30syi/ is the South of France pronunciation, for dictation applications, however the Julius distributi
only includes Japanese Acoustic Models. But since it uses
® /3osuiz/ is the South of France pronunciation plus a s stic Models trained using the HTK toolkit (Young and
liaison, Young, 1994), it can also use Acoustic Models trained for
o /[yil is a frequent specific realization. oth_er languages. Initially, Julian was a special versior_1_of
Julius that performed grammar based speech recognition.
The corresponding dictionary entries for both words are: The release 4 merged Julius and Julian.
To perform alignment, a finite state grammar that describes

e /3syi/ is the standard pronunciation,

je el 5 sentence patterns to be recognized and an acoustic model
ie(2) [ie] 30 are needed. A grammar essentially defines constraints on
ie(3) liel [ what the SRE can expect as input. Itis a list of words that

the SRE listens to. Each word has a set of associated list
suis [suis}syi of phonemes, extracted from the dictionary. When given a
speech input, Julius searches for the most likely word se-
quence under constraint of the given grammar. For exam-
suis(3) [suispui ple, the sentence “we are reading” will produce the follow-
suis(4) [suis]yi ing list of words with associated pronunciations (extrelcte
from the CMU pronunciation dictionary):

suis(2) [suiskyiz

suis(5) [suis]giz

w_0Owi
SPPASan take as input a tokenized standard orthograph|c Jwiy
transcription and some enrichments only if the acoustic O W_0 wih
model includes them. For example, the French transcrip-1 [w_1] aar

0f
0f
1]
tions can contain laugh (represented by the symbol '@’ in
the transcription). 1w 1 er
An example ofSPPAShonetization output is presented in 2 [w_2] r eh dx ix ng
Figure 3 on a French sentence. By usB@PASn a semi- 2|
automatic way, this phonetization can be manually modi-
fied. TheSPPAS oNnventions are: The Julius corresponding grammar file is defined as:

w_2] riy dx ix ng
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02101 A new set of rules was developed to deal with Italian. At
11200 present there is, to our knowledge, no generally available
corpus manually labelled to evaluate such a syllabification.

20300 We will of course be pleased to perform this evaluation as
3-1-110 soon as we can obtain one.

The grammar indicates that each word of the dictionary has

to be aligned, from word 0 to word 1, from word 1 to word 3. SPPAS Resources

2, and so on. The Julius alignment task is a 2-step process:1  phonetic resources

the first step chooses the phonetization and the second St?&% important step is building pronunciation dictionaries
performs the segmentation. '

Speech Alignment also requires an Acoustic Model in or_w_here each word in the vocabulary is expanded into its con-
stituent phones.

derto align speech. An acoustic modelis a file that contain:?,he dictionary file format is the same as that used in the

statistical representations of each of the distinct sowfids . .
. TK toolkit (Young and Young, 1994) and in the VoxForge
one language. Each phoneme is represented by one (E%roject (VoxForge, 2006 2011), as for example:

these statistical representatio®?PASs based on the use
of HTK-ASCII acoustic models. Then, acoustic models p Al a

were trained with HTK by taking the training corpus of

speech, previously segmented in to utterances and phoneA(2) [A] wa

tized. HTK (Hidden Markov Toolkit) is a portable toolkit )

for building and manipulating the statistical models usedt A(3) [A] ja

represent sound in Speech Recognition. These are calle

Hidden Markov models (HMMs). HTK's licence requires %CQUA [ACQUAJ a k wa
registering before it can be downloaded. The software is ACQUA(2) [ACQUA] k wa

open source but there are limitations on the distribution of

the HTK Toolkit itself. For example, an HTK tool can not The dictionary contains a set of possible pronunciations fo
be embedded in an other tool. However, there is no limwords, including accents geerchépronounced as /b e r k
itation on the distribution of the models created with thee/, and reduction phenomena as /p e k/ or /k wa/ for the
toolkit. This model can be distributed under GPL license. wordacqua

Figure 4 illustrates a SPPAS alignment output on a Frencfihe Italian dictionary was downloaded from the Festival
sentence. The alignment of words is deduced from theisynthetizer tool (The Centre for Speech Technology Re-

alignment into phonemes. search, 2011). This dictionary was enriched by word pro-
nunciations observed in the Evalita train corpus. A large se
osoa T of both phonetizations was manually corrected. Finallg, th
ooosee dictionary contains about 390k words and 5k variants.
: : The French dictionary was constructed by merging sev-
| T T————————— eral free dictionaries. Some word pronunciations were also

]L[qﬁﬁ@ added using the LIA_Phon tool. It contains about 350k
- words and 300k variants.

The English dictionarpPPASIeals with was downloaded

from the VoxForge project (VoxForge, 2006 2011).

The Chinese dictionary was hand-made. It now contains

about 350 entries and is still in progress.

a fpfoofrf

Figure 4: Example of alignment (French)

2.6. Syllabification
The syllabification of phonemes is performed with a rule-3.2.  Acoustic Model (AcM) Training

based SyStem preViOUSIy described for Frenchin (B|g| et alSPPAgS based on a common practice and uses context-
2010). This RBS phoneme-to-syllable segmentation sysmgependent HMMs for speech segmentati@PPAScan
tem is based on 2 main principles: use various types of acoustic models. This section describe
1. a syllable contains a vowel, and only one. how we created models which are includedSiRPAS The
Italian, French and Chinese models were trained following
these steps. An English model can be downloaded from the
These two principles focus the problem of the task of find-VoxForge web site.
ing a syllabic boundary between two vowels. As in state-of-French AcM was trained by using 7h30 of conversational
the-art systems, phonemes were grouped into classes aspeech extracted from CID (Bertrand et al., 2008), and 30
rules established to deal with these classes. This systeminutes of read speech extracted from AixOx corpus (Her-
was applied for the labelling of CID (Bertrand et al., 2008). ment et al., 2012). Italian AcM was trained from 3h30
Evaluations were carried out by using a subset of 7 minof map-tasks dialogues distributed during the Evalita 2011
utes. Two experts labelled this corpus manually. The syllacampaign. Chinese AcM was trained from 50 min read
ble agreement rate was 97.8% between experts. This agregpeech, from Chinese Multext corpus.
ment was 95.8% and 94.9% between automatic system ankhe phoneme statistical representation is based on aé-stat
each expert. model with a left-to-right topology with self-loops and no

2. apause is a syllable boundary.
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) o =2l README Several general information
Figure 5: 5-states HMM with initial probabilities 9 CHANGES Versions tracking
COPYRIGHT GPL license
dict Pronunciation dictionaries
transitions which skip over states, as represented in &igur g FR.dict French
5 with its initial probabilities. g |T.dict ltalian
Ideally, the phones would have unique articulatory and @ EN.dict English
acoustic correlates. But acoustic properties of a given g o o )
phone can depend on the phonetic environment. These co-  ~ £H-dict Simplified Chinese
articulation phenomena motivated the adoption of context- models Acoustic models
dependent models such as triphones, except for Chinese. - models-FR French: hmmdefs and tiedlist
Our training procedure was adapted from the VoxForge tu- . models-IT Italian: hmmdefs and tiedlist
torial. Typically, the HMM states are modelled by Gaussian . models-EN English: hmmdefs and tiedlist
mixture densities whose parameters are estimated using an | models-ZH Simplified Chinese: hmmdefs
expectation maximization (EM) procedure. The outcome syl Syllabification configurations

of this training procedure is dependent on the availability
of accurately annotated data and on good initialization. As
more speech audio data is collected, better Acoustic Models

&l syliConfig-FR.txt
& syliConfig-IT.txt

simplicity and rich text processing tools, Python is object
oriented programming.
SPPAS version 1.4 package content is detailed below:

French
Italian

can be created. Acoustic models were trained from 16 bits, samples A set of samples

16000 hz wav files. The Mel-frequency cepstrum coeffi- : (wav and transcriptions)
cients (MFCC) along with their first and second derivatives . samples-FR French set of examples
were extracted from the speech in the standard way. . samples-IT Italian set of examples
The acoustic model training procedure is based on 3 main . samples-EN English set of examples
steps. Step 1 is the data preparation. It establishes tioé lis | samples-ZH Simplified Chinese
phonemes, plus silence and short pauses. It convertstheing, .y SPPAS library

put data (phonetization of the corpus) into the HTK-specific & param.py sppasParam Class
data format. It codes the (audio) data: this step is called a '

"parameterizing the raw speech waveforms into sequences log.py sppasLog Class

of feature vectors" (from wav format to MFCC). Step 2 is L wav

the monophones generation. It creates a Flat Start Mono- Ltrs

phones model by defining a prototype model and copying . phon

this model for each phoneme. Then, this flat model is re- L align

estimated using the MFCC files to create a new model. . momel

Then, it fixes the “sp” model from the “sil” model by ex- .

tracting only 3 states of the initial 5-states model. Thhis, t -gul

model is re-estimated using the MFCC files and the phone- - term

tization. Step 3 creates tied-state triphones from mono- tools SPPAS tools

phones and from some language specificities defined by the ~ * wavsplit.py

@ phonetize.py

# alignment.py

£ LPL-Syllabeur-2.2.jar
“ momel.py

way of a configuration file. This file summarizes phone-
mic informations as for example the list of vowels, liquids,
fricatives, nasals or stops. This resource was created man-
ually for Italian, French and Chinese and are available on-
demand.

Bash to execute SPPAS
(Unix-based systems)

Main SPPAS program

. £ . d
4. SPPAS Architecture sbpas.comman

4.1. SPPAS 1.4 packages

SPPASis implemented using the programming lan- _ _ _
guage Python This choice was motivated by many SPPAS can deal with a new languagéy simply adding
reasons. First of all, “All Python releases are the language resources to the appropriate directories:
Open Source (see http://www.opensource.org/ for the - ) o
Open Source Definition). Historically, most, but not ° the dictionary to: SPPAS/didtldict

all, Python releases h_ave also been GPL-com_paane” e the acoustic model to: SPPAS/models/models-
(http://docs.python.org/license.html). For many opearat

systems, Python is a standard component. Thanks to be- e the syllabification rules to: SPPAS/syll/syliConfig-
ing scripting language with module architecture, syntax L.txt

sppas.py
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By using the GUI,SPPASdynamically creates the list of gui All classes related to the graphical user interface.
available languages by exploring appropriate directories

Steps using |anguage_dependent resources (phonetlzatidﬁrm All classes related to the terminal user interface.
alignment and syllabification) are activated or disabled de

pending on the directory contents These modules constitute the API - Application Program-

ming Interface, o65PPAS
4.2. SPPAS 1.4 modules

SPPAS library is placed in the “lib” directory. Shared mod—4'3' SPPAS 1.4 tools

ules are placed directly in this directory. It is the case forThe main tool to work with SPPAS isppas.pythat exe-
example of the Class “sppaslLog” that handles the log filecutes the GUI or that can be used in command-line mode.
created by SPPAS during each run. Sub-directories are usdtpwever, this latter usage does not let the possibility to fix
to separate SPPAS modules. For each one of these modul&ecific options for each module. A set of tools is then

a set of classes is implemented:

available: they propose main programs to deal with the SP-

PAS API. For each one of these tools, a large set of options

files: the main class “Wave”, the class “WavePitch”,
the class “WaveSil".

a “Transcription” represented as a set of “Tier” in-
stances. A tier is a set of “Annotation” instances. An-
notations are represented by a label and 1 or 2 time
values, depending on the annotation type: interval or
point. A set of Transcription Input/Output classes are
also available and are still in-progress: current version
includes a TextGrid 10 class and an Ascii IO class (txt
or csv).

phon This module contains a set of classes dealing with

the phonetization problem. The class “DictPhon” is
the main class to perform phonetization; “PhonUnk”
is related to the phonetization of unknown words; and
“PhonTrs” uses DictPhon on a whole tier.

align This module contains a set of classes dealing with

the alignment problem. Itis a 3-steps process: 1/ the
transcription and related wav files are split into units;
2/ each unit is aligned; then 3/ unit alignments are
merged in a transcription tier and saved. Step 2 is a
little bit more complicated than it can look at first. We
encountered 2 difficulties using Julius. Firstly, a unit

wav This module contains a set of classes dealing with Wav.. o he fixed. SPPAS 1.4 tools are:

wavsplit.py is the main tool to perform IPU-segmentation.
trs This module contains a set of classes dealing with

This tool enables to find silences from a wav input file,
depending on 4 parameters:

e the window width (used to estimate rms) in sec-
onds,
e the minimal speech units duration in seconds,
e the minimal silence duration in seconds,
e the volume in dB.
The silence research can also be controlled by using
one of these options: fix a number of units or set a

transcription file. This tool can provide three different
outputs:

e a directory containing units as a set of wav files
and a set of text files with the corresponding tran-
scription,

e atext file containing the list of start time and end
time of each unit,

e a TextGrid file with silences/units segmentation.

is not aligned if a triphone is missing in the tiedlist. phonetize.py is the main tool to perform phonetization.

We implemented a “TiedList” class that adds the un-
observed triphone into the tiedlist. Secondly, we ob-
served that the alignment failed for about 3-5% of
units. In these cases, Julius performs its 1st step prop-
erly (it chooses the phonetization, depending on the
grammar) but its 2nd step (the segmentation) fails. To
deal with these errors (and to produce a result instead
of nothing), we implemented a function that uses the
same duration for each phone of the unit.

momel This module contains the SPPAS implementation

of the Momel (Hirst and Espesser, 1993) and Intsint
(Hirst and Di Cristo, 1998) tools. Momel (Modelling

melody) is an algorithm for the analysis and synthe-
sis of intonation patterns. INTSINT is an acronym

This tool takes as input a transcription in the form of

a tier in a TextGrid file, and a dictionary. It produces

a tier containing the phonetization that optionally can
be added to the intput or written in a separate TextGrid
file. For units containing unknown words, this tool can

optionally use an internal algorithm to phonetize it or

it can use the label “UNK”.

alignment.py is the main tool to perform alignment. This

tool takes as input a phonetization in the form of a tier
in a TextGrid file, and an acoustic model. It produces 2
tiers containing the alignments (words and phonemes)
that optionally can be added to the intput or written in
2 separate TextGrid files.

for INternational Transcription System for INTona- LPL-Syllabeur-2.2.jar is the main tool to perform syllab-

tion. INTSINT codes the intonation of an utterance by
means of an alphabet of 8 discrete symbols constitut-
ing a surface phonological representation of the into-
nation: T (Top), H (Higher), U (Upstepped), S (Same),
M (mid), D (Downstepped), L (Lower), B (Bottom).

1753

ification. This tool takes as input a phoneme align-
ment in the form of a tier in a TextGrid file, and a con-
figuration file (with a set of rules). It produces a tier
containing syllables time-aligned whichnis written in
a separate TextGrid file.



momel.py is the SPPAS implementation of the Momel 7. References

tool. This tool allows to find pitch targets from awav g gertrand, P. Blache, R. Espesser, G. Ferré, C. Meunier
input file. The Intsint tool can be optionally activated. g priego-valverde, and S. Rauzy. 2008. Le CID - Cor-
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4.4, Evaluations

(phonemes and words) were evaluated (Bigi, 2012). (Italy).
S. Herment, A. Loukina, A. Tortel, D. Hirst, and B. Bigi.
5. Conclusion 2012. A multi-layered learners corpus: automatic anno-

tation. In4th International conference on corpus linguis-

SPPASS a tool to perform automatic phonetic segmenta- ;.o Language, corpora and applications: diversity and

tions. SPPASs not only dedicated to computer-scientists. change Jaen (Spain).
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procedure which is probably beyond the means of a lin, -J. Hirst and R. Espesser. 1993. Automatic modelling of
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Figure 6: SPPAS GUI, version 1.3 (based on pyGtk)
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Figure 7: SPPAS GUI, version 1.4 (based on wxpython)
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