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Préambule : Présentation générale  
 

Au 1er septembre 2007, le personnel dit permanent du département S&C 
« Signal et Communications » comporte quatorze enseignants-chercheurs, trois 
chercheurs associés, cinq ingénieurs de recherche (CDD) ou Post-Docs, un 
technicien et une assistante de gestion. La répartition des enseignants-chercheurs 
du département suivant leur appellation est indiquée dans le tableau ci-dessous. Le 
département est spécialisé en « Traitement du Signal » et en « Communications 
Numériques » pour l’enseignement et la recherche. Il existe une très grande synergie 
entre les deux principales thématiques du département sur le plan scientifique et les 
deux missions principales du département que sont l’enseignement et la recherche. 

 

Pr./DE MC/IE CER 

4 * 9 1 

* dont 4 HDR (Habilitation à Diriger des Recherches) 
Pr. : Professeur, DE : Directeur d’Etudes, MC : Maître de Conférences, 

IE : Ingénieur d’Etudes, CER : Chargé d’Enseignement et de Recherche 
 

En recherche, le département s’intéresse à la fois aux études théoriques mais 
également aux problèmes de leur mise en œuvre sur processeur de signal (DSP). 
Cette double compétence, théorique et pratique, associée à la synergie entre le 
« Signal » et les « Communications » constitue une des originalités du département 
par rapport à d’autres laboratoires de recherche comparables. En « Signal », le 
département possède une très bonne maîtrise des algorithmes avancés. Les 
applications visées sont principalement les signaux médicaux (ECG), les signaux 
acoustiques (Sismique, Tomographie, …), les signaux radioélectriques (Radar, 
localisation de source et égalisation) et le traitement de la parole (segmentation, 
débruitage, synthèse,..). En « Communications », le département est à l’origine de 
nombreuses innovations qui ont marqué le domaine au cours des dix dernières 
années. On peut citer le turbo code (blocs et convolutifs), l’égalisation autodidacte, la 
turbo détection, la turbo égalisation pour ne citer que les plus connues à ce jour. Les 
applications visées sont principalement la transmission numérique sur le canal 
acoustique sous-marin (parole, image et données), le canal radioélectrique (GSM, 
UMTS, BRAN, Satellite et Free Space Optics) et le câble (Fibre optique, DSL). 
Compte tenu de l’expertise du département dans certains domaines très pointus, il 
est amené à travailler sur des applications moins traditionnelles telles que la théorie 
de l’information appliquée à la génétique par exemple. 

 

Les activités de recherche du département sont financées par des contrats de 
recherche (privés et publics – Gesma, CNES, RNRT, ANR) ainsi que les 
programmes de recherche publique dans le cadre du Contrat Plan Etat Région 
(CPER). Le montant annuel de ces contrats varie entre 500 et 600 k€. Il existe un 
partenariat très fort avec plusieurs organismes (privés et publics) depuis de 
nombreuses années. Le département est fortement impliqué dans les pôles de 
compétitivité bretons (Images & Réseaux, Mer ainsi que Automobile Haute-Gamme). 
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 En enseignement, le département intervient dans le domaine 
« Mathématiques et Traitement de Signal» au niveau du Semestre 1 ainsi que la 
Majeure et Mineure. Il coordonne ce domaine ainsi que de nombreux modules du 
domaine. En plus des enseignements traditionnels (cours, travaux dirigés et travaux 
pratiques), les membres du département participent à l’encadrement des différents 
projets du cursus de l’ingénieur (S1, S2, S3, S4) ainsi qu’au suivi des projets de fin 
d’études. En troisième année, le département intervient principalement dans la filière 
1 (Ingénierie et Intégration de Systèmes) et 4 (Systèmes de Traitement de 
l’Information) et il est responsable du mastère spécialisé « Système de 
Communications Numériques ». Enfin, le département est très impliqué dans la 
formation d’ingénieur en partenariat (FIP). D’autre part, les membres du département 
participent aux enseignements dans les Master Recherche co-habilités par l’ENST 
Bretagne (STT de l’Université de Bretagne Occidentale et STIR de l’Université de 
Rennes I) et dans d’autres établissements de la région (ENSAI, Ecole Navale, ISEB 
et Supélec). Le  département contribue également à des missions d’enseignement à 
l’étranger (ENIT et SUPCOM en Tunisie, INPT et Université des Sciences de Rabat 
au Maroc et PFIEV au Vietnam).  

Au cours des trois dernières années, le département S&C a consacré un effort 
particulier à l’enseignement de nouvelles technologies de communications (UMTS, 
OFDM, MIMO, …) au niveau de la troisième année. D’autre part, il a ré-organisé ses 
enseignements entre la majeure MTS et les filières afin d’assurer une meilleure 
cohérence entre les différentes Unités de Valeur (UV). 

En ce qui concerne la Formation Continue (FC), le département y contribue 
depuis de nombreuses années sur les deux thèmes « Signal » et 
« Communications ». Pour accompagner les évolutions techniques de ces trois 
dernières années, de nouvelles sessions de formation ont été introduites au 
catalogue (Positionnement par satellite, Réseaux Domestiques,..). Ces différentes 
évolutions en enseignement (3° année et FC) ont été  alimentées par les études 
amonts menées en recherche ce qui illustre l'interaction entre enseignement et 
recherche. 
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La recherche contractuelle 
 

Les activités de recherche du département Signal & Communications (S&C) 
sont principalement orientées vers le « Traitement du Signal » et les 
« Communications Numériques » qui sont deux composantes fondamentales en 
Technologie de l’Information et de la Communication (TIC). Il existe une très grande 
synergie entre les activités « Signal » et « Communications » au sein du 
département. Nos activités concernent l’étude d’algorithmes sophistiqués, dites 
« Théoriques », mais également leur mise en œuvre « Pratique » sur processeur de 
signal (DSP : Digital Signal Processor). Cette double compétence, « Théorique » et 
« Pratique », associée à la synergie entre le « Signal » et les « Communications » 
constituent une des originalités du département par rapport à d’autres laboratoires de 
recherche dans le même domaine. 

D’autre part, le département collabore avec d’autres départements de l’ENST 
Bretagne sur de nombreux projets de recherche et ce depuis plusieurs années. En 
effet, le département travaille avec le département ITI (Image et Traitement de 
l’Information) dans le domaine du médical et du radar. Le département travaille 
également avec le département ELEC (Electronique) principalement dans le domaine 
du codage correcteur d’erreurs et plus particulièrement sur les « Turbo Codes ». En 
effet, les turbo codes ont été inventés à l’ENST Bretagne grâce à la collaboration 
entre C. Berrou (ELEC) et A. Glavieux (S&C) au début des années 90. Cette 
collaboration s’est amplifiée et élargie au cours des dix dernières années. Plus 
récemment nous avons mis en place des collaborations avec le département RSM 
(Réseaux Sécurité et Multimédia) dans le domaine des réseaux acoustiques sous 
marine. En juin 2000 le CIADT (Comité Interministériel pour l ‘Aménagement du 
Territoire) a retenu le projet Pracom (Pôle de Recherche Avancée en 
Communications http://www.pracom.org/ ) à Brest. Pracom est un laboratoire 
regroupant des chercheurs issus principalement des département S&C, ELEC, MO 
et RSM ainsi que des membres industriels intéressés par le domaine des 
« Communications Numériques ». Ce laboratoire vise à accroître l’interaction entre 
les laboratoires de recherche de ENST Bretagne et les membres industriels dans le 
domaine des communications. 

Grâce aux progrès considérables réalisés en microélectronique ces dernières 
années, les communications numériques sont en mesure d’exploiter des algorithmes 
jusqu’ici réservés au traitement du signal pour des considérations de complexité. La 
tendance est à une accélération de cette évolution qui conduit à une plus grande 
synergie entre le « Signal » et les « Communications ». C’est dans cette optique que 
le département a introduit une organisation transversale en projets par opposition à 
une organisation verticale en groupes de recherche. Cette nouvelle organisation 
favorise l’interaction entre chercheurs avec des compétences complémentaires ce 
qui constitue un facteur favorable à l’émergence d’idées innovantes. La liste des 
projets réalisés au département entre 2005 et 2007 est donnée ci-dessous et une 
fiche est donnée en annexe pour chaque projet. 
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LISTE DES PROJETS 

Signal Mer et Environnement (SME) 

- Galileo signals receivers 

- Blind Deconvolution of marine seismic traces 

- Non Parametric Statistices and Applications 

- Variational region-based approach for textured sonar image segmentation 

- Radar Waveforms 

- Statistical properties of wavelet transforms and applications 

 

Traitement du son et de la parole (TSP) 

- Ultra-High Fidelity sound : La Sphère 

- Speech conversion and speed synthesis 

- Perceptually motivated speech denoising and applications 

 

Transmission Acoustique Sous-Marine (TASM) 

- Improvement of Underwater Acoustic Communications 

- Synchronization techniques for digital receiver 

- Mulipath channels blind deconvolution Application to underwater acoustics 

- A CDMA-BASED Modem Network for Discrete Underwater Communication 

 

Turbo CDMA et Turbo Egalisation (TCTE)  

- Implementation study of CDMA Multi-User detection for UMTS Uplink 

- Opportunistic radio 

- Frequency domain equalization in MIMO environment 

- Iterative (turbo) receiver for space time bit interleaved modulation (STBICM) 

- Free Space Optical 

- Iterative Techniques for Multiuser MIMO Coded Communications 

- Multipath Interference cancellation combined with modified HARQ Chase for HSPDA 

- Blind Frame Synchronization 

- Direct Sequence Differential Ultra-Wide-Band transmission 

 

Advance Coding Project  (ACP) 

- Space Time Error Correcting Coding 

- Study of coding in DNA sequences 

- Reed-Solomon codes and block Turbo Codes 

- Forward Error Correction for the Erasure Channel : Form RS to Network Coding 
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Les projets font apparaître trois grands pôles avec de nombreuses interactions 
entre «Théorie » et « Pratique ». Un pôle « Signal » avec des applications dans trois 
domaines : la mer et l’environnement (Tomographie, Sismique et radar maritime) et 
les télécommunications (Codage de la Parole, Traitement d’antenne et radar 
automobile). Un pôle « Communications » avec l’égalisation temporelle et spatio-
temporelle autodidacte, la turbo-égalisation et le turbo-CDMA. Les applications sont 
principalement la transmission (image, parole et données) sur canal acoustique 
sous-marin (Projet TRIDENT) dans le domaine de la mer, la turbo-égalisation, le 
turbo CDMA, le HSDPA et HSUPA dans le domaine des mobiles. Enfin le dernier 
pôle concerne le « Codage » avec les turbo codes, le codage spatio-temporel et la 
synchronisation des récepteurs. Les applications concernent principalement les 
télécommunications (UMTS, 4°G, FSO, DSL,..) avec qu elques applications non-
traditionnelles (Génome).  

Les projets de recherche sont menés en collaboration avec des partenaires 
industriels. On peut citer France Telecom, avec qui nous avons des liens historiques, 
mais également des grandes entreprises comme Alcatel, Mitsubishi, Texas 
Instruments ou Thales et des PME comme IEE Telecom, Autocruise, Cabasse, 
Compagnie des Signaux ou Sercel et des petites entreprises comme Turbo Concept 
ou Sacet. 
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La recherche au sein des Réseaux 
 

De nombreux travaux de recherche du département sont menés en 
collaboration avec d’autres départements de l’ENST Bretagne (RSM, ITI et ELEC 
principalement). Ces collaborations sont favorables à l’innovation grâce à l’expertise 
complémentaire des partenaires et permettent de mettre en place des projets 
couvrant plusieurs disciplines. Cette stratégie est vitale pour assurer la compétitivité 
à long terme du département en recherche et c’est dans cette optique que nous 
avons participé à la création de PRACom et TAMCIC. 

PRACom (Pôle de Recherche Avancée en Communications) est un laboratoire 
http://www.pracom.org/ qui regroupe des chercheurs de l’ENST Bretagne dans le 
domaine des « Communications » (MO, RSM, ELEC et S&C) associés à des 
industriels. Ce laboratoire a pour objectif de favoriser l’innovation dans le domaine 
des « Communications » en associant des chercheurs avec des compétences 
complémentaires et des industriels. TAMCIC (Traitement Algorithmique et Matériel 
de la Communication, de l’Information et de la Connaissance) est une unité mixte de 
recherche du CNRS (UMR 2872) labellisée en 2004. Cette unité regroupe des 
chercheurs de quatre départements de l’ENST Bretagne (ELEC, S&C, ITI et LUSSI). 
Les activités de recherche sont organisées autour de quatre groupes : 

 

1. «ACC : Algorithmes et Circuits pour les Communications», centré autour du 
codage (turbo codes) et des communications rattaché au thème  « Réseaux 
ambiants et communications mobiles » du CNRS ; 

2. «TIME : Traitement de l’Information pour la Mer et l’Environnement» centré 
autour du traitement du signal et des images appliqué à la Mer et à 
l’Environnement et rattaché aux thèmes  « Imagerie, vision et analyse des 
scènes » et  « STIC & environnement » du CNRS ; 

3. «I2RC : Intelligence des Informations et Réseaux de Connaissance» centré 
autour de l’aide à la décision et l’extraction des connaissances rattaché aux 
thèmes  « Information et Intelligence : raisonner et décider », « Information 
et connaissance : découvrir et résumer » et « Mathématiques de 
l’informatique » du CNRS. 

 

Les chercheurs du département S&C sont principalement impliqués dans les 
activités des groupes ACC et TIME. 

    

Au niveau régional, le département participe à deux projets dans le cadre du 
CPER (Contrat Plan Etat Région). Le premier est intitulé «Développement de 
nouveaux moyens d’exploration géophysique» avec pour partenaires : ENSIETA, 
INRIA-IRISA, UBO-IUEM et Université Rennes-I. Le deuxième concerne 
l’« Acoustique sous-marine » et les partenaires sont : ENSIETA, Ecole Navale, 
EPSHOM, GESMA, IRD, Université Rennes-I. D’autre part, le département participe 
aux actions du G2RA (Groupe Régional de Recherche en Acoustique) qui fédère les 
activités de recherche en acoustique sur la région de Bretagne et de ERASM 
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(Enseignement et Recherche en Acoustique Sous-Marine) qui est plus orienté vers 
l’enseignement et la recherche en Acoustique Sous-Marine. Le département 
contribue également au projet « HALIOD » qui vise à développer en Bretagne des 
équipements pour la prospection pétrolière en mer. 

Au niveau national, le département participe à des projets dans le cadre du  
RNRT, PEA et ANR. De même, au niveau régional le département est impliqué dans 
des projets PRIR et pôles de compétitivité bretons (Images & Réseaux, Mer, 
Automobile Haut de Gamme). 

Le département a tissé des liens avec de nombreux établissements de 
recherche au niveau national et international. Les principaux établissements au 
niveau national sont : Ecole Navale, ENIC, ENSEA, ENSIETA, ENST, EURECOM, 
INT, INPG, INSA de Rennes, Supélec, Université de Bretagne Occidentale, 
Université de Limoges, Université de Lille, Université de Nice, Université de Rennes 
I. Au niveau international les principaux établissements sont : ENIT (Tunisie), INPT 
(Maroc), Politecnico di Torino (Italie), Texas A&M University (USA), Université 
Catholique de Louvain (Belgique), Université de Munich (Allemagne), Université de 
Sherbrook (Canada), Université de Valence (Espagne), Université Mohamed V 
(Maroc), Université Technique de Budapest (Hongrie), Leeds University (UK), 
Chonbuk National University (Corée), PFIEV (Vietnam), Florida Atlantic University 
(USA) et MIT (USA). 

 

La valorisation de la recherche et le rayonnement 
 

La production du département en terme de publications, brevets et thèses sur la 
période 2005-2007 est indiquée dans le tableau ci-dessous (Voir annexe pour la liste 
complète). Un effort particulier est mené depuis fin 2005 sur la publication en revue.  

 

 

Publications  2005 2006 2007 Cumul  

Revues 4 2 10 16 

Conférences  39 43 31 113 

Ouvrages 1 0 2 3 

Brevets 1 3 1 5 

Thèses 1 9 9 19 

Total 46 57 51 156 

 

 

Le département contribue depuis de nombreuses années au « Communication 
Theory Technical Committee» qui organise les sessions portant sur la « Théorie des 
Communications » aux conférences ICC (International Conference on 
Communications) et Globecom (Global Communications Conference).  Ce sont les 
deux conférences majeures en « Communications » au niveau international qui se 
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déroulent annuellement (printemps et automne respectivement) et qui réunissent 
plus de 1200 scientifiques sur quatre jours. Au-delà de ces deux conférences 
majeures, le département participe à l’organisation d’autres conférences telles que : 
ISIVC, ISWCS, ECWT et le symposium turbo codes.D’autre part, les EC du 
département participent à l’expertise d’articles en conférences et revues dans notre 
domaine d’expertise.  

  Enfin, le département consacre un effort particulier à la valorisation des 
brevets et en particulier ceux relatifs aux turbo codes. Cet effort porte sur 
l’optimisation de codes pour des applications spécifiques (mobiles, stockage, 
optique,...) et le suivi des turbo codes dans les instances de normalisation. 

 

Annexes : liste du personnel - thésards - liste des  
publications 
 
 

LISTE DES PERMANENTS  
 
 

 
Prénoms, Noms 

 

 
Qualité 

 
Mots clés 

Abdeldjalil AISSA EL BEY MC Séparation de source, Communications Mobiles et ASM 
Mahmoud AMMAR CA CDMA, HSDPA 
Karine AMIS MC Turbo Codes, MIMO, Codage Spatio-Temporel 
Jean-Marc AUTRET CT  

Jean-Marc BOUCHER Pr (HDR) ECG, SONAR, Sismique, Codage de la parole 

Thierry CHONAVEL Pr (HDR) Traitement d’antennes, Tomographie, CDMA 
Lionel FILLATRE MC Radar 
André GOALIC MC UBO 

(HDR)CA 
Codage de la parole, Turbo Codes, DSP 

Annie GODET CER Récepteurs numérique, Turbo Codes, DSP 
Frédéric GUILLOUD MC Codage correcteur d’erreurs, Turbo codes, LDPC 
Sébastien HOUCKE MC ASM, Egalisation aveugle, synchronisation autodidacte 
Joël LABAT DE Egalisation spatio-temporelle, ASM,  
Christophe LAOT IE Egalisation aveugle, Turbo égalisation, ASM 
Monique LARSONNEUR AG  
Raphaël LE BIDAN MC Turbo codes, Turbo-égalisation, DSP 

Dominique LEROUX IE Récepteurs numériques, Turbo égalisation, DSP 

Benayad NSIRI CA Sismique 
Dominique PASTOR MC Parole et Radar 
Ramesh PYNDIAH DE (HDR) Turbo Codes, UWB, Génome 
Samir SAOUDI Pr (HDR) Codage de la parole, UMTS, CDMA, Turbo CDMA 
Joël TRUBUIL IE Egalisation, DSP, ASM 

 
MC : Maître de Conférences - Pr : Professeur - HDR : Habilitation à Diriger les Recherches   

CA : Chercheur Associé - DE : Directeur d'Etudes - IE : Ingénieur d'Etudes -   
CER : Chargé d'Enseignement et de Recherches - CT : Chargé de Travaux –  

AG : Assistante de Gestion 
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LISTE DES CDD – POST DOCTORANTS  
 

 
Prénoms, Noms 

 

 
Période 

 
Mots clés 

Imen KAROUI Du 01/04/07 au 31/08/08  
Mohamed ET TOLBA Du 01/01/07 au 31/12/08  
Massinissa LALAM Du 01/01/07 au 31/12/07  
Guillaume SICOT Du 15/04/06 au 15/04/07  
Patrice L’HOUR Du 01/04/06 au 31/03/07  
F. Xavier SOCHELEAU Du 01/11/07 au 31/10/08  
Quoc Anh BUI Du 25/10/07 au 15/03/08  
Philippe GALAUP Du 01/10/07 au 30/09/08  

 
 
 

LISTE DES VISITEURS 
 
 

 
Prénoms, Noms 

 

 
Qualité  et Organisme d’appartenance  

 

 
Date du séjour à l’ENST Bretagne 

Dai KIMURA Ingénieur recherche et développement  
- Sté Fujitsu Laboratories - Japon 

du 01/09/04 au 31/08/05 

Jihong YUAN Professeur – University of New South Wales  
 Sydney - Australie 

 
du 14/11/05 au 25/11/05 

Krishna NARAYANAN Professeur – Texas AM Du 03/03/05 au04/03/05 
Muriel MEDARD MIT – Boston - USA Du 23/05/05 au 31/07/05 et  

Du 30/05/06 au 18/06/06 
Do-Hong TUAN Professeur – Faculté de Ho Chi Minh - 

Vietnam 
 

Du 01/10/06 au 31/10/06 
Ta-Tri NGHIA Professeur – Faculté de Ho Chi Minh - 

Vietnam 
Du 17/04/06 au 25/05/06 
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LISTE DES THESARDS PRESENTS PAR ANNEE 

 
 
 
ANNEE 2005 
 
 
 
NOMS SOUTENANCE SUJET DE THESE 
ZHOU Rong 2005 Contribution à l’optimisation du codage spacio-temporel pour 

les mobiles de 4ème génération 
MORENO Olivier 2005 Amélioration d'une chaîne de transmission xDSL 
AIT IDIR Tarik 2006 Iterative Space-Time Processing for Broadband Wireless 

Communications 
AYELA Benoit 2006 Dispositifs d’égalisation spatio-temporelle autodidacte 

appliqués aux systèmes à flot continu de données et aux 
systèmes de transmission en mode paquets 

BRACAMONTES 
DEL TORO 

2006 Traitement multi-capteurs pour les communications CDMA 

ET TOLBA 
Mohamed 

2006 Transmission de données pour le HSDPA et études des 
algorithmes HARQ 

FEK Mark 2006 Compression de la parole et des signaux audio dans le 
domaine transformé 

LALAM Massinissa 2006 Optimisation d’une concaténation code correcteur d’erreur et 
code espace temps pour les systèmes multi-entrées multi-
sorties. 

MOURAD Abdel-
Majid 

2006 Etude d’un système MC-CDMA utilisant des antennes 
multiples 

RABASTE Olivier 2006 Tomographie acoustique océanique 
ROUBIA Soufiane 2006 Introduction de critères acoustiques pour la synthèse de la 

parole 
SICOT Guillaume 2006 Etude de codage dans le génome 
BEN RHOUMA 
Ons 

2007 Techniques spatio-temporelles appliquées au contexte des 
communications acoustiques. 

DOUKKALI Hayat 2007 Réseaux de données en acoustiques sous-marine 
GERMAIN Michaël 2007 Fusion d'informations multi-sources pour la cartographie 

forestière 
JARIFI Safaa 2007 Segmentation automatique de corpus de parole continue 

dédiés à la synthèse vocale 
KAROUI Imen 2007 Segmentation, classification et fusion d’images sonar à 

différentes résolutions pour caractériser les fonds marins 
LE JOSSE Nicolas 2007 Récepteurs MIMO itératifs. 
SHAIEK Hmaied 2007 Conception et réalisation d’un système radio auto-

configurable pour le home cinéma grand public 
TOUZRI Makram 2007 Implémentation électronique de la turbo multi-détection 
CHANGUEL 
Samar 

2008 Décodage à entrée et sortie pondérée des codes de Reed-
Solomon, application aux turbo-codes produits. 

EN NAJJARY 
Taoufik 

2008 Transformation de voix pour la synthèse vocale par 
modification des paramètres spectraux et porsodiques 

SALEM Faten 2008 Etude de systèmes ultra wide band 
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ANNEE 2006 
 
NOMS SOUTENANCE SUJET DE THESE 
AIT IDIR Tarik 2006 Iterative Space-Time Processing for Broadband Wireless 

Communications 
BRACAMONTES DEL 
TORO 

2006 Traitement multi-capteurs pour les communications CDMA 

ET TOLBA Mohamed 2006 Transmission de données pour le HSDPA et études des 
algorithmes HARQ 

FEK Mark 2006 Compression de la parole et des signaux audio dans le 
domaine transformé 

LALAM Massinissa 2006 Optimisation d’une concaténation code correcteur d’erreur et 
code espace temps pour les systèmes multi-entrées multi-
sorties. 

MOURAD Abdel-Majid 2006 Etude d’un système MC-CDMA utilisant des antennes 
multiples 

RABASTE Olivier 2006 Tomographie acoustique océanique 
SICOT Guillaume 2006 Etude de codage dans le génome 
BEN RHOUMA Ons 2007 Techniques spatio-temporelles appliquées au contexte des 

communications acoustiques. 
CHANGUEL Samar 2007 Décodage à entrée et sortie pondérée des codes de Reed-

Solomon, application aux turbo-codes produits. 
GERMAIN Michaël 2007 Fusion d'informations multi-sources pour la cartographie 

forestière 
KAROUI Imen 2007 Segmentation, classification et fusion d’images sonar à 

différentes résolutions pour caractériser les fonds marins 
SHAIEK Hmaied 2007 Conception et réalisation d’un système radio auto-

configurable pour le home cinéma grand public 
ADAM Ioana 2008 Réduction du bruit de type speckle par filtrage multirésolution 
AMERHAYE Asmaa 2008 Débruitage non linéaire de la parole et applications 
ARMANDO Patricia 2008 Égalisation fréquentielle pour MIMO 
BRAHIM Fadoua 2008 Techniques de positionnement satellitaire avec le système 

Galiléo 
DEJEAN Laurent 2008 Détection de petites cibles en milieu côtier par radar 

aéroporté 
ET TABACH Mohamed 2008 Thèse CIFRE – France Télécom 
EYNARD Goulven 2008 Techniques d’égalisation et de synchronisation pour les 

récepteurs numériques 
GRAJA Salim 2008 Segmentation et classification de signaux ECG 
KABAT Andrjez 2008 Méthodes de décodage canal avancées et adaptation au 

code source-canal conjoint 
SALEM Faten 2008 Etude de systèmes ultra wide band 
THEPIE FAPI 
Emmanuel 

2008 Thèse CIFRE - Siemens 

TROUDI-GHORBEL 
Molka 

2008 Analyse stochastique de données génétiques 

BAZZI Ali 2009 Contribution à la définition de nouveaux systèmes d’aide à la 
conduite automobile 

DRISSI Noomane 2009 Déconvolution aveugle de signaux sismiques 
IMAD Rodrigue 2009 Techniques de synchronisation aveugle 
MAHMANNE ATTO 
Abdourahamane 

2009 Détection et estimation paramétrique 

OUERTANI Karim 2009 Détection multi-utilisateurs pour les modems acoustiques 
sous-marines 

WAHIBI Issam 2009 Algorithmes de précodage et d’annulation de la diaphonie 
dans les systèmes MIMO de transmission haut-débit sur 
support cuivre (thèse CIFRE, FT R&D) 

ZRIBI Amin 2009 Décodage conjoint source-canal des codes entropiques. 
Application à la transmission d’images 
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ANNEE 2007 
 
NOMS SOUTENANCE SUJET DE THESE 
ADAM Ioana 2008 Réduction du bruit de type speckle par filtrage multirésolution 
AMERHAYE Asmaa 2008 Débruitage non linéaire de la parole et applications 
ARMANDO Patricia 2008 Égalisation fréquentielle pour MIMO 
BRAHIM Fadoua 2008 Techniques de positionnement satellitaire avec le système 

Galiléo 
CHANGUEL Samar 2008 Décodage à entrée et sortie pondérée des codes de Reed-

Solomon, application aux turbo-codes produits. 
DEJEAN Laurent 2008 Détection de petites cibles en milieu côtier par radar 

aéroporté 
ET TABACH Mohamed 2008 Thèse Cifre – France Telecom  
EYNARD Goulven 2008 Techniques d’égalisation et de synchronisation pour les 

récepteurs numériques 
GRAJA Salim 2008 Segmentation et classification de signaux ECG 
KABAT Andrjez 2008 Méthodes de décodage canal avancées et codage pour 

réseaux 
SALEM Faten 2008 Etude de systèmes ultra wide band 
THEPIE FAPI 
Emmanuel 

2008 Thèse Cifre Siemens 

TROUDI-GHORBEL 
Molka 

2008 Analyse stochastique de données génétiques 

BAZZI Ali 2009 Contribution à la définition de nouveaux systèmes d’aide à la 
conduite automobile 

DRISSI Noomane 2009 Déconvolution aveugle de signaux sismiques 
IMAD Rodrigue 2009 Techniques de synchronisation aveugle 
MAHMANNE ATTO 
Abdourahamane 

2009 Détection et estimation non-paramétrique 

OUERTANI Karim 2009 Détection multi-utilisateurs pour les modems acoustiques 
sous-marines 

WAHIBI Issam 2009 Algorithmes de précodage et d’annulation de la diaphonie 
dans les systèmes MIMO de transmission haut-débit sur 
support cuivre (thèse CIFRE, FT R&D) 

ZRIBI Amin 2009 Décodage conjoint source-canal des codes entropiques. 
Application à la transmission d’images 

CHAFNAFI Houda 2010 Algorithmes avancés en réception pour les systèmes MIMO : 
application au système HSDPA. 

CHARKI Sabah 2010 Bourse Cifre – Autocruise 
DO Cong Thang 2010 Commandes audiovisuelles dans le contexte automobile 
EL HASSANI Sanae 2010 Thèse Cifre - FT R&D 
EL JAMAI Messaoud 2010 Co-tutelle 
GODOY Elizabeth 2010 Bourse Cifre FT R&D 
LASHINI Cyrine 2010 Co-tutelle 
LE FORT Riwal 2010 Bourse Ifremer 
MINAOUI Kalid 2010 Génération conjointe de séquences pseudo-aléatoires et 

diversité de formes d’onde de signalisation 
NDO Gaétan 2010 Bourse cifre 
SAYED HASSAN 
Mohamed 

2010 Codage Espace-Temps correcteur d’erreurs 
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Liste des publications 
 
Année 2005  
 
Article de revue avec comité de lecture 
 
AL HOUSSEINI Ali, CHONAVEL Thierry, SAOUDI Samir Conjugate-gradient based iterative  
interference concellation in DS-CDMA systems.  Journal Marocain d'Automatique, d'Informatique 
et de Traitement du Signal, Dec 2005, pp. 1-14  
 
GRAJA Selim, BOUCHER Jean-Marc  Hidden Markov tree model applied to ECG delineatio n.  
IEEE transactions on instrumentation and measurement, 2005, vol. 54, n°6, pp. 2163-2168 
 
LAOT Christophe, LEROUX Dominique, LE BIDAN Raphaël Low-complexity MMSE turbo 
equalization :  a possible solution for EDGE.  IEEE transactions on wireless communications, Mai 
2005, vol. 4, n°3 , pp.  965-974  
 
PASTOR Dominique On the coverage probability of the Clopper-Pearson confidence interval.  
Buletinul 850;tiin 355;ific al University "Politehnica" din Timisoara, Seria ELECTRONIC 258; 351;i 
TELECOMUNICA 354;II, Transactions on  Electronics and Communications, 2005, vol. 50, n°64-2   
 
Autre rapport 
 
ET TOLBA Mohamed, AMMAR Mahmoud, SAOUDI Samir Transmission des canaux de contrôles 
pour  le HSDPA.  2005  
 
ET TOLBA Mohamed, SAOUDI Samir, AMMAR Mahmoud Transmission de données pour le 
HSDPA et  étude des algorithmes HARQ (Contrat France Télécom) .  janv 2005 
 
Brevet 
 
HOUCKE Sébastien, SICOT Guillaume Procédé et dispositif de synchronisation trame.  Propriété 
GET/ENST Bretagne. 0501748, FT R&D, 18/02/2005  
 
Collection des rapports de recherche de l’ENST Bret agne 
 
JARIFI Safaa, PASTOR Dominique, ROSEC Olivier Segmentation automatique de la parole 
naturelle  spontanée. Contrat France Télécom N°3ZFCIF402. Rapp ort d'avancement, version 1 .  
Brest : GET/ENST Bretagne, 2005, 59 p. (Collection des rapports de recherche de l'ENST Bretagne, 
RR- 2005002-SC, ISSN 1255-2275)  
 
 
Communication dans une conference à comité de lectu re 
 
AIT IDIR Tarik, SAOUDI Samir, NAJA Najib Efficient Turbo-Detection for MIMO Systems with Fla t 
Fading.  5th International Conference on ITS Telecommunications, Brest, France - Juin 2005, 2005 
 
AMIS CAVALEC Karine, LEROUX Dominique Predictive Decision Feedback Equalization for 
Space  Time Block codes with orthogonality in frequency do main.  PIRMC 2005 - Berlin - 
september, 2005 
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AIT IDIR Tarik, SAOUDI Samir Low-Complexity MMSE Turbo Equalization with Success ive  
Interference Cancellation for MIMO-ISI Channels.  PIMRC'05 - Berlin, Germany - septembre 2005, 
2005 
 
BEN RHOUMA Ons, HOUCKE Sébastien, BOUALLEGUE Ammar A Statistical Modelling of the  
Underwater Acoustic Channel.  ICES 2005 - Aberdeen - UK - September, 2005 
 
BERROU Claude, LE BIDAN Raphaël, PYNDIAH Ramesh, ADDE Patrick, DOUILLARD Catherine An  
overview of turbo codes and their applications.  ECWT'05 : Proceedings of the 2nd European 
Conference on Wireless Technology, October 3-4, Paris, France - 3-4 oct. 2005, IEEE, 2005, pp. 1-9 
 
BRACAMONTES DEL TORO Humberto, PERSON Christian, COUPEZ Jean-Philippe, TOUTAIN 
Yann, CHONAVEL Thierry, GORON Erwan A flexible test-bed for developing UMTS multi-anten na 
applications.  Conférence Européenne Propagation et Systèmes - Brest, 2005  
 
DEBAIL B., SHAIEK Hmaied Radiated sound field analysis of loudspeaker system s : discrete  
geometrical distribution of circular membranes vers us co-incident annular rings.  119th AES 
Convention - octobre 2005, 2005, vol. 6583  
 
ET TOLBA Mohamed, SAOUDI Samir, VISOZ Raphaël, AMMAR Mahmoud Les performances du  
système HSPDA sur un canal à trajet multiple.  TAIMA 05 - Septembre - Hammamet TUNISIE, 
2005 
 
GOALIC André, LABAT Joël, TRUBUIL Joël, LAPIERRE Gérard Real time low bit rate speech  
transmission through underwater acoustic channel.  Oceans'05 - France - Brest - juin, 2005  
 
GRAJA Selim, BOUCHER Jean-Marc SVM classification of patients prone to atrial fibr illation.  
WISP 2005, Faro - Portugal, 1-3 septembre 2005, 2005  
 
GRAJA Selim, BOUCHER Jean-Marc, SAMET A Sélection des paramètres pour la détection de 
risque  de fibrillation auriculaire.  TAIMA 2005, Hammamet - Tunisie, 26-30 septembre, 2005 
 
JARIFI Safaa, PASTOR Dominique, ROSEC Olivier Modèle GMM et algorithme de Brandt pour la  
correction de la segmentation de la parole par HMM.   GRETSI'05 - Louvain-La-Neuve - Belgique - 
septembre 2005, 2005  
 
JARIFI Safaa, PASTOR Dominique, ROSEC Olivier Application de l'analyse multi-résolution à la  
segmentation de corpus de parole dédiés à la synthè se vocale.  TAIMA 2005 - Hammamet - 
Tunisie, 2005  
 
JARIFI Safaa, ROSEC Olivier, PASTOR Dominique Brandt's GLR method & refined HMM 
segmentation  for TTS synthesis application.  EUSIPCO'05 - Antalya - Turkey - September, 2005  
 
KAROUI Imen, FABLET Ronan, AUGUSTIN Jean-Marie, BOUCHER Jean-Marc Statistical  
discrimination of seabed textures in sonar images u sing concurence statistics.  Oceans 2005, 
July 20-23, Brest,  France, 2005, pp. 605-610  
 
KAROUI Imen, FABLET Ronan, BOUCHER Jean-Marc, AUGUSTIN Jean-Marie Sélection de  
statistiques de co-occurrence pour la classificatio n des textures.  TAIMA 2005 - Hammamet - 
Tunisie - 26-30 septembre, 2005  
 
KIMURA Dai, PYNDIAH Ramesh, GUILLOUD Frédéric Application of  non-binary LDPC codes for  
small packet transmission in vehicle communications .   5th International Conference on ITS 
telecommunications, June 27-29, Brest, France, 2005, pp. 109-112  
 
LALAM Massinissa, LEROUX Dominique, AMIS CAVALEC Karine On the use of Reed-Solomon 
codes  in Space-Time coding.  PRIMRC'05, 2005  
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LAOT Christophe, LE JOSSE Nicolas A closed-Form Solution for the Finite Length Consta nt 
Modulus  Receiver.  ISIT 3005, Adelaide, Australia, September 4-9, 2005  
 
LAPIERRE Gérard, LABAT Joël, TRUBUIL Joël, SAOUDI Samir, COINCE P., COATELAN Stéphane, 
AYELA Gérard, GOALIC André, BEUZEULIN Nicolas 1995-2005 : Ten years of active research on  
underwater acoustic communications in Brest.  Oceans'05 - France - Brest - june, 2005 
 
LE CHENADEC Gilles, BOUCHER Jean-Marc Sonar image segmentation using the angular  
dependence of backscattering distributions.  Oceans 2005 - Brest - France - 20-23 juillet 2005, 
2005  
 
MOURAD Abdel Majid, GUEGUEN A., PYNDIAH Ramesh Impact of the MC-CDMA Physical Layer  
Algorithms on the Downlink Capacity in a Multi-Cell ular Environment.  62nd IEEE Vehical 
Technology Conference Fall 2005, Dallas, 2005  
 
MOURAD Abdel Majid, PYNDIAH Ramesh, GUEGUEN A. Quantifying the Impact of the MC-CDMA  
Physical Layer Algorithms on the Douwnlink Capacity  in a Multi-Cellular Environment.  5h 
International Workshop on Multi-Carrier Spread Spectrum - MCSS'05) sept. 2005, 2005 
 
MOURAD Abdel Majid, PYNDIAH Ramesh, GUEGUEN A. Interface between Link and System 
Level  Simulations for Douwnlink MC-CDMA Cellular Systems.   11th European Wireless 2005 
Conference, Nicosia, april 2005, 2005  
 
PASTOR Dominique un théorème limite  et un test pour la détection no n paramétrique de 
signaux  dans un bruit blanc Gaussien de variance inconnue.  GRETSI 2005 - Louvain La Neuve - 
Belgique, 2005  
 
PASTOR Dominique Two results in statistical decision theory for dete cting signals with 
unknown  distributions and priors in white Gaussian noise.  AMSDA'05 : International Symposium 
on Applied Stochastic Models and Data Analysis, 17-20 mai, Brest, France, 2005  
 
RABASTE Olivier, CHONAVEL Thierry Multipath channel estimation via the MPM algorithm.  
EUSIPCO'05 - Antalya - Turkey - september 2005, 2005 
 
RABASTE Olivier, CHONAVEL Thierry On the furtivity of signals used in Oceanic Acousti c 
Tomography experiments.  Oceans'05 Europe - Brest - France - juin 2005, 2005 
 
SALEM Faten, BOUALLEGUE Ammar, PYNDIAH Ramesh Simulation d'un système de 
transmission  UWB multi-utilisateurs synchrones.  SETIT 2005 - Tunisie - 27-31 mars, 2005 
 
SALEM Faten, BOUALLEGUE Ammar, PYNDIAH Ramesh Synchronization Usign an Adaptative 
Early-  Late Algorithm for IR-TH-UWB Transmission in Multip ath Scenarios.  ISWCS 2005 - Siena 
- Italy - 5-7 september, 2005  
 
SALEM Faten, PYNDIAH Ramesh, BOUALLEGUE Ammar Détection multi-utilisateurs 
asynchrones  dans un système UWB.  Colloque International Telecom'2005 - Rabat - Maroc - 23-24 
mars, 2005  
 
SALEM Faten, PYNDIAH Ramesh, BOUALLEGUE Ammar New Multiple Access Frame Differential 
DS- UWB System.  UWBNETS - Boston - USA - October, 2005 
 
SHAIEK Hmaied, DEBAIL B., DIQUELOU P.Y., KERNEIS Y., BOUCHER Jean-Marc Apport d'une  
répartition co-axiale des hauts-parleurs d'une sour ce audio à voies multiples.  TAIMA 2005, 
Hammamet - Tunisie - 26-30 septembre, 2005  
 
SICOT Guillaume, HOUCKE Sébastien Blind detection of interleaver parameters.  ICCASP'05 - 
Philadelphie - USA, 2005  
 
SICOT Guillaume, HOUCKE Sébastien Etude statistique du seuil  dans la détection d'ent relaceur.  
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GRETSI 2005 - Louvain La Neuve - Belgique, 2005 
 
 
SICOT Guillaume, PYNDIAH Ramesh Etude des parties codantes de l'ADN en fonction du sens  
lecture.  GRETSI 2005 - Louvain La Neuve - Belgique, 2005 
 
TOUZRI Makram, ADDE Patrick, KEROUEDAN Sylvie, SAOUDI Samir Implantation d'un récepteur  
multi-utilisateurs pour la liaison montante UMTS.  GRETSI'05 : 20ème colloque sur le traitement 
du signal et des images, 6-9 septembre, Louvain-La-Neuve, Belgique, 2005 
 
VINCENT Damien, CHONAVEL Thierry, ROSEC Olivier Estimation du signal glottique basée sur 
un  modèle ARX.  GRETSI 05 - Louvain Belgique - septembre 2005, 2005 
 
VINCENT Damien, ROSEC Olivier, CHONAVEL Thierry Estimation of LF glottal source 
parameters  based on ARX model.  Interspeech-Eurospeech, Lisboa, sept. 05, 2005 
 
Livres 
 
GLAVIEUX Alain, DOUILLARD Catherine, PICART Annie, PYNDIAH Ramesh, VATON Sandrine, 
POLI Alain, JEZEQUEL Michel, BIGLIERI Ezio, ADDE Patrick, BATTAIL Gérard, BERROU Claude 
Codage de  canal - des bases théoriques aux turbocodes (sous l a direction de Alain 
GLAVIEUX).  Paris : Hermès Science / Lavoisier, 2005, 453 p. (Traité IC2 : Traitement du signal et de 
l'image), ISBN 2-7462-0953-5 
 
Thèse ou HDR 
 
ZHOU Rong Etude des Turbo Codes en Blocs Reed-Solomom et leur s applications.   GET/ENST 
Bretagne : 2005  
 
 

 
Année 2006  
 
Article de revue avec comité de lecture  
 
HOUCKE Sébastien, CHEVREUIL Antoine Characterization of the undesirable global minima o f 
the  Godard cost function: case of noncircular symmetric  signals.  IEEE transactions on signal 
processing, Mai 2006, vol. 54, n°5, pp. 1917-1922   
 
JARIFI Safaa, PASTOR Dominique, ROSEC Olivier Improved automatic speech segmentation of 
large corpora with application to speech synthesis . Speech communication, 2006, n° november 
 
 
Autre rapport 
 
OUERTANI Karim, HOUCKE Sébastien, SAOUDI Samir, AMMAR Mahmoud Réseau de modems 
acoustiques discrets  – contrat REMODI – SERCEL 2006 
 
DRISSI Noomane, CHONAVEL Thierry, BOUCHER Jean-Marc, RABASTE Olivier, FROMY Pierre 
Déconvolution aveugle des signaux sismiques multi-t irs.  2006 

 
Brevet 
 
KIMURA Dai, PYNDIAH Ramesh, GUILLOUD Frédéric Wireless Communication System Method 
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for  Constructing That Wireless Communication System, an d Receiver.  Propriété  Fujitsu, 
GET/ENST Bretagne. PCT/IB2006/003620, 18/09/2006  
 
KIMURA Dai, PYNDIAH Ramesh, GUILLOUD Frédéric Parity check matrix construction method 
and  system and transmitter and receiver.  Propriété  Fujitsu, GET/ENST Bretagne. 01/03/2006  
 
 
SHAIEK Hmaied, DEBAIL Bernard, BOUCHER Jean-Marc Dispositif et procédé de filtrage d'un 
signal  d'activation destiné à alimenter un haut-parleur à membranes co-axiales, enceinte 
acoustique,  programme informatique et moyens de stockage corrre spondant.  Propriété  
Cabasse, GET/ENST Bretagne. 06/04533, 19/05/2006  
 
Collection des rapports de recherche de l’ENST Bret agne 
 
ATTO Abdourrahmane M., PASTOR Dominique, ISAR Alexandru Asymptotic analysis of the  
autocorrelation funbction of the wavelet packet coe fficients of a band-limited wide-sense 
stationary  random process.  Brest : GET/ENST Bretagne, 2006, 36 p. (Collection des rapports de 
recherche de l'ENST Bretagne, RR-2006005-SC, ISSN 1255-2275)  
 
PASTOR Dominique A limit theorem for processing signals that have un known probability  
distributions and unknown probabilities of presence  in white Gaussian noise .  Brest : 
GET/ENST Bretagne, 2006, 37 p. (Collection des rapports de recherche de l'ENST Bretagne, RR-
2006007-SC, ISSN 1255-2275)  
 
PASTOR Dominique On the coverage probability of the Clopper-Pearson confidence interval.  
Brest : GET/ENST Bretagne, 2006, 11 p. (Collection des rapports de recherche de l'ENST Bretagne, 
RR- 2006002-SC, ISSN 1255-2275)  
 
Communication dans une conférence à comité de lectu re 
 
AIT IDIR Tarik, SAOUDI Samir Efficient MMSE-based space-time turbo equalization in the 
presence  of co-channel interference.  VTC 2006 : IEEE 63rd Vehicular Technology Conference, 7-
10 May, Melbourne, Australia, 2006, vol. 3, pp. 1482-1486 
 
AIT IDIR Tarik, SAOUDI Samir Successive Interference Cancellation Turbo Receiver s for 
Frequency  Selective Fading MIMO Systems.  ISCCSP'06 Marrakech, Maroc - Mars 2006, 2006 
 
AMEHRAYE Asmaa, BEN JEBARA S., PASTOR Dominique On the application of recent results in  
statistical decision and estimation theory to perce ptual filtering of noisy speech signals.  
ISCCSP 2006 : 2d international symposium on Control, Communications and Signal Processing, 13-
15 March, Marrakech, Morocco, 2006 
 
AMEHRAYE Asmaa, PASTOR Dominique Speech enhancement and psychoacoustics.  European 
Mathematical Psychology group :  37ème meeting, 11-13 septembre, Brest, France, 2006 
 
ATTO Abdourrahmane M., ISAR Alexandru, PASTOR Dominique On the asymptotic decorrelation 
of the  wavelet packet coefficients of a wide-sense station ary random process.  ECT 2006 : 
International symposium on electronics and telecommunications, September 21-23, Timisoara, 
Roumanie, 2006  
 
BARBIER J., SICOT Guillaume, HOUCKE Sébastien Algebric approach of the linear and 
convolutional  error coding world.  CCIS 2006 : 3d international conference on Cryptography, 
Coding & Information Security, November 24-26, Venice, Italy, 2006  
 
BEN RHOUMA Ons, HOUCKE Sébastien, BOUALLEGUE Ammar Turbo deflation : quest of turbo 
effect.   ISIVC 2006 : 3d international symposium on image/video communications over fixed and 
mobile networks, September 13-15, Hammamet, Tunisia, 2006  
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BRUGGER Fabian, NI Yang, ZOUARI Leila, AMEHRAYE Asmaa, CHOLLET Gérard, PASTOR 
Dominique, BREDIN Hervé Reconnaissance audiovisuelle de la parole par VMike .  JEP : 
XXVIèmes Journées d'Etudes sur la Parole, 12-16 juin,  Dinard, France, 2006  
DE MEULENEIRE Mickael, DE ZELICOURT Olivier, PASTOR Dominique, TADDEI Hervé A CELP-  
Wavelet scalable wideband speech coder.  ICASSP'06 : IEEE International Conference on 
Acoustics, Speech and Signal Processing, May 14-19, Toulouse, France, 2006, pp. 1-1-  
 
DOUKKALI Hayat, HOUCKE Sébastien, NUAYMI Loutfi Power and distance based MAC 
algorithms for  underwater acoustic networks.  Oceans'06, September 18-21, Boston, 
Massachusetts, USA, 2006 
 
ET TOLBA Mohamed, AMMAR Mahmoud, SAOUDI Samir A simplified simulator of the Rake 
receiver in  the HSDPA system.  ISCCSP 2006 : 2d international symposium on communications, 
control and signal processing, March 13-15, Marrakech, Morocco, 2006  
 
ET TOLBA Mohamed, AMMAR Mahmoud, VISOZ Raphaël, SAOUDI Samir Hybrid ARQ for HSDPA 
over  block fading channel and time varying channel.  ISIVC'06 : 3d International Symposium on 
Image/Video Communications over fixed and mobile Networks, September 13-15, Hammamet, 
Tunisie, 2006 
 
EYNARD Goulven, LAOT Christophe Implementation of a blind adaptive decision feedbac k 
equalizer.  EUSIPCO 06 : 14th European Signal Processing Conference, September 4-8, Florence, 
Italy, 2006  
 
FENG Dongning, AMIS CAVALEC Karine, YUAN Jinhong Rate compatible shortened  turbo 
product  codes.  VTC 2006 : IEEE 63rd Vehicular Technology Conference, 7-10 May, Melbourne, 
Australia, 2006, vol. 5, pp. 2489-2493  
 
GOALIC André, TRUBUIL Joël, BEUZEULIN Nicolas Channel coding for underwater acoustic  
communication system.  Oceans'06, September 18-21, Boston,  Massachusetts, USA, 2006 
 
HOUCKE Sébastien, SICOT Guillaume Blind frame synchronisation for block code.  EUSIPCO 
2006, Florence - Italie, 2006 
 
HOUCKE Sébastien, SICOT Guillaume, DEBBAH M Bling detection for block coded Interleaved  
Division Multiple Acces.  GLOBECOM, San Francisco - USA, 2006  
 
JARIFI Safaa, PASTOR Dominique, ROSEC Olivier Cooperation between global and local 
methods for  automatic segmentation of speech synthesis corpora.   Interspeech - ICSLP 2006 : 
International Conference on Spoken Language Processing September 17-21, Pittsburgh PA, USA, 
2006 
 
JARIFI Safaa, ROSEC Olivier, PASTOR Dominique Coopération entre méthodes locales et 
globales  pour la segnmentation automatique de corpus dédiés à la synthèse vocale.  JEP 2006 
: XXVIes Journées d'Étude sur la Parole - poster session, 12-16 juin, Dinard,France, 2006  
KAROUI Imen, BOUCHER Jean-Marc, AUGUSTIN Jean-Marie, FABLET Ronan Region-based 
image  segmentation using texture statistics and level-set  methods.  ICASSP 2006 : IEEE 
international conference on Acoustics, Speech and Signal Processing, May 14-19, Toulouse, France, 
2006, vol. 2, pp. 817-820  
 
KAROUI Imen, FABLET Ronan, AUGUSTIN Jean-Marie, BOUCHER Jean-Marc Separability-based  
kullback divergence weighting and filter selection for texture classification and segmentation.  
ICPR'06 : 18th International Conference on Pattern Recognition, August 20-24,Hong-Kong, Chine, 
2006 
 
KAROUI Imen, FABLET Ronan, BOUCHER Jean-Marc, AUGUSTIN Jean-Marie Region based and  
incidence dependent segmentation of seabed sonar im ages using a level set approach 
combined to  local texture statistics.  Oceans'06, Asia Pacific IEEE conference, 16-19 may, 
Singapore, 2006  
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KAROUI Imen, FABLET Ronan, BOUCHER Jean-Marc, AUGUSTIN Jean-Marie Segmentation de  
textures par une approche combinée contours actifs basés  région et distributions de co-  
occurrence.  ISIVC 2006 : 3d international symposium on image/video communications over fixed 
and mobile networks, September 13-15, Hammamet, Tunisia, 2006  
 
KIMURA Dai, GUILLOUD Frédéric, PYNDIAH Ramesh Construction of parity-check matrices for 
non-  binary LDPC codes.  4th international symposium on turbo codes and related topics, April 3-7, 
Munich, Allemagne, 2006  
 
LALAM Massinissa, AMIS CAVALEC Karine, LEROUX Dominique Sliding encoding window for 
Reed- Solomon code decoding.  ISTC'06 : 4th International Symposium on Turbo Codes and 
related topics, April 3-7, Munich, Germany, 2006 
 
LALAM Massinissa, FENG Dongning, LEROUX Dominique, YUAN Jinhong, AMIS CAVALEC Karine 
An  improved iterative decoding algorithm for block tur bo codes.   ISIT'06 : IEEE International 
Symposium on Information Theory, July, Seattle, USA, 2006, pp. 2403-2407 
 
LE JOSSE Nicolas, AMIS CAVALEC Karine, LAOT Christophe Performance  validation for MMSE 
turbo  equalization in ST-BICM systems.  VTC 2006 Fall : 64th IEEE Vehicular Technology 
Conference, September 25-28, Montreal, Canada, 2006  
 
OLTEAN Marius, BOUCHER Jean-Marc, ISAR Alexandru Map filtering in the diversity-enhanced  
wavelet domain applied to ECG signal denoising.  ICASSP-06 : International conference on 
Acoustics, Speech and Signal Processing, may 15-19, Toulouse, France, 2006, vol. 2, pp. 1196-1199  
 
PAL SINGH MAKH Vansh, GODET Annie, LEROUX Dominique The MMSE IC-LE Turbo Equalizer 
with  iterative channel estimation ont he TI TMS320C6201 DSP.  EDERS 2006 European DSP 
Education of Research Symposium - Germany - Munich - 4 avril 06, 2006  
 
PAL SINGH MAKH Vansh, LEROUX Dominique, GODET Annie Iterative Channel Estimation for 
the  MMSE IC-LE Turbo Equalizer on TI TMS320C6201 32-bit  fixed-point DSP.  ISTC 2006 - 
Germany - Munich - 3-7avril, 2006  
 
PASTOR Dominique Estimating the standard deviation of some additive white Gaussian noise 
on the  basis of non signal-free observations.  ICASSP'06 : IEEE International Conferece on 
Acoustics, Speech and Signal Processing, 14-19 mai, Toulouse, France, IEEE, 2006, pp. 3-  
 
PASTOR Dominique, AMEHRAYE Asmaa From non parametric statistics to speech denoising.   
ISIVC 2006 : 3d international symposium on image/video communications over fixed and mobile 
networks, September 13-15, Hammamet, Tunisia, 2006  
 
RABASTE Olivier, CHONAVEL Thierry Channel estimation in the presence of multipath Dop pler 
by  means of pseudo-noise sequences.  EUSIPCO 06 : 14th European Signal Processing 
Conference, September 4-8, Florence, Italy, 2006  
 
SHAIEK Hmaied, BOUCHER Jean-Marc, KERNEIS Y., DEBAIL B. Design and real-time 
implementation  of a digital filter bank dedicated to co-axial loud speaker systems.  ISIVC'06 : 3d 
International Symposium on Image/Video Coded over fixed and mobile Networks, September 13-15, 
Hammamet, Tunisie, 2006  
 
SHAIEK Hmaied, DEBAIL B., BOUCHER Jean-Marc, DIQUELOU P.Y., KERNEIS Y. An optimized 
full-  bandwidth 20Hz-20kHz, digitally controlled co-axial  source.  121st AES (Audio Engineering 
Society, October 5-8, San Francisco, USA, 2006, vol. n° 6813  
 
SHAIEK Hmaied, DIQUELOU P.Y., KERNEIS Y., DEBAIL B., BOUCHER Jean-Marc Enhanced 
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control of  sound field radiated by co-axial loudspeaker system s using Digital Signal 
Processing Techniques.  120th Convention of the Audio Engineering Society, 21-23 mai, Paris, 
France, 2006 
 
SICOT Guillaume, HOUCKE Sébastien Theoretical study of the performance of a blind int erleaver  
estimator.  ISIVC 2006 : 3d international symposium on image/video communications over fixed and 
mobile networks, September 13-15, Hammamet, Tunisia, 2006  
 
THEPIE Emmanuel, TADDEI Hervé, PASTOR Dominique, BEAUGEANT Christophe Echo reduction  
based on speech codec parameters.  IWAENC'06 : International Workshop on Acoustic Echo and 
Noise Control, 12-14 septembre, Paris, France, 2006 
 
TOUZRI Makram, ADDE Patrick, SAOUDI Samir, KEROUEDAN Sylvie Etude des performances et 
de la  complexité d'un détecteur conjoint innovant appliqu é à l'UMTS.  ISIVC'06 : 3d International 
Symposium on Image/Video Communications over fixed and mobile Networks, September 13-15, 
Hammamet, Tunisie, 2006  
 
TROUDI-GHORBEL Molka, SAOUDI Samir, GHORBEL Faouzi Un nouvel algorithme itératif pour  
l'ajustement de distributions statistiques : Applic ation à des données génétiques.  ISIVC'06 : 3d 
International Symposium on Image/Video Communications over fixed and mobile Networks, 
September 13- 15, Hammamet, Tunisie, 2006  
 
TRUBUIL Joël, LABAT Joël, GOALIC André, LAOT Christophe, BEUZEULIN Nicolas, LAPIERRE 
Gérard Improved AUV autonomy provided by an underwater aco ustic link.  International Society 
of Offshore and Polar Engineers, ISOPE 2006, San Francisco, USA - 28 mai-2 juin, 2006 
 
TRUBUIL Joël, LABAT Joël, LAPIERRE Gérard Real-time Processing of an Equalizer on DSP  
TMS320C6201 for underwater acoustic communications.   European DSP Education & Research 
Symposium EDERS 2006 - Munich, Germany - 4 avril 2006, 2006 
 
VINCENT Damien, ROSEC Olivier, CHONAVEL Thierry Glottal closure instant estimation using an  
appropriateness measure of the source and continuit y contraints.  ICASSP-06 : International 
conference on Acoustics, Speech and Signal Processing, may 15-19, Toulouse, France, 2006, vol. 1, 
pp. 381-384  
 
Thèse ou HDR 
 
AIT IDIR Tarik Iterative space-time processing for broadband wirel ess communications.  Th. 
doct. : Sciences pour l'Ingénieur:  GET/ENST Bretagne, Université de Bretagne Sud : 2006, 
2006telb0023. 126 p. 
 
BRACAMONTES DEL TORO Humberto Plate-forme radio-logicielle pour le traitement mul ti-
capteurs  en  radiocommunications.  Th. doct. :  Physiques et sciences pour l'ingénieur:  GET/ENST 
Bretagne : 2006, 2006tel0010. 148 p.  
 
ET TOLBA Mohamed Transmission de données pour le HSDPA et études des  algorithmes 
HARQ.  Th. doct. :  Signal et communications:  GET/ENST Bretagne, Université de Bretagne Sud : 
2006, 2006telb0024. 137 p.  
 
FEK Mark Etude de la compression de la parole et des signaux  audionumériques dans la bande  
élargie.  Th. doct. :  Traitement du signal et télécommunications:  GET/ENST Bretagne : 2006, 
2006REN1S063. 114 p. 
 
LALAM Massinissa Optimisation de la concaténation des codes spatio-t emporels et de codes  
correcteurs d'erreurs dans une transmission MIMO.  Th. doct. :  Traitement du signal et 
télécommunications:  GET/ENST Bretagne : 2006, 2006telb0022. 149 p. 
 
MOURAD Abdel Majid Performances au niveau système des transmissions MC -CDMA en voie  
descendante.   GET/ENST Bretagne : 2006, 167 p.  
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RABASTE Olivier Estimation de canaux multitrajets. Application à la  Tomographie Acoustique  
Océanique active discrète..  Th. doct. :  GET/ENST Bretagne : 2006  
 
ROUIBIA Soufiane Prise en compte de critères acoustiques pour la syn thèse de la parole.  
GET/ENST Bretagne : 2006  
 
SICOT Guillaume Etude du codage dans l'ADN.  Th. doct. :  Traitement du signal et  
télécommunications: GET/ENST Bretagne, Université de Rennes 1 : 2006, 2006telb0015. 164 p.  
 
 
Année 2007  
 
Article de revue avec comité de lecture  
 
 
ATTO Abdourrahmane M., PASTOR Dominique, ISAR Alexandru On the statistical decorrelation of 
the  wavelet packet coefficients of a band-limited wide- sense stationary random process.  
Signal processing, Oct 2007, vol. 87, n°10 , pp. 2320-2335   
 
ATTO Abdourrahmane M., PASTOR Dominique, MERCIER Grégoire Detection thresholds for non-
parametric estimation . Image and Video processing (Springer), 2007, accepté sous reserve de 
modifications mineures 
 
FILLATRE Lionel, NIKIFOROV Igor Non-bayesian detection and detectability of anomali es from a 
few  noisy tomographic projections.  IEEE transactions on signal processing, Fev 2007, vol. 55, 
n°2, pp. 401-  413  
 
JARIFI Safaa, PASTOR Dominique, ROSEC Olivier A fusion approach for automatic speech 
segmentation of large corpora with application to s peech synthesis . Speech communication, juil 
2007, vol. 50, pp.67-80 
 
GUILLOUD Frédéric, BOUTILLON Emmanuel, TOUSCH Jacky, DANGER Jean-Luc 
Generic description and synthesis of LDPC decoders . IEEE transactions on communications, Nov 
2007, vol. 55, n°11, pp. 2084-2091 
 
PASTOR Dominique A theoretical result for processing signals that ha ve unknown distributions 
and priors in white Gaussian noise.  Computational statistics & data Analysis, 2007, sous presse 
 
PASTOR Dominique, AMERHAYE Asmaa Algorithms and applications for estimating the 
standard deviation of AWGN when observations are no t signal-free. Journal of Computers (JCP), 
Sept. 2007, Vol.2, N°7, pp.1-10 
 
LE CHENADEC Gilles, BOUCHER Jean-Marc Angular dependence of K-distributed sonar data.  
IEEE transactions on geoscience and remote sensing, Mai 2007, vol. 45, n°5-1, pp. 1224-1235 
 
RABASTE Olivier, CHONAVEL Thierry Estimation of multipath channels with long impulse 
response  at low SNR via an MCMC method.  IEEE transactions on signal processing, Avr 2007, vol. 
55, n°4, pp.  1312-1325  
 
ZHOU Rong, LE BIDAN Raphaël, PYNDIAH Ramesh, GOALIC André  Low-complexity high-rate 
Reed- Solomon block turbo Codes.  IEEE transactions on communications, Sep 2007, vol. 55, n°9, 
pp. 1656- 1660  
 
 
Autre rapport 
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ADDE Patrick, DOUILLARD Catherine, PYNDIAH Ramesh, LE BIDAN Raphaël, GUILLOUD Frédéric 
COCA project : channel coding : state of the art an d perspectives (technical and strategic 
aspects).  Mar 2007, 164 p. ISBN 978-2-908849-19-6  
 
 
 
Brevet 
 
LAOT Christophe, AMIS CAVALEC Karine, LE JOSSE Nicolas Procédé et dispositif de filtrage 
pour un système de communications numériques compor tant un inversion matricielle 
approchée par un développement en série, produit pr ogramme d’ordinateur correspondant . 
Propriété GET/ENST Bretagne. 11/05/2007 
 
Communication dans une conférence à comité de lectu re 
 
AIT IDIR Tarik, SAOUDI Samir Low complexity iterative multiuser detection and eq ualization for  
multipath MIMO coded systems.  IEEE Radio and Wireless Symposium, January 9-11, Long Beach, 
CA, USA, 2007, pp. 523-526  
 
AIT IDIR Tarik, SAOUDI Samir Reduced complexity iterative channel estimation and  with turbo  
equalization for multiuser space-time BICM signalin g.  VTC'07: IEEE Vehicular Technology 
Conference, April 22-25, Dublin, Ireland, IEEE, 2007, pp. 1622-1627  
 
AIT IDIR Tarik, SAOUDI Samir On the performance of SIC-MMSE turbo equalization w ith iterative  
channel estimation for UCCI-limited MIMO-ISI system s.  ISWPC'07: IEEE International Symposium 
on Wireless Pervasive Computing, February 5-7, San Juan, Puerto Rico, 2007  
 
AMEHRAYE Asmaa, TAMTAOUI Ahmed, PASTOR Dominique Amélioration psychoacoustique du  
filtrage de Wiener.  GRETSI 2007 : 21ème collloque sur le traitement du signal et des images, 11-14 
septembre, Troyes, France, 2007  
 
AMIS CAVALEC Karine, LAOT Christophe, LE JOSSE Nicolas Efficient frequency-domain MMSE 
turbo  equalization derivation and performance comparison with the  time-domain counterpart.  
ICWMR 2007 : International Conference on Wireless and Mobile Communications, March 4-9, 
Guadeloupe, French Caribbean, 2007  
 
ARMANDO MAZEIKA Patricia Isabel, AMIS CAVALEC Karine, LEROUX Dominique Frequency-
domain  turbo equalization for single carrier space-time bl ock code per block.  PIMRC'07 : 18th 
annual IEEE international symposium on personal, indoor and mobile radio communications,  
September 3-7,  Athens, Greece, 2007  
 
BEN RHOUMA Ons, HOUCKE Sébastien, BOUALLEGUE Ammar Combinaison of the turbo 
deflation  method and the turbo decoding procedure.  ICSPC 2007 : IEEE International 
Conference on Signal Processing and Communications, November 24-27, Dubai, United Arab 
Emirates, 2007 
 
CHANGUEL Samar, LE BIDAN Raphaël, PYNDIAH Ramesh Pragmatic two-level coded 
modulation  using Reed-Solomon product codes.  ICICS'07 : 6th International Conference on 
Information, Communications and Signal processing,  December 10-13, Singapore, 2007 
 
CHANGUEL Samar, PYNDIAH Ramesh, LE BIDAN Raphaël Iterative decoding of block turbo 
codes  over the binary erasure channel.  ICSPC'07 : IEEE international conference on signal 
processing and communications, November  24-27, Dubai, United Arab Emirates, 2007  
 
DOUKKALI Hayat, HOUCKE Sébastien, NUAYMI Loutfi A cross layer approach with CSMA/CA 
based  protocol and CDMA transmission for underwater acous tic networks.  PIMRC 2007 : 18th 
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IEEE International Symposium on Personal Indoor and Mobile Radio Communication , September 03-
07, Athens, Greece, 2007  
 
DRISSI Noomane, CHONAVEL Thierry, BOUCHER Jean-Marc, NOUZE Hervé Contours actifs pour 
les  images sismiques.  TAIMA'07 : Traitement et analyse de l'information : méthodes et applications. 
22-26 mai , Hammamet, Tunisie, 2007  
 
 
ET TOLBA Mohamed, SAOUDI Samir, AMMAR Mahmoud, VISOZ Raphaël Iterative soft multipath  
interference cancellation assisted by hybrid ARQ wi th constellation rearrangement for HSDPA  
system.  VTC'07 : IEEE Vehicular Technology Conference, April 22-25 , Dublin, Ireland, 2007, pp. 
1990- 1994  
 
EYNARD Goulven, LAOT Christophe Non data aided timing recovery algorithms for digit al 
underwater  acoustic communications.  OCEANS'07, June 18-21, Aberdeen, Scotland, 2007  
 
FAQIHI Moulay, ABOUTAJDINE Driss, SAOUDI Samir, ET TOLBA Mohamed Les algorithmes 
HARQ pour les systèmes CDMA multiporteuses.  TAIMA'07: Traitement et Analyse de l'Information 
: méthodes et applications, 22-26 mai , Hammamet, Tunisie, 2007  
 
FILLATRE Lionel, NIKIFOROV Igor, VATON Sandrine Détection-Localisation Séquentielle 
d'Anomalies  Volumiques dans un Réseau.  GRETSI 2007 : 21ème collloque sur le traitement du 
signal et des images, 11-14 septembre, Troyes, France, 2007  
 
IMAD Rodrigue, DOUILLARD Catherine, HOUCKE Sébastien Synchronisation trame aveugle sur 
canal  gaussien.  GRETSI 2007 : 21ème collloque sur le traitement du signal et des images, 11-14 
septembre, Troyes, France, 2007  
 
IMAD Rodrigue, HOUCKE Sébastien, DOUILLARD Catherine Blind frame synchronisation on 
Gaussian  channel.  EUSIPCO 2007 : 15th European Signal Processing Conference, September 3-7, 
Poznan, Poland, 2007  
 
KABAT Andrzej Michal, GUILLOUD Frédéric, PYNDIAH Ramesh New approach to order statistics  
decoding of long linear block codes.  GLOBECOM'07 : 50th annual IEEE Global 
telecommunications conference, November 26-30, Washington, USA, 2007 
 
KABAT Andrzej Michal, PYNDIAH Ramesh, GUILLOUD Frédéric On the sensibility of the arranged 
list  of the most a priori likely tests algorithm.  MILCOM'07 : Military communications conference, 
October 29-31, Orlando, Florida, USA, 2007 
 
LALAM Massinissa, AMIS CAVALEC Karine, LEROUX Dominique Iterative decoding of space-time 
error  correcting codes.  PIRMC'07 : IEEE 18th International symposium on personal indoor and 
mobile radio communications, September 3-7, Athens, Greece, 2007 
 
LE BIDAN Raphaël, PYNDIAH Ramesh, ADDE Patrick Some results on the binary minimum 
distance of  Reed-Solomon codes and block turbo codes.  ICC'07 : IEEE International conference 
on communications, June 24-28, Glasglow,  United Kingdom, 2007, pp. 990-994 
 
LE JOSSE Nicolas, AMIS CAVALEC Karine, HÉLARD Maryline, LAOT Christophe, BOHER Laurent 
Frequency-domain turbo equalization for OFDM and si ngle-carrier transmission in ST-BICM  
systems.  GLOBECOM'07, November 26-30, Washington, DC, USA, 2007 
 
NDO Gaetan, SHAIEK Hmaied, JAIDANE Meriem, BOUCHER Jean-Marc An  hybrid approach of 
low  frequency room equalization : Notch filters based o n common acoustical pole modeling.  
EUSIPCO 2007 : 15th European Signal Processing conference , September 3-7, Poznan, Pologne, 
2007  
 
OUERTANI Karim, HOUCKE Sébastien, AMMAR Mahmoud, SAOUDI Samir Performance 
comparison of  RAKE and SIC/RAKE receivers for multiuser underwate r acoustic 
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communication applications.  Oceans 2007, June 18-21, Aberdeen, Scotland, UK, IEEE, 2007, pp. 
1-6  
 
 
 
OUERTANI Karim, SAOUDI Samir, AMMAR Mahmoud, HOUCKE Sébastien Implémentation 
pratique  d'un récepteur RAKE pour un réseau de modems acoust iques sous-marins discrets.  
TAIMA'07 : Traitement et analyse de l'information : méthodes et applications. 22-26 mai , Hammamet, 
Tunisie, 2007 
 
OUERTANI Karim, HOUCKE Sébastien, SAOUDI Samir, AMMAR Mahmoud Performance du 
récepteur  RAKE pour des applications de communications discrè tes à travers un canal 
acoustique sous-  marin.  GRETSI 2007 : 21ème collloque sur le traitement du signal et des images, 
11-14 septembre, Troyes, France, 2007  
 
OUZZIF Meryem, WAHIBI Issam, LE MASSON Jérôme, SAOUDI Samir A novel low complexity 
linear  precompensation technique for multi-user DSL transm issions.  ISWCS'07 :  IEEE 
International Symposium on Wireless Communication Systems, October 16-19, Trondheim, Norway, 
2007 
 
PASTOR Dominique, ATTO Abdourrahmane M. Statistics for sparse transforms: some recent 
results  with application to speech and image processing.  Fractals and Related Fields : 
Conference in honor of Jacques Peyrière, September 8-13, Monastir, Tunisie, 2007  
 
RABASTE Olivier, CHONAVEL Thierry  Estimation of a shallow water channel impulse resp onse 
via an  MCMC method with application to an oceanic acoustic  tomography experiment.  
OCEANS 2007 Europe,  June 18-21, Aberdeen, Scotland, IEEE, 2007, pp. 1-6  
 
SICOT Guillaume, PYNDIAH Ramesh Study on the genetic code : comparison with multipl exed 
codes.   ISIT'07 : IEEE international symposium on information theory, June 24-29, Nice, France, 2007  
 
WAHIBI Issam, LE MASSON Jérôme, SAOUDI Samir, OUZZIF Meryem Critère de sélection spatio-  
fréquentielle basé sur une contrainte de performanc e pour une réduction de la diaphonie dans 
les  systèmes DSL.  GRETSI 2007 : 21ème colloque sur le traitement du signal et des images,  11-14 
octobre, Troyes, France, 2007  
 
 
Livre 
 
BERROU Claude, ARZEL Matthieu, GLAVIEUX Alain, JEZEQUEL Michel, LANGLAIS Charlotte, LE 
BIDAN Raphaël, SAOUDI Samir, BOUTILLON Emmanuel, BATTAIL Gérard, SAOUTER Yannick, 
MAURY Emeric, LAOT Christophe, KEROUEDAN Sylvie, GUILLOUD Frédéric, DOUILLARD 
Catherine, AMIS CAVALEC Karine Codes et turbocodes (sous la direction de Claude Be rrou).  
Paris : Springer, 2007, 397 p. (Iris), ISBN 978-2-287-32739-1  
 
GLAVIEUX Alain, PYNDIAH Ramesh, VATON Sandrine, POLI Alain, BATTAIL Gérard, DOUILLARD 
Catherine, JEZEQUEL Michel, PICART Annie, BIGLIERI Ezio, ADDE Patrick Channel coding in  
communication networks : from theory to  turbocodes . Edited by Alain Glavieux..  London : 
ISTE Ltd, 2007, 418 p. ISBN 978-1-905209-24-8  
 
 
Thèse ou HDR 
 
BEN RHOUMA Ons Diversité d'émission dans un contexte de Communicat ion autodidacte.  Th. 
doct. :  GET/ENST Bretagne, Université de Bretagne Sud : 2007 
 
JARIFI Safaa Segmentation automatique de corpus de parole contin ue dédiés à la synthèse 
vocale.  Th. doct. :  Traitement du signal et télécommunications:  GET/ENST Bretagne, Université de 
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Rennes 1 : 2007, 2007telb0032. 180 p.  
 
DOUKKALI Hayat Réseau de données en acoustique sous-marine.  Th doct. : Sciences pour 
l’ingénieur. GET/ENST Bretagne, Université de Bretagne Sud : 2007, 2007telb0036. 155 p. 
 
GERMAIN Mickaël. Fusion d’informations multi-sources pour la cartogr aphie forestière . Th. Doc. 
Télédétection : Université de Sherbrooke – Quebec – Canada, 12 mars 2007. 
 
KAROUI Imen Segmentation par méthodes markoviennes et variation nelles des images 
texturées :  application à la caractérisation sonar des fonds ma rins.  Th. doct. :  Traitement du 
signal et télécommunications:  GET/ENST Bretagne, Université de Rennes 1 : 2007, 2007telb0035. 
186 p.  
 
LE JOSSE Nicolas Turbo égalisation MIMO pour une transmission ST-BIC M sur canaux sélectifs 
en fréquence.  Th. doct. :  Traitement du signal et télécommunications:  GET/ENST Bretagne, 
Université de Rennes 1 : 2007, 2007telb0043. 154 p.  
 
SHAIEK Hmaied Optimisation des performances d'enceintes co-axiale s large bande par 
traitement  numérique du signal.  Th. doct. :  Physique et sciences de l'ingénieur:  GET/ENST 
Bretagne, Université de Bretagne Occidentale : 2007, 2007telb0045. 202 p.  
 
TOUZRI Makram Etude d'implantation de détecteurs multi-utilisateu rs CDMA : application à 
l'UMTS.  Th. doct. :  Electronique:  GET/ENST Bretagne, Université de Bretagne Occidentale : 2007, 
2007telb0031. 130 p.  
 
VINCENT Damien Analyse et contrôle du signal glottique en synthèse  de la parole.  Th. doct. : 
Traitement du signal et télécommunications:  GET/ENST Bretagne, Université de Rennes 1 : 2007, 
2007telb0030. 182 p.  
 
 
 

Annexe - résumé des projets :  
1 – Signal Mer et Environnement (SME) 
2 – Traitement du son et de la parole (TSP) 
3 – Transmission Acoustique Sous-marine (TASM) 
4 – Turbo CDMA et Turbo Egalisation (TCTE) 
5 – Advance Coding Project (ACP) 
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 Galileo signals receivers 
 

Prof. : Thierry Chonavel, Joël Trubuil -  PhD : Fadoua Brahim 

Keywords : geo-positioning, tracking, GPS, Galileo 

Partners & Funding : Carnot Funding 

 
Introduction 
Geo-positioning applications and technology 

have become widespread. The Galileo 

constellation will enable improved perfor-

mance and services. But, to develop the 

corresponding receivers, one must account for 

the particular structure of Galileo  satellites 

signaling in detection and tracking algorithms, 

in particular in multi-paths environments. 

 

Since 2006 we have been studying satellite 

positioning with Galileo constellation. GPS 

and Galileo signals are made of pseudo-

random sequences, the detection of which by 

the end user receiver enables estimating its 

position with respect to the satellites in view. 

Triangulation techniques can then be applied to 

get its position. 

 

Acquisition and tracking of  
Galileo signals 
Unlike GPS signals that use pseudo-random 

sequences with triangular shape auto-

correlation function, Galileo signals belong to 

BOC (Binary Offset Carrier) signaling family 

[1] and thus, they often have autocorrelation 

functions with many local maxima (see the 

figure). This leads to significantly more 

complicated traveling time estimation because 

of possible confusions between the global 

maximum and suboptimal local maxima. In 

addition, in the presence of multi-paths 

propagation environments (urban areas, indoor, 

ocean with reflection on waves) detecting the 

first path, the most useful for measuring 

distance to the satellite, may become very 

hard. For the same reasons, designing tracking 

loops is also a complicated task due to possible 

false lock-in. 

 

Fadoua Brahim PhD thesis, initiated in 2006 

(Spring) and financed by Carnot funds aims at 

solving specific acquisition and tracking 

problems met with Galileo signals. Particular 

emphasis is put on multi-path propagation 

conditions that can be met in oceanic 

environments. These are problems that fit in 

concerns of labeled Galileo-ocean project ‘pôle 

de compétitivité mer et environnement’. 

 

Conclusion 
Our first studies in this area  exploit knowledge 

that we developed for statistical optimization 

by means of Monte-Carlo simulation 

techniques [2]. These techniques have been 

used for long in the laboratory, in particular for 

blind seismic deconvolution and underwater 

acoustic channels estimation.  
This work also benefits  from skills of other 

laboratories of the ENST de Bretagne, in 

particular on the  geo-positioning and on the 

ionosphere propagation sides . 

 

 

 
 

 

Fig. : autocorrelation function of a cosine BOC 

(15,25). 
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Blind deconvolution of marine seismic traces  
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Introduction 
Blind deconvolution of signals is a rich area of 

signal processing, with many applications. For 

about 10 years, we have been investigating this 

subject, focusing both on general purpose and 

specific algorithms for blind deconvolution of 

seismic signals.  

High resolution seismic deconvolution techniques 

have proved usefulness for several purposes such 

as seabed structure analysis for offshore oil 

platforms installation or stratigraphic discon-

tinuities detection. Available seismic sources 

(spaklers, air guns, ...) emit acoustic signals in 

frequency range 600 Hz to 5000 Hz, leading to 

depth resolution of about 0.5 to 2 meters, with 

maximum penetration of about 100m.  

When the source wavelet is well known, 

recovering the source reflectivity is an easy task. 

In very high resolution experiments, seismic 

sources generating devices deliver wavelets that 

are rather different at each shot. Then, we are 

faced to a blind deconvolution problem where an 

unknown signal (the reflectivity sequence) is 

convolved with an unknown seismic wavelet, in 

the presence of additive noise. Since the wavelet 

is not, in general, minimum phase, second order 

statistics are not enough for its estimation. 

Our contributions in underwater seismics where 

realized within Contrats de Plan Etat-Région 

(CPER) and lead to several academic 

publications. 

 

Results 
These works were initiated in the laboratory with 

Olivier ROSEC's PhD thesis followed by a second 

one, carried out by Benayad NSIRI. 

We focussed on convolution models described by 

means of Bayes priors; Here, the sparse spike 

structure  is well modelled by means of a 

Gaussian mixture. At a given point, the 

underlying state expresses the presence or absence 

of a reflector. This leads to a completed data 

model for the log-likelihood that can be 

maximized by means of a SEM (Stochastic 

Expectation-Maximization) algoritm. In practice, 

this procedure that involves Gibbs sampling  

enables recovering the wavelet and parameters 

such as noise power level, but a further MPM 

(Maximum Posterior Mode) procedure has to be 

considered to achieve good reflectivity estimation. 

In some of our works, we focussed on the problem 

of wavelet initialization in the SEM procedure. 

Another important issue is long wavelet 

processing. Such wavelets are used to ensure deep 

penetration in the ground.  A two-steps procedure 

has been proposed to estimate such wavelets that 

cannot be recovered directly with previous 

techniques: first a truncated MA wavelet estimate 

is searched for. Then an ARMA extension of it is 

obtained by using Prony's method.  

We also addressed contiguous records 

simultaneous processing. If significantly distinct 

wavelets are used for each record, the MPM step 

decribed above is no longer necessary. 

From 2006, this work has been continued with to 

new perspectives.  

 
Fig. 1 : Example of long wavelet (dotted line) an 

its estimate (straight line). 

 

Conclusion 
Present works focus on faster processing of 

seismic images for expertise help by means of 

active contour and level-set methods.  We are also 

investigating the use of entropic blind 

deconvolution  techniques [2] were much effort 

still  has to be done, in particular for robustness 

against noise. 
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Introduction 
Statistical decision theory plays a crucial role 

in many signal processing applications. Even 

when noise is white and Gaussian, the decision 

can be intricate in many applications where 

very little is known about the observations or 

most of their parameters. In such situations, the 

decision cannot be achieved by standard 

likelihood theory that require full knowledge 

of the signal distributions. Non-parametric 

detection, robust detection or Generalized 

Likelihood Ratio Tests are alternative 

formulations making it possible to deal with 

such cases. In this work, we propose a new 

non-parametric approach for the detection of a 

signal with unknown distribution and unknown 

probability of presence in additive white 

Gaussian noise. 

 

Practical situations in 
signal processing are often 
non-parametric 
In many applications, we often meet sequences 

of real random observations where each 

observation is either the sum of some random 

signal and independent noise or noise alone. 

Even though it is often reasonable to assume 

that noise is white and Gaussian, the decision 

may be intricate because very little is known 

about the signals. This issue is met in 

Electronic (Warfare) Support Measure (ESM) 

systems faced with non-cooperant 

communications. This is also the case with 

passive sensors such as sonar systems that 

receive signals resulting from noise generated 

by motors and hull vibrations transmitted 

through a fluctuating environment. An echo 

received by a radar system from a target results 

from some kind of convolution between a 

known transmitted pulse and an unknown 

environment.  

In situations such as those described above, the 

detection of the signals cannot be achieved the 

usual Bayes, minimax and Neyman-Pearson 

criteria because these ones require full 

knowledge of the probability distributions of 

the signals. Alternative solutions are then 

Wald's tests, non-parametric and robust 

detection, as well as Generalized Likelihood 

Ratio Tests. Constant False Alarm Rate 

(CFAR) systems, standardly used in radar 

processing for detecting targets with a 

specified false alarm rate, typically derive from 

such alternative approaches.  

In addition to our lack of prior knowledge 

about the signals, the noise standard deviation 

is sometimes unknown and must be estimated 

in order to process the observations. In general, 

the estimation is achieved by resorting to the 

physics of the problem. Two examples thereof 

are the following ones.  

A radar target is detected when the observation 

is above a threshold height. In order to 

guarantee a specified false alarm probability, 

the threshold height must be chosen as a 

function of the noise standard deviation. When 

the latter fluctuates, it is estimated on a regular 

basis so as to adjust the threshold height. By 

resorting to the physics of the radar, standard 

CFAR systems select observations that are 

considered as signal-free and called reference 

cells; the noise standard deviation is then 

computed on the basis of these reference cells. 

The smaller the number of reference cells that 

contain radar echoes and not noise only, the 

better the estimate. Selecting the reference 

cells is no easy task. 

Another example is the denoising of speech 

signals since most standard filtering techniques 

must be adjusted with an estimate of the noise 

standard deviation when the latter is unknown. 

A standard solution involves estimating the 

noise standard deviation on the basis of periods 

of time considered as signal-free by a Voice 

Activity Detector, which, of course, can make 

errors. The noise standard deviation can also 

be estimated by computing the smallest 

eigenvalues of the noisy speech autocorrelation 

matrix but the computation of the eigenvalues 
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may prove unstable depending on the matrix 

size. 

 

New tests and estimators 
for dealing with practical  
non-parametric situations 
In [1], a sharp upper bound for the probability 

of error of the likelihood ratio test is given for 

the detection in white Gaussian noise of any 

random vector whose norm is greater than or 

equal to a given value and whose probability of 

presence is less than or equal to one half. In the 

same paper, a new test for the detection of such 

vectors is described. This test does not depend 

on the distribution of the signal vector but 

nevertheless its probability of error is less than 

or equal to the given upper bound. 

In [2], a theoretical result is established for any 

sequence of mutually independent observations 

that are real random vectors where signals with 

unknown probability distributions are 

randomly present or absent with unknown 

probabilities of presence in independent and 

additive white Gaussian noise. This theorem 

states that the noise standard deviation is the 

only positive real number satisfying a specific 

convergence criterion when the number of 

observations and the minimum amplitude of 

the signals are large enough. This result does 

not assume that the available observations are 

identically distributed. It derives from a 

corollary of Kolmogorov's classical strong 

limit theorem, not from usual generalizations 

of the central limit theorem such as the 

Lindeberg and the Lyapunov theorems. 

On the basis of this theorem, an estimate of the 

noise standard deviation is proposed. This 

estimate is called the Essential Supremum 

Estimate (ESE). As a continuation of [1], we 

address in [2] the particular case where the 

amplitudes of the signals are above or equal to 

some known positive real value A and the 

signals have their probabilities of presence less 

than or equal to ½. We then propose a test, the 

Essential Supremum Test (EST), for the 

detection of these signals in additive white 

Gaussian noise with unknown standard 

deviation. This test derives from the ESE and 

[1, Theorem VII.1].  

The empirical Mean-Square Error (MSE) of 

the ESE and the Binary Error Rate (BER) of 

the EST have been computed when the 

observations, and thus the signals and noise, 

are two-dimensional random vectors and the 

signals are uniformly distributed on the circle 

centred at the origin with radius A. This model 

is relevant in many signal processing 

applications because the two components of 

each signal can be regarded as the in-phase and 

quadrature components of a modulated 

sinusoidal carrier whose amplitude is A and 

whose phase is uniformly distributed in [0,2π]. 
These experimental results suggest that, under 

the assumptions made for the signals, the 

convergence stated by the main theorem stated 

in [2] is fast. 

 

Conclusion 
Complementary theoretical studies in progress 

are aimed at analysing to what extent the 

asymptotic conditions of the main theorem 

established in [2] can actually be relaxed, as 

well as studying the statistical properties of the 

ESE and the performance of the EST.  

Speech denoising is a promising field of 

application. Another natural application is the 

design of Constant False Alarm Rate (CFAR) 

systems for the detection of radar targets. ESM 

is also a possibly relevant field of application. 

Proximity sensing aimed, for instance, at 

informing a robot that it is approaching an 

object can also be regarded as a potential 

application area where our results could apply. 

Another relevant field of application is the 

analysis of distributed detection systems. 
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Introduction   

Autonomous/adaptive Cruise Control (ACC) 

radars are being developing in the area 

automobile industry and require specific 

waveforms for working properly. On another 

hand, pseudo-noise sequences that play  an 

important role in telecommunications are also 

of much interest for radar purpose. 

Position and speed estimation of one or several 

vehicles is one of the main purposes of radar 

processing [1,2]. The radar waveform 

influences performance one may expect to 

achieve for target detection and position and 

speed estimation accuracy after radar signal 

processing.On another hand, for radars that use 

waveforms issued from digital commu-

nications, transmission of pseudo random 

sequences enables spread spectrum signals. 

We have started studies in the area of ACC by 

considering both of these problems.  

 

ACC radars waveforms  
Autocruise is a company of TRW that 

produces ACC systems. These systems are 

made of radars associated with control 

electronics that enables automatic control of 

security distance between vehicles on the road. 

In view to propose new capabilities and 

services, new ACC generations should propose 

improved target detection, discrimination and 

precision in urban surroundings (walkers, non 

moving obstacles). This can be useful for 

instance for parking help as an alternative to 

existing acoustic systems.  

All this involves significant system electronics 

as well as processing evolutions. As usual for 

security devices, proposed solutions will have 

to be validated in many critical situations such 

as walking or riding person behind a truck. 

This is the context of the PhD work of d’Ali 

Bazzi initiated at the end of 2006. 

 

Pseudo random sequences 
for radar signaling  
A second area, supported by ONERA, of 

research should begin summer 2007. It will be 

devoted to the definition of pseudo-random 

sequences for radar. 

Two important problems will be addressed. On 

one hand, designing sequences with a well 

controlled correlation maxima levels is a 

challenging problem. Another important 

problem consists in designing sequences 

families that show good orthogonality 

properties. The first point is important to 

ensure good detection at low false alarm level. 

The second one is useful for interoperability of 

radars that work in the same frequency 

bandwidth.  

 
Fig. : Ambiguity function for a Barker radar 

waveform with 13 coefficients. 

 

 

 

 

Conclusion 
These starting studies are of theoretical and 

practical interest, involving many tools in 

detection, estimation, algebra and optimi-

zation. 
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Introduction 
Acoustic remote sensing, such as high- 

resolution multibeam and sidescan sonar, 

provides new means for in-situ observation of 

the seabed. Statistical characterization of these 

high-resolution sonar images is important for a 

number of practical applications such as  

marine geology, commercial fishing, offshore 

oil  prospecting and drilling etc. 

This work deals with the characterization and 

the segmentation of high resolution sonar 

images. 

 

Method description 
The proposed methods for the classification of 

sonar images with respect to seafloor types 

(rocks, mud, sand etc) are generally based on 

backscattered intensity models. These first 

order statistics are not sufficient when the 

high-resolution sonar image involves textures, 

which is the case of most sonar images. Here, 

we are interested in the texture information 

within these images. 

We describe texture by a set of empirical 

distributions estimated on texture responses to 

a set of filter banks computed for several 

parameterizations. We fuse the contribution of 

the different features using a weighting 

scheme: we define a new similarity measure 

between textures, as a weighted sum of 

Kullback-Leibler divergences between texture 

features. The weights are estimated according 

to global margin maximization criterion. 

According to weight values, we select the most 

discriminating features.  

An other important issue arising in seabed 

texture characterization is a built-in feature of 

sonar observation: the value of BS 

(backscattering Strength) measure depends 

both on the seafloor type and on the incident 

angle of the reflected acoustic signal. Hence 

the characteristics of seabed texture are 

obviously dependent on the view angle, 

ranging typically from –85° to +85°. To cope 

with this angular change of BS within the 

definition of the texture similarity measure, a 

weighting factor, evaluated as an angular 

distance between the compared texture 

samples, is introduced : this angular distance is 

measured according to a Gaussian kernel, 

whose variance sets the level of the angular 

variability depending on texture and sea-floor 

type. We exploit this similarity measure to 

develop a supervised segmentation algorithm. 

 
Two major categories of approaches targeted at 

image segmentation can be distinguished: 

pixel-based and region-based techniques. 

Whereas the former approach operates at the 

pixel level, the latter directly searchs for a 

relevant image partition. Region-based 

techniques are more suitable for texture 

segmentation. As a matter of fact, pixel-based 

texture segmentations generally rely on the use 

of local texture features computed within a 

predefined window around each pixel. Hence, 

texture features extracted for pixels close to 

region boundaries involve a mixture of texture 

characteristics, which may lead to a lack of 

accuracy in localizing the boundaries of the 

texture regions. By opposition, region-based 

approaches, especially active contours 

associated with a level-set setting, offer an 

efficient method to cope with texture and 

geometrical features at the region level. In this 

work, we combine region-based image 

segmentation within a level set framework to 

statistical texture characterization. Hence, 

image segmentation is stated as the 

minimization of an energy involving the 

texture-based and incidence angle dependent 

similarity measure defined as a weighted 

Kullback-Leibler measure between 

distributions of texture filter responses 

computed inside regions and regularity 

constraints set to region boundaries. The 
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Functional is minimized according to the 

gradient algorithm and its derivation with 

respect to image regions is evaluated according 

to shape derivative tools [1]. The proposed 

approach is implemented implicitly using 

level-set methods [2]. 

Some results of such segmentation on sonar 

images of the seabed are shown in Fig.1 and 

Fig.2. 

 

Results 
Fig.1. shows the segmentation of a three-

texture sonar image: rocks, sand and sand 

ripples. In Fig.1.(a) we have a reference 

segmentation carried out manually by a 

geologist. In Fig.1.(b), we show the 

segmentation of the image based on the 

proposed approach, the classification error rate 

is about 8.5%. 

 

 

 

 

 

 

 

 

 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 

In Fig.2, we show the segmentation of a sonar 

image composed of rock, mud and maërl 

ripples. In Fig.2.(a) we show the reference 

segmentation, in Fig.2.(b), we show the 

segmentation carried out according to the 

proposed method and in Fig.2.(c), we show the 

segmentation based on the proposed method 

but without angular weighting. This latter 

method does not succeed to correctly classify 

mud and maërl ripples in the specular zone 

because the two seafloor types are ‘similar’ in 

this angular sector. 

 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

(a)

(b) 

Fig.1. Sidescan sonar image segmentation into 

rock, sand and sand ripples (Rebent, Ifremer). (a) 

Reference segmentation, (b) segmentation on the 

proposed method 

(a) 

(b) 

(c) 

Fig.2. Sidescan sonar image segmentation 

into rock, mud and maërl ripples (Rebent, 

Ifremer). (a) Reference segmentation, (b) 

segmentation based on the proposed 

method, (c) segmentation based on the 

proposed method but without angular 

weighting. 
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Conclusion 
The proposed method is appropriate for sonar 

image segmentation because it takes into 

account texture information and the  variability 

of BS and texture within these images.  

However the segmentation results can be 

improved if we use additional features  (other 

textural features,  bathymetry information, etc). 
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Introduction 
Wavelet transforms are well-suited to signal 

estimation because they provide a sparse 

representation of most signals encountered in 

practice. By sparse transform, we mean a 

transform that returns large and few 

coefficients for the signal of interest and small 

but more numerous coefficients for noise. 

In this work, theoretical results about the 

statistical behaviour of the wavelet coefficients 

are established and several applications of 

these results are proposed. 

First, the whitening effect achieved by wavelet 

packet transforms is analysed and detailed in 

relation with the regularity of the wavelet 

function. Our results contribute to those, such 

as [1, 2, 3], dedicated to the analysis of the 

statistical correlation of the Discrete Wavelet 

Transform (DWT) and the Discrete Wavelet 

Packet Transform (DWPT) coefficients.  

Second, a new threshold is presented for a 

better estimation of a signal by sparse 

transform and soft thresholding. This threshold 

derives from a non-parametric statistical 

approach for the detection of a signal in 

independent and additive white Gaussian noise 

(AWGN). This threshold is appropriate to 

select the few observations, provided by the 

sparse transform, whose amplitudes are 

sufficiently large to consider that they contain 

information about the signal. Theoretical and 

experimental results show that our threshold 

performs better than the standard universal and 

minimax thresholds introduced in [4]. 

 

 

 

 

The whitening effect of the 
wavelet packet transforms 
 
We contribute to the analysis of the statistical 

correlation of the wavelet packet coefficients 

resulting from the decomposition of a random 

process, stationary in the wide-sense, whose 

power spectral density is bounded with support 

in [-π,π]. 
Consider two quadrature mirror filters (QMF) 

that depend on a parameter r, such that these 

filters tend almost everywhere to the Shannon 

QMF when r increases. The parameter r is 

called the QMF order. For instance, the order 

of the Daubechies filters is the number of 

vanishing moments of the wavelet function.  

Given any decomposition path in the wavelet 

packet tree, the wavelet packet coefficients 

tend to decorrelate for every packet associated 

with a large enough resolution level, provided 

that the QMF order is large enough and above 

a value that depends on this wavelet packet. 

A consequence of this result is that, when the 

coefficients associated with a given wavelet 

packet are approximately decorrelated, the 

value of the autocorrelation function of these 

coefficients at lag 0 is close to the value taken 

by the power spectral density of the 

decomposed process at a specific point. This 

specific point depends on the path followed in 

the wavelet packet tree to attain the wavelet 

packet under consideration.  

Some simulations highlight the good quality of 

the ``whitening'' effect that can be obtained in 

practical cases. 

 

 

 

 

 

 



Rapport d’activités 2005-2007 - département  Signal & Communications - page n°41 

The detection threshold for 
estimating signals in noise 
Consider the non-parametric estimation of a 

signal in the sense of [4]. The aim of this 

estimation is to recover the signal from a noisy 

observation when noise is independent, 

additive, white and Gaussian. 

The estimation is achieved along the following 

lines. In a first step, a linear orthonormal 

transform is applied to the observation. The 

outcome of this transform is a sequence of 

coefficients. The transform is chosen so that it 

represents the signal by a relatively small 

number of coefficients whose amplitudes are 

large in comparison to those resulting from 

noise. The second step is a non-linear filtering 

of these coefficients. The filtering stage aims at 

eliminating noise components by forcing them 

to zero and, possibly, at denoising the signal 

components. This filtering stage can be 

achieved by a thresholding function that 

depends on a threshold λ, whose main role is 
to distinguish the noisy signal components 

from those due to noise alone. A coefficient 

whose absolute value exceeds λ is regarded as 
a component of the noisy signal; a coefficient 

with absolute value below λ is considered as 
noise. The last step reconstructs the estimate of 

the signal on the basis of the filtered 

components. The performance of this method 

is evaluated through a cost or risk function, 

which is the Mean Square Error (MSE) of the 

estimate.  

To achieve the estimation described above, we 

must choose the appropriate transform, the 

thresholding function and the value of the 

threshold λ used by the thresholding function.  
Wavelet transforms are suitable sparse 

transforms. As far as the thresholding function 

is concerned, we choose the so-called soft 

thresholding function for its well-known and 

appreciated properties of smoothness and 

adaptation (see [5]). The last parameter to 

specify is the value of the threshold.  

Our research addresses the choice of the 

threshold to apply for the estimation of a signal 

by soft thresholding of the coefficients 

returned by a wavelet transform of the noisy 

observation of this signal. The literature on the 

topic distinguishes the universal and the 

minimax thresholds ([4]).  

The thresholding function basically forces to 0 

any coefficient whose amplitude is less than 

the threshold λ because such a coefficient is 

considered to contain no or too little 

information about the signal. On the other 

hand, any coefficient with amplitude equal to 

or above λ is expected to relate to the presence 
of significant information about the signal. 

Such a coefficient is then processed by the 

thresholding function to reduce the influence 

of noise. In our approach, λ is regarded as a 
statistical decision problem where it is to be 

decided whether a given coefficient must be 

processed or not to perform the signal 

estimation. No assumption about the 

probability distributions of the signal 

coefficients is made. Nor do we assume that 

these coefficients are identically distributed. 

Our solution derives from [6] where a specific 

threshold is recommended to detect any signal 

whose amplitude is larger than or equal to a 

given value, when this signal is corrupted by 

independent AWGN. By combining the 

estimation method introduced in [4] and the 

results of [6], we derive a new threshold. The 

denoising performance of the resulting 

estimation via soft thresholding has also been 

analysed, from both the theoretical and the 

experimental point of view.  

For instance, consider the standard 512 × 512 

Lena image additively corrupted by 

independent AWGN. Denoise this image by 

soft thresholding after Stationary Wavelet 

Transform (SWT), which is particularly 

suitable for it is translation-invariant and 

redundant. The 'sym8' wavelet is used to 

achieve the SWT. The soft thresholding is 

applied to the detail coefficients returned by 

the SWT for the decomposition levels j = 1, 2, 

3, 4. For every tested noise standard deviation 

σ = 9, 18, 27, 36, and every threshold (the 
universal, the minimax and the detection 

thresholds), the Peak Signal-to-Noise Ratio 

(PSNR) achieved by soft thresholding with 

detection threshold is significantly larger than 

the PSNR's achieved with the standard 

universal and minimax thresholds. For 

instance, in figure 1, the image denoised by 

soft thresholding with detection threshold is 

sharper and its contours are better restored than 

those of the images denoised via the minimax 

and universal thresholds. 
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Extensions 
On-going work concerns new signal 

enhancement approaches based on the 

detection threshold and the whitening effect of 

the DWPT as the decomposition level increase. 

Albeit non-parametric, these approaches are 

expected to perform practically as well as the 

best parametric techniques.  
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Noisy image, noise is WGN with σσσσ = 25 

 

Soft thresholding with universal threshold 

 

Soft thresholding with minimax threshold 

 

Soft thresholding with detection threshold 

 
Fig. 1:  Noisy Lena image and denoised images by soft thresholding. The noise standard deviation is σ 
= 25. The wavelet transform is a discrete SWT based on the symlet wavelet of order 8. The 
thresholding is applied at the decomposition levels j=1,2,3,4. The corresponding risk is 0.0264 for 
universal threshold, 0.0235 for the minimax threshold and 0.0203 for the detection threshold 
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 Ultra-High fidelity sound: La Sphère   
Research Staff : J. M. Boucher – Ph.D. Students : H. Shaiek 

Keywords : Coaxial loudspeaker system, directivity control, digital filtering, room 

equalization, DSP  

Applications : Professional audio, monitoring and high fidelity applications  

Partners & Funding : Cabasse 

 

Introduction 
La Sphère is the first, four-ways, coaxial 

source in the world making it possible to 

restore the totality of the audible band [20Hz, 

20kHz] with performances never reached 

before. This system is the result of three years 

of collaboration between the signal and 

communication department and “Cabasse” a 

local company internationally recognized for 

its outstanding loudspeaker products.  

Strong with its experiments in the field of 

accoustics, Cabasse developed since 1992, a 

new concept of coaxial loudspeaker systems 

(the drivers are aligned on a horizontal single 

axis and not vertically positioned). This 

technology is the best solution to directivity 

problems met in the conventional loudspeaker 

systems. It also provides a better coherence 

between direct and reflected sounds in typical 

listening rooms. 

 

Our contributions 
The signal and communication department, 

recognized for its competences in DSP, 

developed the digital correction modules on a 

digital signal processor (ADSP-21369 of 

Analog Devices) which makes it possible to 

compensate for the residual defects of the four-

ways loudspeaker system. The digital filtering 

enhances the sound field radiated by La Sphère 

system and includes the following main tasks: 

1. Set in-phase the speaker ways (through 

simple delay lines) to correct the front-back 

membranes separation.  

2. Separate the several ways of the loudspeaker 

system by conditioning the signal sent to each 

driver. This task is achieved by using a suitable 

filter bank designed in order to optimize 

relevant parameters such as the frequency 

response, the directivity index and the 

radiation pattern of the loudspeaker system, 

especially on drivers' overlap bands. The 

optimization is obtained by a complex 

weighting of the crossover filter transfer 

functions. The optimal weights are obtained by 

using the gradient algorithm.  

3. Equalize the response of the system. This 

task is achieved firstly in free field conditions. 

Secondly, we adjust the acoustic system to its 

environment by correcting room responses 

over a given listening area. This correction is 

made separately for low and high frequencies. 

Indeed, at low frequencies, below the 

Schroeder frequency, the system controls 

automatically the most audible room 

resonances by using cascaded biquadratic 

sections. However, at high frequencies, where 

room transfer functions depend more on 

source-receiver position in the room, the 

equalization is achieved by adapting the mean 

gains of each band over the measured positions 

 
Conclusion 
The first prototype of La Sphère was presented 

at the CES (Consumer Electronic Show, 

http://www.cesweb.org/default.asp) in Las 

Vegas, January 6-9, 2006. An improved 

version of the system has been just presented at 

the last CES in Las Vegas, January 8-12, 2007. 

Two patents [1,2] (the first related to 

transducers technology and the second to the 

digital filtering processes) were already taken 

out. Some publications [3, 4, 5], in particular 

within the AES (Audio Engineering Society, 

www.aes.org) were presented. 

 

 

 

 

 

 

 

 
 
 La Sphère in Cabasse anechoic room 
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La Sphère in radio France (studio 103) 
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Speech conversion and speech synthesis 
Research Staff : O. Rosec (FT R&D), Thierry Chonavel (ENSTBr) PhD. : Taouffik En 

Najary, Vincent Damien 

Keywords : speech synthesis, speech conversion, glottal source, pitch 

Applications : Human machine interaction 

Partners : France Telecom R&D 

 

 

 
Introduction 
Voice conversion enables automaticaly 

building new voices databases. France 

Telecom R&D is strongly involved in this 

research area. The fruitful collaboration we 

developed through two PhD thesis brought 

promising results for new generation voice 

synthesis systems. 

Voice conversion enables speech synthesis for 

speakers of various kinds in a realistic way. 

This is achieved from a recorded or 

synthesised reference speech database. In this 

context, we might be interested not only by the 

kind of synthesised speech (man, woman, 

accent, ...) but also by the restitution of voice 

emotional characteristics. To this end, we have 

been looking for reduced complexity and high 

synthesis quality algorithms for improving 

speech synthesis in the context of real time 

processing applications. 

These works have been carried out at the 

speech processing laboratory of FT R&D in 

Lannion and under Dr Olivier ROSEC's 

direction. The PhD theses of Taoufik EN 

NAJJARY and of  Damien VINCENT have 

been co-directed with ENST de Bretagne. 

 

Results 
In the area of speech conversion, the PhD 

thesis of Taoufik EN NAJJARY, supported in 

2005, has brought new speech conversion 

techniques based on the use of a single speaker 

large database as a reference and for each new 

speaker only a short initial recorded database.  

First, a conversion transform between the 

corresponding subset of the reference database 

speech vectors and the new speaker database 

one is estimated. Then, this transform can be 

used for completing the new speaker database 

by applying it to the entire large database. This 

procedure enables sparing a lot of money and 

time that are required for full databases  

recording and decomposition into speech 

segments.  

The above transform applies to vector 

parameters that describe acoustic units of 

speech messages. These vectors are extracted 

from recorded speech units. For building the 

vector transform, a Gaussian classification of 

speech vectors is considered both for reference 

and target databases. A target vector is 

described as a Gaussian mixture and the 

transform function parameters are estimated by 

means of  Baum-Welch's algorithm. 

We observed that for each transform, only a 

few components of the mixture had significant 

weights. This enabled, without significant 

perfomance loss, realizing transformation at 

very low computational complexity.  

In addition, joint pitch and tone transformation 

has been proposed, leading to improved results 

compared to earlier pitch prediction 

techniques. 

Damien VINCENT's PhD thesis that was 

supported in 2007 January, addressed another 

important aspect of high quality speech 

synthesis. Prosody is closely related to the 

parameters of glottal waves. Then, extracting 

glottal waves features is an important issue for 

voice prosody modification. 

Voiced speech units can be seen as a filtered 

and noised version of the derivative of the 

glottal wave that can be modelled by an LF [1] 

model. Then, voiced sounds are conveniently 

described by means of an ARX model, with 

glottal wave at the input. 

However, joint estimation of the glottal wave 

and AR model is an ill-posed problem. In order 

to overcome this problem, we have proposed 

an approach based on glottal waves space 

quantization. The class representative elements 

are used to decide the class the glottal wave 

belongs to by ARX model error variance 

minimization. Then, improved glottal wave 
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estimate is achieved by means of a standard 

descent algorithm.  

 
Conclusion  

Detailled study of the ARX model with LF 

input as shown its efficiency for quality voice 

synthesis and many algorithmic issues have 

been addressed. Several complementary 

improvments could be considered such as 

further computational complexity issues or 

speech stationarity zones detection. 
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Introduction 
The purpose of this work is to denoise speech 

signals corrupted by additive and independent 

noise. We intend to denoise the speech signals 

without introducing too much signal distortion 

and musical noise. To reach this goal, we use 

perceptually motivated modifications of the 

standard Wiener filtering. We analyse how 

such a perceptually motivated speech 

denoising improves the intelligibility of the 

speech signals and their recognition via a 

standard speech recognition system. Hands-

free applications on-board of vehicles and 

applications to mobile communications are 

typical. Echo cancellation should also be 

addressed in forthcoming work. 

 

Perceptually-motivated 
speech denoising methods 
The objective of a speech enhancement process 

is to improve the quality and intelligibility of 

speech in noisy environments. Many 

approaches have been proposed over the last 

decades. Standard methods (see [1]) return 

residual noise known as musical noise. This 

type of noise turns out to be quite annoying.  

In order to reduce the effect of musical noise, 

several solutions have been proposed. Some 

involve adjusting parameters of the spectral 

subtraction so as to offer more flexibility. 

Others are based on signal subspace 

approaches. Despite the effectiveness of those 

techniques to improve the Signal to Noise 

Ratio (SNR), reducing musical noise is still a 

challenge to many researchers. 

In the last few decades, the introduction of 

psychoacoustic models has attracted a great 

deal of interest. The objective is to improve the 

perceptual quality of the enhanced speech 

signal. Typically, a psychoacoustic model is 

used to control the parameters of the denoising 

so as to find the best trade-off between noise 

reduction and speech distortion. To make 

musical noise inaudible, the denoising can 

incorporate the masking properties of the 

human auditory system. 

Even though the psychoacoustic models are 

usually developed in the frequency domain, 

signal subspace approaches can also involve 

perceptual models by resorting to some 

suitable frequency to eigendomain transform 

as described in [2, 3, 4]. 

We focus on methods related to the standard 

Wiener filter for two reasons. First, the Wiener 

filter is easy to implement. Second, it can 

reasonably be expected that if we succeed in 

reducing the perception of residual noise 

resulting from Wiener filtering, the quality of 

the denoised speech will be improved and 

yield a rather satisfactory listening comfort. 

 

A perceptual-motivated 
speech denoising system 
The system we propose is described by figure 

1 below. Basically, the denoising filter is the 

standard Wiener filter followed by a psycho-

acoustically motivated filter. This psycho-

acoustically motivated filter can be regarded as 

a weighting factor. This filter is the adaptation 

to the frequency domain of the filter proposed 

in [5] and is based on the masking threshold. 

The purpose of our double filtering is to 

minimise the perception of musical noise 

without degrading the clarity of the enhanced 

speech. 

This approach was compared to methods of the 

same type via experimental results on the 

standard TIMIT database, down-sampled to 8 

kHz before adding white Gaussian noise or 

babble noise from the NOISEX database and 

for SNRs ranging from -5dB to 20dB. 
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The comparison was made by means of 

objective measures, namely the standard 

Segmental Signal to Noise Ratio (SSNR) and 

the Modified Bark Spectral Distortion 

(MBSD). The SSNR is the average of the SNR 

values on short segments. The MBSD proves 

to be highly correlated with subjective speech 

quality assessment. When the Voice Activity 

Detection used to estimate the noise spectrum 

is ideal, the results obtained are those of 

figures 2 and 3. As can be noticed, the “double 

filtering” we propose achieve the best MBSDs 

in comparison to the other techniques.  

 

Noise spectrum estimation 
without VAD 
In practice, the VAD is not ideal. This induces 

that the noise spectrum estimation will not be 

as accurate as that achieved by using an ideal 

VAD. The Voice Activity Detection (VAD) of 

figure 1 can be achieved via various VADs 

such as the G.729 IUT standard. As recalled in 

the conclusion of this description, experiments 

are in-progress so as to present results such as 

those of figures 1 and 2 when this standard 

VAD is used. However, on the basis of the 

statistical results presented in [6], we can 

propose a noise spectrum estimator that 

requires no VAD (see [7] and [8] when noise is 

white). We currently study the application of 

this method to colored noise. This approach 

relies on statistics only without introducing 

heuristics such as those on which standard 

DAVs rely. Moreover, the method is not suited 

to any particular type of noise but very general. 

It can be expected that the propounded method 

could serve as a theoretical background for the 

design of new and accurate DAVs.  

 

Perspectives 
In forthcoming work, our intention is to 

compare the several speech enhancement 

approaches proposed above by means of 

subjective tests. As mentioned above, on-going 

work addresses the use of non-ideal VAD and 

that of noise estimate calculated by following 

the method proposed in [7] and [8].  

We also study the application of the denoising 

system studied in this work to speech 

recognition. More specifically, work in-

progress is aimed at showing that speech 

recognition rates in noisy environments are 

improved by using perceptual speech 

denoising and that the gain attained by such 

perceptually-motivated methods is larger than 

that obtained by using standard noise reduction 

algorithms. Of course, the possibility to rely on 

a general noise spectrum estimator that does 

not require any a priori knowledge on noise 

and no VAD is of prime importance to 

guarantee the robustness of the approach. 
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Introduction 
 

Since a few years, a real time prototype was 
designed at ENST Bretagne for underwater 

acoustic communication. This prototype is an 

acoustic link able to transmit images, text and 

data. With such a platform, information can be 

transmitted at a data rate higher than 20 kbps 

in horizontal configuration without periodic 

and training sequences.  

An acoustic transmission usually is corrupted 

by different impacts brought about by the 

underwater channel. One can note multipath 

propagation, Doppler effect and noise.   

Equalizer has already shown its robustness and 

reliability to struggle against strongly disturbed 

channel. Moreover, speech transmission were 

successfully realized with a 6 Kbps speech 

coder in Brest bay over 2 km.   

Now, the purpose is to choose channel coding 

abilities able to correct residual errors and thus 

adds extra improvements in Bit Error Rates 

(BER). In order to do so, two kinds of channel 

coding are evaluated (Convolutional Coding 

(CC) and Reed Solomon (RS) block). In case 

of Convolutional Coding and Viterbi decoding 

utilization, a Differential Phase-Shift Keying 

(DPSK) is used  to solve phase ambiguities. In 

order to provide extra ranges over 4 km for 

speech transmission, another low bit rate 

speech coder, named Mixed Excited Linear 

Prediction (MELP, 2400 bps) is under 

consideration. 

 (This research work is supported by GESMA 

(Groupe d'Etudes Sous-Marines de 

l'Atlantique)) 

 

Underwater Acoustic Com- 
munications (ACOMMS) 
The real time prototype is a high data rate 

acoustic link based on blind spatio-temporal 

equalizer called SOC-MI-DFE (Self Optimized 

Configuration - Multiple Input - Decision 

Feedback Equalizer). The SOC-MI-DFE uses 

input signals sampled on several sensors 

coming from the same emission source. This 

space diversity provides a better SNR (Signal 

to Noise Ratio) compared to a mono-sensor 

version. The interest of this adaptivity lies in 

the possibility to switch from one structure to 

another according to the channel severity. 

Moreover, it is not necessary to use preamble 

or another training sequence. In fact, only user 

data are transmitted and spectral efficiency is 

increased. 

The platform can use two carrier frequency (20 

and 35 kHz). The bit rate are from 6.7 to 23.3 

kbps with a QPSK modulation (Quadrature 

Phase Shift Keying). The  platform is based on 

a board, connected to a personal computer 

(PC). The architecture of this board is based on 

a Texas Instruments Digital Signal Processor 

(DSP) namely the TMS320C6201. So far, this 

acoustic link version does not use channel 

coding. To evaluate different source and/or 

channel coder, data are emitted from a 

reference file. A new carrier frequency (11.2 

kHz) is added to allow low bite rate (from 2.8 

to 5.6  kbps) speech transmission.   

In order to improve the acoustic link, channel 

coding may correct remaining errors. Main 

objectives are to decrease BER from 10
-2
 down 

to 10
-4
. Different channel coding strategies can 

be used. In this project we check the use of 

Convolutional Codes (CC) and Reed Solomon 

(RS) block codes. Differential coding may be 

added for its efficiency in dealing with phase 

ambiguity in reception. The decoding process 

use the Viterbi algorithm for Convolutional 

Codes or the Chase algorithm for Reed 

Solomon codes. Decoding is perform with two 

option: hard and soft decision decoding. The 

hard decoding only uses binary values, 

whereas the soft option uses real values 
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coming from output equalizer or soft 

differential decoder 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Fig1 : Underwater ACOMMS platform 

 

 

The Mixed Excitation Linear Prediction 

(MELP) voice coder model is based on the 

traditional LPC vocoder. However, the MELP 

has additional abilities, like mixed pulse and 

noise excitation, periodic or aperiodic 

impulses, adaptive spectral enhancement and 

pulse dispersion filter. New features allow 

MELP coder/decoder to better represents the 

natural human speech. Speech signal is 

segmented in frames having a duration of  22.5 

ms, with a 8 kHz sample frequency. The bit 

rate is 2.4 kbps and corresponding to 54 bits 

per frame.       

  

Conclusion 
ENST-Bretagne has developed a real time 

acoustic link able to transmit images, text and 

data. A spatio-temporal equalizer is used to 

reduce those different effects. Channel coding 

is added to improve the acoustic link 

robustness. To extend the speech acoustic link 

range, a low bit rate MELP coder/decoder 

working at 2.4 bps has been chosen.   

 

Different kinds of error correcting scheme are 

tested including convolutional codes (CC), 

Reed Solomon codes (RS). The possibility of 

hard and soft decoding for the two cases (CC 

and RS) are also under consideration. The final 

decision have to take into account others 

features like code rate, spectral efficiency, real 

time constraints.  

Next step is to evaluate these different 

possibilities over sea trials transmissions.   
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Introduction 
Synchronization is one of the main critical 

aspect in a digital communication receiver. An 

error in the timing recovery causes inter-

symbol interferences (ISI) and phase shift. In a 

coherent receiver, a shift in the phase 

synchronization can strongly deteriorate the 

overall performance of the communication 

system. Consequently, the robustness appears 

to be a critical aspect when designing the 

timing and phase synchronizers of a digital 

receiver.  

 

In the literature, classical solutions assume 

time-invariant parameters over a slot duration. 

However, in underwater acoustic  

communications, the Doppler effect can be 

important, e.g. in the case of transmission 

between an autonomous underwater vehicle 

(AUV) and a ship. In this situation, the 

variations of the synchronization parameters 

cannot be neglected and have to be tracked 

over the slot. Robust solutions for the 

improvement of the underwater acoustic 

communications with mobility must be found.  

 
In wireless communications, the multiple input 

multiple output (MIMO) systems, allow 

information rate to be increased. Space Time 

Bit Interleaved Coded Modulations (STBICM) 

appears as an attractive solution for future 

transmission schemes. Nevertheless, the 

emitting sources are mixed at the receiver 

antennas and the estimation of the 

synchronization parameters is difficult. In a 

new research project supported by France 

Telecom,  some studies are investigated on the 

synchronization techniques for MIMO systems 

with spatial multiplexing.  

 

 

 

Underwater 
communications 
For many years, the collaboration with 

GESMA and SERCEL on the underwater 

communications has permitted to develop a 

modem for image and voice transmissions. 

This modem achieves good performance for a 

static link. Nevertheless, when the mobility is 

considered, the Doppler effect perturbs the 

transmission. Timing and phase synchronizers 

must be improved in order to make a reliable 

communication.   

  

An analysis of the linear behavior of the  

digital locked loops (DLL) has been performed 

and gives information on the choice of the 

DLL parameters. However,  in a noisy and 

frequency selective channel environment when 

the Doppler effect is too large, the DLLs can 

become extremely sensitive and fails.  

 

A solution consists in an initial feedforward 

acquisition for coarse compensation of the 

Doppler followed by an accurate DLL 

providing the tracking of the Doppler 

variation. In the principle, this proposed 

technique allows large Doppler effect to be 

compensated. Several algorithms will be 

compared. The retained solution will be 

validate from sea trials.  

 

 

ST-BICM for MIMO systems 
In order to improve the spectral efficiency of a 

transmission, the information data can be 

distributed on the transmission antennas. In a 

spatial multiplexing scheme, the channel 
mixes the information and makes harder the 

conception of the receiver.   
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The aim of this work is the proposition of  

synchronization solutions for MIMO ST-

BICM systems in the context of a single-

carrier (SC) transmission over frequency 

selective channels. The potential of the 

classical synchronization techniques to take 

fully advantage of the available diversity will 

be evaluated.   

 

This recent work is supported by France 

Telecom and results of a collaboration initiated 

for several years on digital communications 

topics. 

 

Results 
Within the framework of this research activity, 

theoretical and experimental characterization 

of the synchronization schemes for single-

carrier context have been provided [1]. Also, 

encouraging results have been obtained by P. 

L'Hour, research engineer, in the conception of 

timing recovery systems for underwater 

acoustic communication. 

 

Conclusion 
For many years, the collaboration with 

GESMA and SERCEL on the underwater 

acoustic communication modems has 

permitted the ENST Bretagne to achieve a 

theoretical and experimental knowledge in the 

synchronization schemes. Related works have 

emerged from these previous studies, in 

particular the extension of the classical 

synchronization techniques for MIMO 

systems. Much remains to be done in particular 

for the conception of robust synchronization 

schemes dedicated for transmission with  large 

Doppler effect. 

 

 

References 
[1] G. Eynard and C. Laot, "Non Data Aided 

Timing Recovery Algorithms for Digital 

Underwater Acoustic Communications", 

Oceans 2007, Aberdeen, Scotland, 18-21 june 

2007.  
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Introduction 
SC department is involved in underwater 

acoustic tomography, with activities focussing 

on highly accurate multipath channel 

deconvolution and paths delays tracking 

among successive records. Monte-Carlo 

simulation based techniques have been 

considered to tackle this problem. 

Underwater acoustic tomography aims at 

estimating physical parameters of the ocean 

such as speed propagation as a function of 

depth, and related parameters such as 

temperature and salinity. This can be done by 

transmitting acoustic signals between an 

underwatter transmitter and distant receivers. 

Between both ends, waves propagation follows 

several paths. Delays among received paths are 

related to the ocean parameters of interest. 

Thus, estimating paths delays enables ocean 

parameters recovery [1]. 

In deep ocean environments, waves travelling 

towards the sea bottom are progressively 

refracted towards the surface. On the contrary, 

in shallow water environments, that are 

typically about one to a few hundred meters 

deep, some of the propagating paths are 

reflected on the sea bottom. As a consequence, 

signals recorded at the receiver side contain 

information about the sea floor and their study 

may be useful in helping to evaluate its nature. 

Two PhD thesis of the laboratory have been 

devoted to underwater acoustic tomography. 

The formr was carried out by Fabienne 

POREE. It was related to deep ocean 

tomography, while the later, that addresses 

shallow water tomography with further 

constraint of low signal to noise ratio, was 

supported by Olivier RABASTE in 2006. In 

both studies, channel parameters estimation 

was undertaken through deconvolution of 

received signals. 

Let us note that these deconvolution problems 

are of interest for many other applications of 

interest in which the laboratory is involved 

(transmissions, geo-positionning, seismics, 

…). 

 

Results 
With a view to improve matched filtering 

techniques and to avoid problems related to 

unknown number of propagated paths and to 

existence of many local minima that classicaly 

arise in maximum likelihood criteria, we 

developped new approaches to underwater 

acoustic tomography. 

Fabienne POREE investigated a bayesian 

approach leading to a penalized L1 norm 

approach. In order to avoid nonlinear 

expression of the true statistical likelihood 

criterion at the output of a quadratic detector 

receiver, we were led to linearize it, leading to 

the L1 norm criterion. Alternatively, Olivier 

RABASTE developped a technique inspired by 

our works in the area of seismics : the channel 

can be seen as a sparse spike train that can be 

modelled as a Bernoulli-Gaussian process. 

Channel estimation is carried out by means of 

an MPM algorithm that we adapted to account 

for noise correlation at the receiver matched 

filter output. This is an interesting approach 

when there are many overlapping paths, as this 

often occurs in shallow water tomography. In 

order to ensure good furtivity or not to harm 

marine mammals, additional works on 

waveforms detection capability have been 

conducted that confirmed the interest of using 

pseudonoise sequences as a transmitted signal. 

In addition, in the presence of paths with 

Doppler offsets, these signals enable simplified 

paths delay and Doppler estimation 

procedures. 

The study of paths parameters evolution 

among a set of contiguous records as also been 
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addressed. In particular, Olivier RABASTE 

addressed the problem in the framework of 2D 

Markov models, and proposed a corresponding 

MPM algorithm with computationally light 

implementation. 

 

Conclusion 
These works in acoustic tomography have been 

realized in collaboration with IFREMER with 

financial support of Région Bretagne and more 

recently of EPSHOM. Further interesting 

works could include deconvolution of very low 

frequency signals. 

 

Reference 
[1] W. Munk, C. Wunsch, “Ocean acoustic 

tomography“, Deep sea research, vol. 26, 

1979, pp. 123-161. 
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Introduction 
    

Recently, multi-user underwater communica-

tion become a research area receiving rising 

attention by both industrials and researchers. 

Direct sequence spread spectrum (DS/SS)  

techniques seem to have gained particular 

attention for this kind of communications since 

it provide improved performance on time 

varying multi-path channels, through the use of 

coherent detection based receivers in order to 

take advantage from channel diversity. 

Furthermore, DS/SS allows multiple access 

communications within the same bandwidth. 

All users can transmit at the same time and 

each user-signal energy is spread by a binary 

phase shift keying (BPSK) sequence, called 

spreading code,  which makes its energy below 

noise level, which in turn results in low 

probability of intercept signals (LPI). This 

property is particularly interesting in systems 

for which undetected and discrete 

communications are required. Reliable multi-

user communications with low probability of 

intercept  is a major issue in this thesis. As a 

consequence, all transmissions have to be done 

in negative signal to noise ratios (SNR). Thus, 

coherent detection and channel estimation 

become even harder. Another axis of this thesis 

is to develop efficient algorithms for multi-user 

detection in an underwater communication 

network as well as  a channel estimation 

algorithm in order to estimate the channel and 

retrieve the transmitted data from the received 

signal buried in noise. 

We also focuse  on multiple access 

interference (MAI) in DS-CDMA systems  and 

interference cancellation techniques. 

Interference cancellation is an important matter 

in multi-user detection, since on a network 

transmitting sources will not be necessarily 

disposed at equal distances from one base 

station or from each others and will not 

transmit at equal power levels. In this case,  

MAI would increase because of the signal-to-

interference ratio. 

In what follows, we briefly introduce the DS-

CDMA based transmitting  system, the studied 

receivers structures and we describe the channel 

estimation. 

 

System descriptions 
 

We consider a CDMA system with K users. For 

each user we define one channel to transmit 

information data symbols (branch I) and another 

parallel channel to transmit pilot symbols (branch 

Q), as shown on figure 1. The symbols are BPSK 

modulated and then spread to the chip rate, using 

two orthogonal Walsh codes s k  and scrambled 

with a Gold code as a complex scrambling code 

Csc k. The signal transmitted by the k
th 
 user is 

written as follows  

∑
−

=

−−=
1

0

)()()()(
P

i

ckkkkk iTtCsciTtsibAtx  

Where Ak is the signal amplitude, P is the total 

number of symbols transmitted by each user over 

one frame, sk(t) is the spreading sequence, T and 

Tc are respectively the symbol and the chip rate 

intervals and Csck is the k
th 
user scrambling code.  

 The time-variant response of the multipath 

Rayleigh fading channel is given by :  

∑
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l
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1

,, )()()( τδ  

Where ck,l(i) is the complex gain corresponding to 

symbol i,  lk ,τ  is the delay of the lth path relative 
to the k

th
 user and L is the number of propagation 

paths. 

The k
th
 user is the convolution of the transmitted 

signal and the fading channel response, given by :  

)()()( thtxtr kkk ∗=  

The received signal is the superposition of  the   

K-user signals and additive white Gaussian noise :  
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Fig 1. Block diagram of the transmitter model. 

 
Receiver structures  
 
The receivers studied are conventional DS-

CDMA RAKE and SIC/RAKE receivers. 

These receivers are based on maximum ratio 

combining (MRC) of the L diversity branches 

used to detect multi-path propagation signals. 

MRC maximizes the Signal-to-Noise Ratio at 

the receiver. This process can be written as  

)()()(
1

*

,,][ ˆ iiyiy
L

l
lklkkMRC c∑

=

=  

Where c lkˆ
*

,
(i) is the complex conjugate of the 

channel coefficient estimate for user k and path 

l.  )(, iy lk   is the output of the matched filter 
used to detect the k

th
 user signal from the l

th 

propagation path, detected at the receiver. The 

matched filter applies the scrambling and 

spreading codes used by the transmitter before 

the receiver operates MRC. Figure 2 shows the 

structure of the RAKE detector. 

 

 
 

Fig 2. The RAKE receiver structure. 
 
The SIC/RAKE receiver is built using a series 

of Interference Cancellation Units (ICUs) and 

has a multistage structure.  The ICU elements 

are based on the maximum ratio combining 

concept. Two MRC structures compose the 

ICU : The first one is conceived to detect the user 

signal, the second one is used to perform 

interference cancellation. 

 

Channel estimation 
 

The major obstacles encountered on an underwater 

channel are multi-path propagation with extended 

delays over a time-variant fading channel. Thus, a 

channel estimation method that works 

satisfactorily under fast fading environment is 

required. The channel estimator provides the 

propagation delays and the complex channel 

coefficients estimates. We consider a channel 

estimation algorithm based on interpolation of the 

channel estimates from pilot symbols, since we 

used an all “1” pilot symbol sequences. Figure 3 

diagrams the process of channel estimation using 

pilot symbols.  

 

 
 

Fig 3. Block diagram of channel estimation using 

pilot symbols.  

 

In figure 4 we present some simulation results for 

a SIC/RAKE receiver with channel estimation, as 

well as with channel estimation and channel 

coding using 3 different simulation scenarios. 

 
 

Fig 4. BER vs. SNR for SIC/RAKE receiver. 
 

 
Conclusion  
In  our  work,  we   are   interested  on   advanced 

techniques  for multi-user underwater communica-
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tions  with  low  probability  of  intercept  

through, multi-path  fading  Rayleigh  channel. 

We are also interested  on  developing  efficient 

algorithms for channel estimation.
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Introduction 

Since data transmission in CDMA systems 

depends on multiple access interference (MAI), 

which considerably degrades the performance, 

development and optimization of detection is 

required. Previous Studies highlight the 

advantage of the multi-user detection (MUD) 

which considers the observation of all users 

during detection. Originally for reasons of 

complexity, the receivers operate on detection 

and decoding independently. However, to 

achieve the best performance, the complexity 

of optimal detector is very high. Joint detection 

and decoding with iterative processing provide 

advantageous performances with suitable 

implementation complexity. 

configurations 
Based on some preliminary studies carried 

out in Signal and Communications department, 

we consider two Multi-User detection 

configurations for our implementation study in 

electronics department, one is achieved by 

using a successive interference cancellation 

(SIC) detector followed by turbo decoder 

(Fig.1) and the other is a joint detection and 

decoding (Fig.2) which integrates a turbo 

decoder inside the interference cancellation 

unit of the SIC detector. These configurations 

are compared to single user detection based on 

Rake receiver (Fig.3) to estimate performance 

gain and the additional complexity. 

 

Figure 1 : Multi user detection (SIC) followed 
by a turbo decoder. 

 

Figure 2 : Joint detection and turbo decoding in 
an iterative way. 

Local 
Emitter Interference 

Cancellation 

 MF 
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Figure 3 : Single user detection scheme. 

 
Performances 

The effect of the data quantization is 

estimated in comparison with the theoretical 

results. This allowed us to choose the adequate 

quantization bits for our implementation.  

Figure 4 gives simulations results based on 

8 bits for quantization, a spreading factor SF = 

8 and active users K=8 (system load = 100%). 

We indicate by Config1 the single user 

detection, by Config2 the multi-User detection 

(with 3 iterations for SIC detector) and by 

Config3 the joint detection and decoding 

scheme (with 2 global iterations). The turbo 

decoder operates with fixed iterations (it=8). 

According to these results, Config3 

outperforms Config2 (1,8dB at BER=10
-3
). 

Config1 gives the worst performances.  

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Figure 4 : configurations performances in 

UMTS Uplink. 

Complexity 

To achieve complexity study for each 

detector, VHDL synthesis and ST 90nm 

technology are used. Then, according to 

temporal analyses and surface complexity, we 

chose the appropriate architectures for each 

configuration under the constraints of UMTS 

uplink which are relative to the frame time of 

10ms. Table 1 gives computing time and 

surface results for the three configurations. 

 Config1 Config2 Config3 

Implemented 
architecture 

1 Rake  
+ 1 

decoder 

1 stage  
(Kmax ICU)  

+ 
Kmaxdecoder 

1 ICU 
(with 

integrated 
decoder) 

Computing 
time 

2,5 ms 
(++) 

2,4 ms 
(++) 

8 ms 
(+) 

Surface 
0,46 
mm2 
(++) 

9,7 mm2 
(-) 

1,16 
mm2 
(+) 

Performances  
(at BER=10 -3) 
full load 100%  

not 
reached 

in full 
load  

(- -)  

8,8dB 
 

(+) 

7dB 
 

(++) 

Table 1: complexity comparison. 

Conclusions 

This study enables us to conclude that 

implementation of the joint detection and 

decoding configuration is well suitable for the 

application in terms of performance, surface, 

processing time and operation flexibility with 

variable throughput between users. 

Reader can find more details in: 

- M. Touzri, S. Saoudi, S. Kerouedan, and P. Adde, "A 

multi-user detection implementation approach for UMTS 

uplink channel," IST Mobile & Wireless communications 

Summit, Dresden, Germany, June 2005. 

- M. Touzri, S. Saoudi, S. Kerouedan, and P. Adde, 

"Implantation d'un récepteur multi-utilisateurs appliqué à la 

liaison montante UMTS," GRETSI, Belgium, September 

2005. 

- M. Touzri, S. Kerouedan, P. Adde, and S. Saoudi, "Étude 

des performances et de la complexité d'un détecteur 

conjoint innovant appliqué à l'UMTS," ISIVC, Tunisia, 

September 2006. 

- M. TOUZRI "étude d’implantation de détecteurs multi-

utilisateurs CDMA : application à l’UMTS" PhD thesis, 

ENST-Bretagne, January 2007. 

 

 

1,E-
04 

1,E-
03 

1,E-
02 

1,E-
01 

1,E+0
0 

0 2 4 6 8 10 12 14 16 18

Eb/No  

B
E

R
 

Config1 K8 SF8 
(100%) Config1 K6 SF8 
(75%) Config1 K4 SF8 
(50%) Config2M3 K8 SF8 
(100%) Config3M2 K8 SF8 
(100%) ref 
K=1 

1,8dB 



 

Rapport d’activités 2005-2007 – Signal & Communications - page n°62  

Opportunistic radio 
Research Staff : S. Houcke  – Post Doc  Student : Recrutement underway 

Keywords : Opportunistic radio, universal receiver, WiFi, WiMax, UMTS. 

Applications : Wireless Communications 

Partners & Funding : ANR (INT, ENST, CEA/LETI, Orange-FT, I2E Technologies, 

Université Marne La Vallée)

 

Introduction 
Several communication systems have been 

developed in the past decades and have now a 

considerable impact on our society. The 

Internet network for example has considerably 

change our way of living. From the search of 

information to some shopping activities, it 

became a major service in our society. Based 

on this model, some private networks have also 

been developed. Lately, these networks have 

evolutes to become wireless accessible. In fact, 

with the development of new high rate 

standards (Wifi, WiMax, UMTS, ...), it is now 

possible to be connected to many networks 

everywhere and every time.  

The coming of these new technologies have 

been the first stones of the so-called 

information society. A society where everyone 

must be able to find quickly the searched 

information. Its development implies that the 

demand for wireless services will continue to 

grow in the near and medium term, calling for 

more capacity and putting more and more 

pressure on the available spectrum. Hence, the 

wireless communication systems have to 

evolutes in order to support this demand. 

Several propositions have been made to 

support this evolution. Two of them emerge 

and can be combined. The first one is the 

opportunistic radio : In this context, the couple 

base station/mobile station is able to choose 

the band of frequencies where the 

communication takes place in function of the 

spectral environment measured periodically in 

time. The second solution is the universal radio 

: a radio able to support several protocols and 

able to choose the best system to communicate 

with. These two solutions can be linked since 

the universal radio should be able to 

communicate with an opportunistic base 

station, and hence offer a very complete 

solution to the users to communicate with 

some networks. 

The project DEMAIN 
The consortium of the project DEMAIN 

expects to find answers to the above problems 

and to establish the performances of the 

proposed solutions in different contexts.  

The characterization of the spectrum near the 

transmitter and near the receiver is 

fundamental for the development of 

opportunistic networks. Thanks to a large 

experience of several partners (GET, Univ. 

MLV, LETI, I2E, France Telecom) in the 

estimation of some digital communication 

signals properties in blind context, original 

signal processing solutions should be 

proposed. Further, the use of blind algorithms 

may highly improve the flexibility of the 

opportunistic radio. 

Some protocol problems have also been 

identified to establish a connection between an 

opportunistic receiver and its base station. 

Thanks to a large experience of several 

partners of the project DEMAIN (France 

Télécom R&D, LETI), some original solutions 

may again be proposed. 

 

Results (Futur...) 
Projet just started january 2007. Phase 1 allows 

us to define in details the specifications of our 

opportunistic receiver. We start phase 2 in june 

and we plan to have a post-doc student 

working on this from september 2007 to 

september 2008. 

His main task will be to characterize the 

spectral occupation : in other words,  we will 

identify the systems currently available in a 

given bandwidth. This identification has to be 

done without any a priori on the carrier 

frequency since we are in an opportunistic 

environment which means that the base station 

can also transmit in an another band than its 

initial one. Phase 1 of DEMAIN will provide 

us with a list of systems to be identified (WiFi, 

WiMax,...). 
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Abstract 
In this topic the robustness and reliability of 

MIMO-0STBC (multi-input multi-output - 

orthogonal space-time bloc coding) combined 

with frequency domain turbo-equalization 

concepts are investigated for single carrier 

transmission over radio frequency channels.

   

Context of study 
The standard IEEE 802.16 (WiMax) introduces 

the use of techniques to avoid the inter-symbol 

interference (ISI) due to multipath propagation 

like orthogonal frequency division 

multiplexing modulation (OFDM) or single 

carrier with frequency-domain equalization  

(SC-FDE), schematics as shown in Fig. 1. In 

addition,  this standard suggests orthogonal 

space-time block codes (OSTBC) like the 

Alamouti code and its generalization proposed 

by Tarokh et al. The robustness and user-

friendly approach of the FDE with OSTBC 

motivates us to study these technologies. 

 

FDE for OSTBC per Block 
We generalized the construction of OSTBC per 

block (OSTBCB). Compared to STBC they are 

well adapted to selective frequency channels. 

The circular convolution in the time-domain is 

guaranteed by adding a cyclic prefix CP. We 

thus proposed [1] an SC-FDE efficient receiver 

consisting of first a space-time code frequency 

domain detector followed by a predictive 

decision feedback equalizer (PDFE) with 

frequency domain feedforward filter and time 

domain feedback filter. Simulation results 

obtained with a QPSK modulation, a OSTBCB 

code of ¾ rate, four transmit and one receive 

antennas are shown in Fig. 2. 

 
Fig.2: OSTBCB receiver performance –4 Tx-1Rx-R=3/4 

- static channel

 
Fig. 1: OFDM and SC-FDE transmission block diagrams 
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MMSE-TE for OSTBC per 
Block 
In this part, we focus on single-carrier 

transmissions over frequency-selective block 

fading channels and we propose the frequency-

domain derivation of a generalized minimum-

mean square error turbo equalizer (MMSE-TE) 

for OSTBC per block. The main advantage of 

our proposed scheme is that it can be applied 

to any OSTBCB. The receiver consists mainly 

of a space-time code frequency domain ML-

detector followed by a frequency domain 

MMSE-IC-LE (interference canceller-linear 

equalizer) turbo equalizer. In Fig.3, simulation 

results show  that  the  receiver reaches the 

genie  

 

 
 
Fig. 3: MMSE-IC-LE performance of Alamouti 

OSTBCB (1 receive antenna) with QPSK over the EQ-5 

(5 i.i.d. paths of equal average power) block fading 

channel  
 

equalizer/decoder bounds after 5 iterations in 

the test context. 

 

Conclusion and future 
prospects 
SC-DFE results are interesting. OSTBC-

OFDM transmission scheme offers an 

attractive alternative to single-carrier 

modulation to combat the ISI. We have been 

comparing performance of the single carrier 

(SC) and orthogonal frequency division 

multiplexing (OFDM) modulation schemes. 

Similarities and differences of both systems 

will be studied. 

 

Furthermore we are interested in 

synchronization and channel estimation 

problems based on the framework of WIFI, 

WIMAX standards. The proposed technique is 

based on unique word (UW) insertions. The 

main property of these UWs is that their 

frequency spectrum must have equal 

magnitude for all frequencies. The polyphase 

Frank-Zadoff sequences or Chu sequences 

which are in these standards are thus 

appropriate.  

 

References 
[1] K. Amis, D. Leroux, “Predictive Decision 

feedback equalization for Space-time Block 

codes with orthogonality in frequency 

domain”,PIMRC’05, Sept. 2005 

 

NB: simulation results are obtained with 

perfect channel state information & perfect 

synchronization 
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Introduction 
To overcome the need for an increasing 

volume of information through a band limited 

transmission medium, a solution is to use 

multiple antennas at both sides of the 

communication link. MIMO (multiple input 

multiple output) systems allow performance or 

symbol rate increase by diversity 

enhancements. 

 

Several  transmission schemes exist to 

associate information to the multiple antennas. 

Space time block code exploits spatial 

diversity. Appropriate space-time codes allow 

the realization of low complexity receivers. 

Nevertheless this technique offers a 

multiplexing gain weaker than the spatial 

multiplexing structure. In order to improve the 

spectral efficiency of the transmission, the 

information data can be distributed through the 

transmission antennas without space-time 

coding. In this approach, the multiplex mixes 

the information and makes harder the 

conception of the optimum receiver. Iterative 

(turbo) approach where the symbol 

information are estimated by means of soft 

information exchanges between a symbol 

detector and a channel decoder is an elegant 

solution to realize the receiver. Space Time Bit 

Interleaved Coded Modulations (STBICM) 

associated with an iterative process at the 

receiver side appears as an attractive solution 

for future transmission schemes. 

 
This work is supported by France Telecom and 

results from a collaboration initiated for 

several years ago on turbo equalization topics. 

  

 

 

 

Turbo receiver for ST-BICM 
in the MIMO systems 
When a frequency selective channel is 

considered, the channel diversity can also be 

exploited. Combined to the spatial diversity,  

the performance of the receiver can be 

improved.   

 

Considering a ST-BICM transmission scheme, 

the principle of the turbo equalization can be 

applied to the MIMO system. At the receiver, 

the minimum mean square error (MMSE) 

turbo equalization principle enables to derive a 

low complexity receiver that can achieve 

optimal performance by taking fully advantage 

of the available diversity. 

 

    The aim of this work is to evaluate 

performance that can be achieved by the 

MMSE turbo equalizer in ST-BICM systems in 

the context of a single-carrier (SC) 

transmission over frequency selective 

channels. We also investigate some techniques 

that allow to reduce the complexity of the 

MMSE MIMO turbo equalizer and do not 

yield any significant performance loss. 

 

    On the other hand, orthogonal frequency 

division multiplexing (OFDM) modulation is 

widely recognized as being particularly well 

adapted to MIMO systems in a multi-path 

environment because of its low complexity at 

the receiver. Nevertheless, SC transmission 

using frequency domain MMSE turbo 

equalization delivers performance and 

complexity, comparable to the OFDM scheme 

with less sensitivity to non linear distortions. 

By providing a comparison study between the 

two schemes, we show that SC 

transmission using Frequency Domain 
MMSE Turbo Equalization is a possible 

competitor of the OFDM technique. 
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Results 
Within the framework of this research activity, 

theoretical and experimental performance 

characterizations of the MMSE turbo equalizer 

for single-carrier and multi-carrier 

transmissions in MIMO context have been 

provided. Publications in international 

conferences demonstrate the quality of the 

realized work. Moreover, in order to reduce the 

complexity of the receiver, a novel equalizer 

has been proposed which should be patented 

shortly. Nicolas Le Josse, PhD student at the 

Signal and Communications department will 

defend his dissertation in June 2007.   

 

Conclusion 
Since many years, the collaboration with 

France Telecom on the turbo equalization 

studies has permitted the ENST Bretagne to 

achieve an international renown and expertise 

on these topics. Numerous related works have 

emerged from the turbo equalization principle. 

Iterative interference cancellation for multi-

users and co-channel rejection are the future 

emerging schemes to be considered. 

  

References 
[1] N. Le Josse, C. Laot and K. Amis, 

"Performance Validation for MMSE Turbo 
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Introduction 
Optical wireless communications offer a viable 

alternative to radio frequency (RF) 

communications for indoor use and  

applications that require a high performance 

link. These systems mainly based on infrared 

technologies (IR), which have significant 

advantages over RF ones.  

 In this project, we investigate the 

performance of high-speed non-directed 

infrared/visible light links using OOK (On Off 

Keying) or L-PPM (L-Pulse Position 

Modulation) modulations. In an indoor 

environment, optic transmissionss are subject 

to Inter-Symbol Interference (ISI) due to 

reflections on the walls, the floor, the ceiling 

and the objects present in the room. The higher 

the data rate, the more influent the ISI. 

Therefore, equalization techniques are 

mandatory to combat the ISI and improve the 

optical link in a high-speed context. Basic 

channel coding is also considered to make the 

receiver more reliable. 

 

Indoor optical wireless link 
designs  
Optical links for indoor wireless 

communications are generally sorted according 

to two criteria as shown in Fig. 1. The first 

criterion is the degree of directionality of the 

transmitter and the receiver, also known as the 

field of view. The second criterion relates on 

the existence of a Line- Of-Sight (LOS) path 

between the transmitter and the receiver. 

Optical directed LOS links improve power 

efficiency as the path loss is minimized. 

However, systems using this kind of link need 

alignment and no mobility of the 

communicating devices to be fully operational. 

One attractive configuration is the Diffuse 

Link (Non directed – Non LOS). In this case, 

the perfect alignment is no more mandatory 

and transmissions may occur even with 

barriers between the transmitter and the 

receiver. 

 
 
fig.1 Classification of optical wireless links 
 
Due to the nature of the wave, optical 

transmissions are confined in one room. 

Therefore, high-speed links can operate in each 

room of a building without interference. The 

robustness and user-friendly approach of the 

diffuse link motivates us in studying this kind 

of transmission 

 

Indoor optical wireless 
technology 
The conventional free space optical (FSO)  

model uses an intensity modulation with direct 

detection (IM/DD). At the transmitter, the 

intensity of the instantaneous optical power 

carries the information (IM), while at the 

receiver side, the received optical power is 

converted into a proportional electrical current 

(DD). The noise is assumed to be an additive 

white Gaussian one.  

The most common used modulation is the 

OOK. It consists of emitting optical power if 

the bit to transmit is equal to 1 and not emitting 

at all on the contrary. The L-PPM modulation 

divides a time symbol into L slots called chips. 

Optical power is emitted impulse only on one 
chip among the L ones. The position of the 
will code a unique set of log2(L) bits. The L-

PPM leads to high spectral efficiency and high 
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average-power improvement increasing with 

the order L. 

 

Receiving strategies and 
future prospects 
For both modulations, the same threshold 

detector is used to detect if optical power was 

sent or not. In the OOK case, one symbol is 

associated to one bit. Therefore, the detector 

directly gives the value of the sent bit. In the L-

PPM case, the detection is generally done at 

the chip level without taking into account the 

fact that only one chip among L is non-zero. 

The first impulse will then determine the value 

of the sent bits. In  both  cases,   the detector 

provides estimated bits, called hard decisions. 

Optical diffuse links are subject to inter-

symbol interference (ISI) due to reflections on 

the walls, the floor, the ceiling and the objects 

present in the room. The higher the data rate, 

the more influent the ISI. By using 

equalization techniques like minimum mean 

square error (MMSE), we can decrease the ISI 

effect. We analyze the performance of MMSE 

linear equalizer with OOK and L-PPM 

modulation over an optical diffuse channel 

with theoretical and experimental studies. 

Another traditional way to combat the channel 

effect is to include a forward error correcting 

code (FEC). As the data rate is one of the 

primary goals to achieve, the FEC must be 

basic enough to keep a reasonable complexity 

but good enough to bring a sufficient bit error 

rate (BER) improvement. Several 

configurations for optical wireless 

communications, such as modulations, FECs 

or multiple-access techniques will be studied in 

an indoor context. 

In that purpose, a new PhD thesis was 

launched in October 2006 in France Telecom 

R&D with our collaboration. 
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Abstract 
This research work investigates advanced 

receiver architectures for multiuser MIMO 

communications. The different tasks of 

channel estimation, multiuser detection,  

space-time equalization and decoding are 

handled iteratively. The main focus is 

complexity reduction while maintaining 

acceptable physical and system level 

performance. 

 

Introduction 
In an uplink multiuser space division multiple 

access (SDMA) framework, users which are 

located in different spatial positions, transmit 

simultaneously their information blocks using 

multiple antennas. At the base station, in 

addition to intersymbol interference (ISI), and 

multiple antenna interference (MAI) caused by 

multipath propagation and multiple antenna 

transmission, respectively, multiuser 

transmission induces a multiuser interference 

(MUI) term in the received signal. The base 

station receiver has to cope with different 

interference sources in such a way to separate 

between users signals. In general, combining 

space-time interference cancellation techniques 

with  channel decoding in a turbo-like fashion, 

allows a dramatic reduction of interference, 

and consequently increases the system 

capacity, and improves the receiver 

performance.  

 

In multiuser coded code division multiple 

access (CDMA) systems, turbo multiuser 

detection (MUD) algorithms, performing in 

general, soft MUI cancellation combined with 

appropriate processing, have demonstrated 

substantial increase in system capacity. The so-

called soft parallel interference cancellation 

(PIC) followed by minimum mean square error 

(MMSE) filtering has been widely used for 

performing MUD in different coded CDMA 

scenarios. 

In contrast to multiuser CDMA systems where 

separation between users is performed with the 

aid of users signatures, in SDMA systems 

users channel responses are exploited for 

performing MUI cancellation and signals 

detection. Channel state information (CSI) 

realizations corresponding to users reverse 

links are different because users are located in 

different spatial positions. Therefore, with 

respect to the array of received signals, each 

user's CSI can viewed as a signature of that 

particular user. The consequence of this 

property is twofold. First, iterative MUD 

algorithms used for multiuser coded CDMA 

systems can be adapted for use within a SDMA 

framework, where users CSIs are considered as 

signatures allowing the separation between 

multiple access space-time signals. In this case, 

reliable knowledge about users channel 

realizations is needed at the receiver side. 

Performance of the iterative space-time 

receiver is therefore influenced by the accuracy 

of CSI estimates. Second, space division 

techniques can be combined with CDMA-

based access radio interfaces to increase the 

system capacity without additional frequency 

bands. 

In this research work, we focus on the design 

and proposition of innovative iterative 

receivers for uplink multiuser MIMO coded 

systems. We investigate new interference 

cancellation techniques for perfoming MUD 

and multiuser channel estimation. This 

research is a continuation of the work  that was 

performed by Tarik Ait-Idir during his PhD 

thesis, and the project is actually in its middle 

phase.  
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Iterative Multiuser 
Detection for MIMO 
Communications 
In this work we consider an uplink multiuser 

MIMO communication system where K users 

transmit simultanously their information 

blocks using space-time bit interleaved coded 

modulation (STBICM) transmitters equipped 

with the same number of transmit antennas NT. 

Perfect synchronization at both symbol and 

frame levels is assumed. We introduce a new 

MUD scheme where the receiver is split into a 

soft parallel interference cancellation (PIC) 

stage performing multiuser interference (MUI) 

cancellation, and a per user minimum mean 

square error (MMSE) space-time soft 

equlization. Classical approaches view the 

considered problem as a single user space-time 

equalization issue because of the perfect 

synchronization between users.  This increases 

the receiver complexity which becomes cubic 

in terms of the product KLNT, where L is the 

number of paths per each user channel profile.  

The approach we introduce [1] reduces in 

particular the receiever’s computational 

complexity which becomes linear in K and 

cubic only in  LNT. 

 

Iterative Multiuser Channel 
Estimation for MIMO 
Communications 
Techniques we investigate for reducing the 

complexity of the multiuser channel estimator 

stage are similar to those we introduce in 

MUD. The idea consist on introducing channel 

estimation in the iterative loop of the turbo 

receiver, and consequently making use of soft 

information delivered by the soft input soft 

output (SISO) decoder at each iteration for 

improving the quality of the channel 

estimation. We also employ soft PIC of MUI 

followed by MMSE-based soft channel  

estimation for reducing the overall complexity. 

Further details regarding these approaches can 

be found in [2]. 

 

Results 
In this section, we present some simulation 

results condcuted for validating performance 

of the proposed receiver architecture. We 

suppose a MIMO system with K=2 users, NT 

=2 transmit antennas each, and NR =3 receive 

antennas at the access point. Users have the 

same coding scheme CC(35,23)8, modulation 

(QPSK), and channel profile L=4 with equal 

power.  Information blocks are of length 512 

bits, and two training sequences of length 

P=40 are used for asssisting channel estimation 

at the receiver side. Performance in term of 

averege bit error rate (BER) per user versus 

signal to noise ratio (SNR) per useful bit per 

receive antenna are presented in the following 

figure.   

 

Conclusion 
This work focuses on the design of advanced 

low-complexity iterative receiver architecures 

for multiuser MIMO communications. Future 

perspectives are the extension of proposed 

techniques to multiuser MIMO-CDMA in the 

framework of the evolution of high speed 

packet access (HSPA) system. 
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Introduction 
    

The major evolution of the UMTS system in 

recent years is the high speed downlink packet 

access (HSDPA).  It can provide data rates up 

to 10.8 Mbits/s.  This is reached by the use of 

multicode transmission principle with adaptive 

modulation and coding (AMC) as well as 

hybrid automatic repeat request (HARQ). 

In the AMC technique, the base station adapts 

the modulation and the coding rate to the 

channel conditions. The modulation is chosen 

between QPSK or 16-QAM. The coding rates 

are obtained by using the rate matching 

(puncturing or repetition) at the output of the 

turbo coder. The use of 16-QAM increase 

significantly the bit rate. However, this type of 

modulation is very sensitive to interference and 

noise. This leads to a severe performance 

degradation when using this modulation in 

multipath fading channel which affects the 

signal by multipath interference. A solution to 

mitigate the performance degradation is the 

implementation of a multipath interference 

canceller (MPIC). Through last years, many 

studies are carried out on the MPIC. In [3], 

Higushi et al. Proposed an MPIC which 

generates the multipath interference based on 

hard decision at the output of the Rake 

receiver. It was proved that the optimum of the 

multipath interference replica can not be 

generated. A few mounts later, a soft MPIC 

combined with HARQ were proposed in [4]. It 

was concluded that this MPIC doesn’t work 

very well in severe multipath environment. In 

this work, we propose a new technique which 

combines a soft MPIC with HARQ chase 

combining assisted by  the constellation 

rearrangement technique [1, 2]. In our method, 

more reliable packets are delivered to the turbo 

decoder. This decrease significantly the data 

decoding error. 

   

Multipath interference 
canceller 
 

The iterative soft multipath interference 

canceller used in this work is presented in Fig. 

1 [5].  

It uses a soft symbol estimation for 

interference generation. The MPIC works in 

iterative manner. Its  

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

purpose is to provide a signal without 

multipath interference at the input of each 

Rake finger. For each iteration, the MPIC 

estimates the multipath interference and 

substracts it from the received signal at the 

input of each finger which then performs  

descrambling, despreading and apply channel 

conjugate. After that, the maximum ratio 

combining (MRC) is done for all fingers 

outputs. The combined signal is taken by the 

r(t) 
Perform 
matched 
filter and 

apply 
channel  

SISO 
demapper

err 

Soft  
decision  

Spreading and 
scrambling  

Apply 
channel  

memory  

MRC 

     Fig. 1.   Iterative soft MPIC 
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SISO demapper to estimate the log-likelihood 

ratios (LLR) needed for turbo decoding [4, 5]. 

The demapper  output is delivered to a soft 

symbol estimator  in order to reconstruct the 

data modulated sequence. This  reconstructed 

sequence is spread, scrambled and processed 

by a channel emulator which generates all 

paths interference contributions. This 

multipath interference contributions are stored 

in a memory to be used in succeeding 

iterations. At the final iteration the soft output 

sequence from the MPIC is delivered to the 

turbo decoder to recover the transmitted 

information sequence.  

 
MPIC combined with Chase 
combining and 
constellation 
rearrangement 
 
The principle of our proposed method is 

described in Fig. 2 [5]. The received packet is 

processed by the MPIC (see Fig. 1)  for 

interference cancellation. Then, it is delivered 

to the turbo decoder. A CRC detector with size 

of 24 is used for error detection. When the 

packet is erroneous, it is saved and  a negative 

acknowledgement is sent to the transmitter 

 

 

 

 

 

 

 

 

 

 

 

 

 

which retransmits the packet using the 

constellation rearrangement technique. This 

technique equalizes the reliability variation in 

16-QAM symbols by changing the bit to 

symbol mapping from transmission to other 

[1]. In addition to its simplicity, the Chase 

combining becomes more powerful for 16-

QAM modulation when using constellation 

rearrangement technique. 

 

Simulation results 
Simulations were done for a bit rate of 2.344 

Mbits/s using 16-QAM modulation. The 

channel utilized the profile of ITU-Pedestrian 

B with speed of 3 Km/h. The receiver assumed 

a perfect channel knowledge. We used Max-

Log-MAP for channel decoding with 10 

iterations. The number of HARQ transmissions 

is 2. The BLER results are presented in figure 

3. We see that the Rake curve presents an error 

floor which limits the BLER at  0.15%.  After 

using HARQ, this phenomenon is completely 

removed. A considerable gain is obtained 

when combining multipath interference 

cancellation and HARQ with constellation 

rearrangement.  

 

 
 

 

 

 

 

 

 

 

Conclusions and future 
works 
 

In this work we have presented a multipath 

interference canceller  which mitigates the 

multipath interference based on soft decision. 

After that, in order to make the MPIC more 

powerful, we have proposed to combine it with 

HARQ Chase combining assisted by 

constellation rearrangement. It was shown that 

our technique provides very good performance 

although the presence of severe multipath 

interference ( ITU-Pedestrian B channel). As 

        Transm. 1 
         (Mapp. 1) 

         Transm. 2  
          (Mapp. 2)  

MPI Turbo  
decoder  

CRC 
detector

MPIC Turbo  
decoder  

CRC 
detector

memory  

+
Soft combining 

     Fig. 2. MPIC combined with HARQ 

    Fig. 3. BLER results for 2.344 Mbits/s 
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future work we plan to extend this work to the 

HSUPA (High Speed Uplink Packet Access) 

system. 
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Introduction 
Canal coding cannot nowadays be by passed. 

In order to decode the coded sequence, the 

receptor has to find the beginning of the 

codewords. This problem is usually solved by 

adding  periodically to the transmitted 

sequence a frame synchronization sequence.  

Of course the longer the sequence the better 

the synchronization but the less the spectral 

efficiency. We understand clearly the stakes of 

developing a blind technique that synchronizes 

before decoding (at high bit error rate) without 

synchronization sequence. 

We proposed a blind method [1] [2] that allows 

us to synchronize a block code, we show that it 

is specially well suited for the LDPC codes and 

has for those particular codes very convincing 

performance. 

We now try to improve the method and adapt it 

to different types of codes. We  also try to 

apply this approach to different to phase 

synchronization.  

A patent has been written with France 

Telecom. And the PhD Thesis (2007-2010) is 

supported by project Carnot. 

 

Principle of our blind 
synchronization 
Communication and information storage use 

more and more numerical solutions. Those 

techniques use a canal code more or less 

sophisticated. Many works have been done in 

this field. The principle consists in adding 

redundant bits to the information bits. This 

controlled redundancy allows the receptor to 

detect the presence of errors and eventually to 

correct them. 

Along the existing codes, we focus in this 

paper on the block codes. They associate to an 

information word of nb bits a code word of nc 

bits with nc>nb 

The redundancy introduced by the code is used 

to synchronize our receptor. Indeed for a noise 

free channel, when we are synchronized, all 

syndromes computed from blocks of size nc are 

equal to zero. This is mostly not the case when 

we are not synchronized. Our method is based 

on this obvious observation. Let's Hd be an 

extracted sequence of size Knc  from the 

received sequence X. Hd can be divided into K 

blocks  (Bi) for {i=1,...,K} of size nc. When  

d=t0, Hd has exactly K complete codewords. 

From Hd, we define a vector of syndromes Sd 

of size Knr  : Sd = [Sd 
(1)
,..., Sd

(K)
]
T
 = [Sd 

(1),...,Sd (Knr)]
T 
, where Sd

(i)
  is the syndrome 

computed from the block Bi of Hd and Sd(k) is 

the k
th
 element of Sd. 

Figure 1 represents three different sequences of  

Hd : for d=0, d=1 and d=t0 where the size of 

Hd  is fixed to K=3.  

We propose to consider the following criteria  

C�d�= ∑
k= 1

K�n
c
− n

b
�

S
d
�k� 

and to estimate the synchronized position as 

the one that minimizes C(d). 

We have also developed a soft version of the 

method in order to consider AWGN channel. 
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Results 
In order to estimate the performance of our 

synchronization algorithms, we estimated the 

probability of false synchronization. The 

evaluation of this probability is realized by 

Monte Carlo simulation: 3000 realizations 

have been done, where, for each realization, 

the noise, information bits and the delay of the 

channel were randomly chosen. 

Consider two LDPC codes of length 511 bits 

and rate 0.7, that differ only by the 

composition of their parity check matrix: Code 

I (respectively II) has 4 (respectively 10) non 

zero elements on each line of its parity check 

matrix. 

By using a synchronization window of size 1 

block (511 bits), we applied the two 

synchronization methods to these codes. 

Figure 2 shows the probability of false 

synchronization versus the Signal over Noise 

Ratio, for the Hard synchronization method. 

We notice on this figure that the simulated and 

theoretical results are close to each other (a gap 

lower than 0.2 dB exists between the two 

curves). Let us compare now the plotted curves 

for codes I and II. We notice that the 

probability of false synchronization increases 

when the number of non zero elements in the 

parity check matrix increases. 

The convolutional codes to which we applied 

our synchronization methods have respectively 

the generator polynomials (5,7), (23,35) and 

(561,753). These three codes have the same 

length (512 bits), the same rate (1/2) and 

constraint lengths equal to 3, 5 and 9 

respectively. 

Figure 3 shows a comparison between the 

performance of the two methods after being 

applied to those convolutional codes. The same 

behavior obtained with LDPC codes is found 

here: Soft synchronization is always the best. 

 

Conclusion 
We propose a blind synchronization procedure 

adapted to block codes that has very 

convincing performance for LDPC code and 

convolutional code. This method is simple and 

is working before decoding at high Bit Error 

Rate. This method is under the patent number 

N° 0501748 (France).  

Figure 2: Hard synchronisation of LDPC codes 

Figure 3: Hard and Soft synchronisations for 
convolutional codes 

 
Figure 1: Blind Frame Synchronisation principle. 
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It does not need any synchronization sequence 

which allows to increase the spectral 

efficiency. Note that the existed 

synchronization sequence can be replaced by a 

more powerful code (introducing more 

redundant bits) which may lead to an increase 

of the performance of our synchronization 

procedure. 
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Introduction 
Multiple input multiple output (MIMO) 

systems consist in using multiple antennas at 

both sides of the transmission link. Exploiting 

the wave propagation phenomena in the 

terrestrial space, they enable to either increase 

the information volume simultaneously 

transmitted in a given bandwidth or improve 

the transmission quality, receiver robustness or 

system coverage, without requiring extended 

bandwidth nor higher transmitted power. Space 

time codes (STCs) applied on modulation 

symbols are used to improve the overall 

system transmission quality by exploiting  

spatial and time diversities available in a 

MIMO context. However, they have no error 

correcting capability. Hence the aim of this 

project, initialized in Massinissa LALAM’s 

PhD thesis[1], is to develop space time error 

correcting codes (STECCs). 

A first scheme based on linear codeword 

combinations has been developed and its 

performance is really interesting. The 

theoretical limits of this structure still have to 

be investigated. The drawn conclusions will be 

used to improve and generalize the principle to 

higher transmit antenna numbers. 

In that purpose, a new PhD thesis will be 

launched in October 2007. 

 

State of art 
Most of space time codes used in standards are 

orthogonal space time block codes (OSTBCs). 

STBCs are based on linear combinations of 

modulated symbols and/or their conjugates that 

are transmitted from the transmit antennas 

(space) over several symbol durations (time). 

For instance, the well-known Alamouti scheme 

transmits two useful modulation symbols from 

two transmit antennas over two symbol 

periods. This means that the effective code rate 

is one half. The orthogonality property of  

OSTBCs, enables a linear maximum likelihood 

detection  and thus a low complexity receiver. 

However, OSTBCs only exploit spatial and 

time diversities and are not able to correct 

eventual errors. This motivates the search for 

STECCs. 

 

STECC  : definition and 
decoding 

♦ Definition 
The proposed STECC is based on linear 

combinations of linear binary forward error 

correcting code (FEC) codewords. For such 

codes, a linear binary combination of 

codewords is still a codeword. A STECC 

codeword is built from K useful codewords 

and is transmitted through two antennas. The K 

original codewords are linearly combined to 

define K new codewords. If c
(k)
 is the k-th 

original codeword, then c
(≠k)
 is defined as the 

linear binary combination of all original 

codewords except  c
(k)
. Each of the resulting   

2K codewords (including the original 

codewords) is mapped to a modulation symbol 

sequence. The modulated sequences associated 

to respectively c
(k)
 and c

(≠k)
 are simultaneously 

transmitted through respectively first and 

second antennas. 

♦ Decoding strategies 
A maximum likelihood (ML) decoding 

structure of the STECC exists but its 

complexity is prohibitive (|C|K metrics to be 

computed, with |C| the FEC codeword 

number). A first compromise is to split the 

receiver into two parts : a soft input soft output 

(SISO) ML STECC detector which does not 

take into account the elementary linear FEC 

properties followed by a FEC decoder. An 

additional combiner which exploits the STECC 

structure, called STECC combiner in the 

following and placed after the FEC decoder, 

can improve the performance. However, the 

STECC detector computation cost keeps high 
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and one can substitute a suboptimal structure 

for it. For instance a minimum mean square 

error filter followed by a SISO symbol to 

binary converter and a STECC combiner is 

well adapted. Moreover, performance 

improvement is obtained by an  iterative 

process where the equivalent STECC detector 

and the FEC decoder followed by a STECC 

combiner exchange reliability information 

according to the turbo principle[1,2]. 

♦ Puncturing 
Puncturing of entire  elementary codewords 

belonging to a STECC codeword can be 

applied to improve the spectral efficiency of 

the transmission. A major advantage is that the 

receiver remains the same as in the un-

punctured case. Indeed the STECC combiner is 

able to estimate punctured codewords thanks to 

the linear combination property. 

 

Results 
Two types of code have been used to 

experiment the STECC : the (15,7) BCH code 

and a one half convolutional code with 

different memory constraint lengths have been  

tested. Simulations carried out over an ISI free 

block fading channel have shown the 

efficiency of the STECC compared to the 

Alamouti scheme concatenated to the same 

FEC[1].  

 

Conclusion 
Preliminary results are promising. The PhD 

thesis to be started next October will deal with 

theoretical study of the proposed STECC 

properties and performance. This will serve as 

a new basis for STECC definition 

improvement and/or generalization to a higher 

transmit antenna number.  
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Introduction 
In the past five years, impulse radio Ultra-

Wide-Band transmission systems have been 

considered as a very competitive solution for 

short range communications [1]. It is supposed 

to have low power consumption, low cost with 

a cost free spectrum. Unfortunately the original 

idea based on Pulse Position Modulation 

(PPM) has not yet delivered a realistic 

prototype due to its very high receiver 

complexity. This is mainly due to the very high 

sampling rate required in the receiver and also 

channel estimation under very low signal to 

noise ratio.  

To reduce receiver complexity several authors 

have considered non-coherent receivers. Here 

we propose to use Pulse Amplitude 

Modulation (PAM) combined with direct 

sequence spreading code (also known as DS-

UWB) where the chips are differentially 

encoded at transmitter. A differential 

demodulator is used in the receiver in order to 

reduce receiver complexity. This solution 

achieves a good trade-off between complexity 

and performance in  the case of a single user.  

For multiple access the users are discriminated 

by the length of the spreading sequence instead 

of the spreading sequence code. Performance 

of this system has been validated on multi path 

indoor channels with single and multi users 

under the assumption of perfect 

synchronization.  

 

Differential DS-UWB  
We shall first consider the single user case. 

The signal transmitted by a DS-UWB system 

using PAM is illustrated Fig. 1. In this 

example, the data bit of duration Tb is 

transmitted using four time frames (Nf = 4) of 

duration Tf and pulses are of duration Tc using 

spreading code sequence {+1,-1,+1,-1}.  

 

 

 

 

 

 

 

Fig. 1: DS-UWB signal using PAM 

 

 

In order to reduce receiver complexity, we 

propose to use a differential demodulator (see 

Fig. 2). Thus pulses of duration Tc are 

differentially encoded at the transmitter. 

 

 

 

 
 

Fig. 2 : Schematic of differential demodulator 

 

Sequence at the slicer output is correlated with 

the spreading code sequence to recover data 

bit.  

 

 

 

 

 

 

 

 

 

 

 

Fig. 3 : Single user  performance 
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System performance for a single user (see Fig. 

3) improves with increasing  number of paths 

in the channel. For ten paths the system 

performance is at less than 8 dB of the 

optimum coherent receiver performance. 

In order to share the physical channel among 

different users a multiple access scheme is 

required. Instead of using the spreading code to 

discriminate users we propose to use the time 

parameter. Each user can use a different 

spreading code (or the same) but the code 

length (Nf) and frame duration Tf  are different 

and their product is equal to Tb which is 

constant for all users. This concept is 

illustrated Fig. 4. User U1, U2 and U3 have 

spreading codes of length 5, 3 and 2 

respectively (Nf =5, 3 and 2). To detect user 

U1, the receiver will synchronize on the frame 

of U1 as illustrated in Fig. 5.  

 

 

 

 

 

 

 

 

 

 

 

Fig. 4 : Signal transmitted by three users 

 

 

 

 

 

 

 

 

 

 

 

 

 

Fig. 5 : Diff. demodulation for three users 

 
 
 

Results 
 

Simulated performance of differential receiver 

are given Fig. 6 for 1, 2 and 4 users with 4 

paths per user. Perfect time synchronization is 

assumed and degradation due to multiple 

access is relatively small for up to 4 users. 

 
 
 
 
 
 
 
 
 

 

 

 

Fig. 6: Multiple user performance 

 
Conclusion 
 

First simulation results regarding the 

differential DS-UWB solution proposed here 

are very encouraging. However there are 

several problems which must be addressed. In 

the next phase of the project we shall 

investigate two important problems. The first 

one is time synchronization and the second one 

is the implementation of the differential 

receiver using analog circuits.  
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Introduction 
DNA (Deoxyribonucleic acid) sequences 

contain all the information required for 

elaborating proteins which are basic 

constituents of all functions in a living 

organism. These proteins are successions of 

amino-acids obtained from the DNA sequence 

using a coding mechanism which is universal.  

The object of this project was to investigate the 

coding mechanism in DNA sequences. We 

have shown that the latter is highly related to a 

recently proposed source coding scheme called 

multiplexed codes. Numerical results seem to 

confirm this relation. A second important 

result is that we have identified special 

statistical properties between the two strands in 

the DNA sequence. These statistical properties 

cannot be generated artificially using classical 

methods and is still an open question. 

 

DNA and digital 
communication 
In digital communication, source coding and 

channel coding are two important functions of 

the transmitter. A first investigation concerns 

these functions in DNA sequences. Actually 

the translation from DNA sequences to amino-

acid sequences follow some rules that compose 

the genetic code. This code is universal in 

genetics.  

First we have studied the genetic code 

concerning its ability to convey information 

and in particular the information needed to 

elaborate amino-acid sequences. The structure 

of the genetic code leads us to consider a 

recently proposed source coding scheme called 

multiplexed codes [1]. This technique presents 

some advantages in digital communication 

such as good compression rate, and it is robust 

to de-synchronization and error propagation. 

Moreover this technique is able to convey 

secondary information quite easily. Our study 

shows that the genetic code exhibits 

performance close to the optimal multiplexed 

code concerning compression rate [2]. This 

result leads us to believe that DNA sequences 

could convey some secondary information in 

addition to the one used to elaborate amino-

acid sequences. The nature of this secondary 

information in genetics and its decoding is still 

an open question. 

In the second part of our study, we investigated 

the existence of error correcting codes in DNA 

sequences [3]. For this study a new technique 

was developed in order to detect linear error 

correcting codes, usually used in digital 

communication. Unfortunately this technique 

has not detected the presence of such codes in 

DNA sequences. Then in collaboration with 

professor M. Médard (MIT), we have also 

studied the link between the different types of 

sequences in DNA sequences. Indeed, the 

DNA sequence contains different kinds of 

sequences with different functions. In this 

study we have considered coding sections 

needed to elaborate proteins and the other 

sequences called non-coding sections. We used 

information theory concepts to investigate if 

information is shared between coding and non-

coding sections. This study has produced  

promising results, which have to be confirmed 

with further experimentations on more 

organisms. 

 

Statistical properties of 
DNA sequences 
DNA sequences are composed of four types of 

bases which convey the genetic information. 

Moreover the molecule of DNA is a double 

helix composed of two strands as it can be seen 

on the schematic below. 
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The two strands are linked to each other by 

hydrogen bonds between the bases. One 

characteristic of DNA is that bases linked by 

the hydrogen bond are complementary. Indeed 

in front of the base Adenine (resp. Cytosine), 

there is always the base Thymine (resp. 

Guanine) on the second strand. In this context, 

we have studied the frequency of occurrence of 

words (composed of bases) in the two strands 

of the DNA sequences by also considering the 

different reading directions. We have 

established some statistical similarities 

between sequences obtained in reading the two 

complementary strands in opposite directions. 

In order to study this special feature, we have 

used different statistical models to describe 

DNA sequences such as Markov chain model 

for instance. However, none of the models 

considered were accurate enough to reproduce 

this feature and therefore to explain it. 

Moreover we have also noted that this feature 

is present in coding sections and non-coding 

ones as well. This surprising result is 

consistent with result in previous section 

regarding mutual information between coding 

and non-coding sections and  needs further 

investigation. 

 

Conclusion 
The aim of this project was to investigate the 

field of genetics from a digital communication 

point of view. This approach is becoming more 

and more relevant in the study of genomes. 

Results obtained during this project are 

promising and confirm that information theory 

can be an interesting tool for the understanding 

of the genetic mechanism. 

 

References 
[1] H. Jegou, C. Guillemot « Robust 

multiplexed codes for compression of 

heterogeneous data », IEEE Transactions on 

Information Theory, 2005 

[2] G. Sicot, R. Pyndiah « Study on the genetic 

code: comparison with multiplexed codes », to 

appear in Proc. of IEEE Int. Symp. on 

Information. Theory, ISIT 2007 

[3] M.K. Gupta « The quest for error-

correcting in biology », IEEE Engineering in 

Medecine and Biology magazine, special issue 

on Communication Theory, Coding Theory 

and Molecular Biology, 2006 

[4] G. Sicot « Etude du codage dans l’ADN », 

Ph. D., 2006 



 

Rapport d’activités 2005-2007 - département Signal & Communications - page n°83 

 

Reed-Solomon codes and Block Turbo 
Codes 

Research Staff : R. Le Bidan, F. Guilloud  – Ph.D. Students : S. Changuel, A. Kabat, R. 

Zhou 

Keywords : Reed-Solomon codes, soft-decision decoding, turbo product codes 

Applications : wireline / wireless transmissions, data storage, optical communications 

Partners & Funding : France Telecom R&D 

 

Introduction 
Reed-Solomon (RS) codes are powerful non-

binary algebraic error-control codes that found 

widespread use in the past thirty years. 

Commercial applications of RS codes range 

from space communications and satellite 

broadcasting (DVB) to consumer products 

such as ADSL modems or CD and DVD 

players. The ubiquity of RS codes comes in 

part from their ability to correct combinations 

of random as well as burst errors, which makes 

them particularly attractive for data-storage 

systems and for use as outer codes in 

concatenated coding schemes. The availability 

of several efficient decoding algorithms and 

architectures has also greatly contributed to the 

wide adoption and deployment of RS codes in 

practical systems.  

Today one can find many “off the shelf” RS 

decoders in the form of VLSI Integrated 

Circuits or VHDL IP cores that satisfy a wide 

range of encoding/decoding needs. However 

all these commercial products rely on algebraic 

hard-decision decoding (HDD) algorithms in 

order to maintain low complexity. On the other 

hand, it is well known that the use of soft-

decisions at the decoder’s input may offer up 

to 3 dB coding-gain over HDD on certain 

channels. The first objective of this research 

project therefore aims at proposing new 

decoding algorithm that could bridge (at least 

in part) the gap between the performance of 

optimum, albeit too complex, soft-decision 

decoders and the performance of the algebraic 

decoders used in practice for the RS codes 

deployed in commercial applications. 

In parallel, recent work carried out at the 

Signal & Communication Dept of ENST 

Bretagne has shown that block turbo codes 

based on single-error-correcting RS component 

codes could compare favorably to binary Bose-

Chaudhuri-Hocquenghem (BCH) block turbo 

codes of similar code rate in terms of both 

performance and implementation complexity 

[1,2]. This research project therefore also aims 

at further exploring the benefits offered by 

turbo product codes based on RS codes, with 

an emphasis towards practical applications. 

This research work is supported by France 

Telecom R&D. 

 

Soft-decision decoding of 
RS codes 
It is well known that a Maximum-Likelihood 

soft-decision decoder should offer the best 

error performance. However the complexity of 

such an approach grows exponentially with the 

size of the code alphabet and the dimension of 

the code, and becomes rapidly prohibitive for 

the RS codes of practical interest. Therefore, 

many alternative decoding algorithms have 

been devised over the years in order to trade 

off the error performance for complexity 

reduction. Most of these algorithms are 

reliability-based algorithms that make use of 

the reliability of the noisy observations at the 

channel output in order to construct a list of 

candidate codewords that will contain the most 

likely solution with high probability. 

We have conducted a first study in order to 

compare several reliability-based decoding 

algorithms for RS codes proposed in the 

literature. The results have shown that the 

Chase-2 algorithm offers near-optimum 

performance at low complexity for single-error 

correcting RS codes [1,2]. On the other hand, 

more sophisticated decoders are required to 

handle efficiently longer codes such as the 

(255,239) RS code in use in commercial 

applications. Among them, the Ordered 

Statistics Decoding (OSD) approach appears as 

a promising alternative from the performance 
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point of view but its application to long RS 

codes remains an open and challenging 

problem from the computational complexity 

point of view. 

This problem has lead us to propose two 

reduced-complexity variants of OSD called 

Iterative OSD (IOSD) and Arranged List of the 

Most Reliable Test decoding (ALMRT). IOSD 

applies a first-order low-complexity OSD 

decoder combined with an efficient 

probabilistic stop criterion on an information 

set that is refined in an iterative manner. In 

contrast, ALMRT decoding uses a standard 

OSD but with a precompiled list of the most 

likely error patterns for a given code length. 

Simulations have shown that these two 

approaches are very competitive in terms of 

coding gain and complexity with respect to 

other existing decoding methods proposed for 

the (255,239) RS code. 

 

RS Block Turbo Codes 
Block turbo codes based on single-error-

correcting RS component codes have 

interesting advantages in terms of decoder 

complexity and decoding latency for very-

high-data-rate turbo decoding architectures, 

compared to binary BCH block turbo codes of 

similar code rate [1,2]. However such product 

codes may encounter “error-floor” problems at 

high SNR due to the relatively low binary 

minimum distance of the component codes. In 

order to overcome this limitation, we have 

proposed a design criterion that yields RS 

product codes with larger binary minimum 

distance (14 vs 9) and better asymptotic 

performance compared to the classical 

construction [3]. It is important to note that this 

gain does not require any additional 

complexity at the decoder side. 

On the basis of the previous result, we have 

considered the use of high-rate RS product 

codes for long-haul optical communications 

systems. Simulation results have shown that 

the (63,61)
2
 RS product code exhibits a net 

coding gain of 9 dB at a BER of 10
-13
 with 

respect to uncoded OOK modulation. This is 3 

dB better than the performance obtained with 

HDD of the (255,239) RS code of same code 

rate defined in ITU G.975 recommendation. 

This study has also shown that 4 bits for the 

log-likelihood ratios representation yields near-

optimum performance, whereas 3 bits entails a 

0.5 dB loss which seems to be a reasonable 

performance/complexity trade-off from a 

hardware implementation perspective. 

 

Conclusion 
Two soft-decision decoding algorithms for 

long RS codes have been proposed. The 

application of RS product codes to long-haul 

optical communications has also been studied. 

Future work will aim at further reducing the 

RS soft-decision decoder complexity for 

transmission systems using an outer RS code 

concatenated with an inner trellis code. 

 

References 
[1] R. Zhou, Etude des Turbo Codes en Blocs 

Reed-Solomon et leurs Applications, Thèse de 

l’Université de Rennes I, Apr. 2005. 

 [2] R. Zhou, R. Le Bidan, R. Pyndiah and A. 

Goalic, “Low-Complexity High-Rate Reed-

Solomon Block Turbo Codes”, To appear in 

IEEE Trans. Commun., 2007. 

[3] R. Le Bidan, R. Pyndiah and P. Adde, 

“Some results on the minimum distance of 

Reed-Solomon codes and block turbo codes”, 

To appear in Proc. of IEEE Int. Conf. 

Commun. ICC’07. 



 

Rapport d’activités 2005-2007 - département Signal & Communications - page n°85 

Forward Error Correction for the Erasure 
Channel : From RS codes to Network 

Coding 
Research Staff : Frédéric Guilloud, Ramesh Pyndiah – Ph.D. Students : Andrzej Kabat 

Keywords : Error correction, erasure channel, network coding, fountain codes 

Applications : Video broadcasting, network coding.  

Partners & Funding : CNES, Distrimage Project 

 

Introduction 
Forward Error Correction (FEC) aims at 

introducing redundancy to fight against the 

channel noise when the communication over a 

noisy channel is performed. From algebraic 

and convolutional codes to iterative decoding 

of Turbocodes and LDPC codes, FEC has 

always been placed at the physical layer, since 

the birth of information theory in the mid 20th 

century. 

Nowadays, telecommunications through 

heterogeneous networks are very common, e.g. 

internet networks, wireless networks and all 

their derivative. When packetized data are 

transmitted on such networks, the packets are 

either received without errors or lost. A packet 

is said to be lost when it is effectively not 

received, or when it is received with some 

errors. The transmission channel is then simply 

a binary erasure channel, which is the targeted 

channel for this study. 

 

Application Layer FEC 
A first simple strategy to cope with the 

problem of lost packets is to repeat them again 

and again until it is received. This is the 

solution implemented within the TCP/IP 

protocol. In this protocol, the receiver must 

send a request for packet lost on a return 

channel, to ask for its retransmission. 

In the context of broadcast or multicast, data 

packets are sent to a large number of receivers. 

The bandwidth required by the return channels 

may be unaffordable and thus, it can be useful 

to investigate the use of application layer FEC. 

Application layer FEC is intended to protect 

the payload packets by introducing some 

additional redundant packets and send them 

together with the payload packets on the 

network. At the receiver side, the lost packets 

may be recovered thanks to the redundant 

ones.  
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State of the Art 
Some application layer FEC are already being 

used in some specific context. For example the 

Reed-Solomon (RS) codes are proposed to be 

used in a data storage scheme using multiple 

hard drives to share or replicate data among the 

drives (RAID, Redundant Array of 

Inexpensive / Independent Disks, level 6). RS 

codes are also used in the Parchive format, 

which is an error correction system used inside 

newsgroup to let an end user be able to rebuild 

missing data from an incomplete download. 

The Code of Practice number 3 (CoP3) is also 

an example of application layer FEC. It has 

been proposed by the Pro-MPEG forum to 

transmit an MPEG-2 stream over IP. The idea 

is to build redundant MPEG packets based on 

the original MPEG packets to be sent. These 

packets are arranged in a block with a least 4 

rows. For each row and each column, one 

redundant packet is created : it is the bit wise 

XOR of all the related packets. 
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Advanced Coding 
The recent proposition for irregular codes by 

Luby et al. has raised the interest for erasure 

correcting codes. LT codes and Raptor codes 

have been proposed as a powerful solution for 

erasure channel. They have been chosen in the 

3GPP MBMS and in the DVB-H standards. 

Raptor codes are a concatenation of an LT 

code and a precode. The normalized raptor 

code has in fact a Low Density Parity Check 

(LDPC) concatenated to a High Density Parity 

Check (HDPC) for precode, together with 

some preprocessing in order to have a 

systematic code. 

Preprocessing

LDPC

HDPC

LT

Precode

Systematic

Raptor code

Preprocessing

LDPC

HDPC

LT

Precode

Systematic

Raptor code

Preprocessing
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HDPC
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Precode

Systematic

Raptor code
 

These codes were proposed as the fountain 

coding principle. The idea of fountain codes is 

to generate a continuous number of redundant 

packets. You just need to collect some of them 

to reconstruct the original data packets, 

whatever the collected packets are. 

Despite the good performance of these erasure 

codes, some other proposition like the Low 

Density Generator Matrix (LDGM) codes can 

be interesting, even if the performance is 

worse. The reason for that is that LDGM are 

not patented. 

Another possible strategy for application layer 

FEC can take advantage of the network itself : 

this is the Network Coding. Collaborations 

with Muriel Medard, from the MIT, brings us 

to consider the application layer FEC as a 

Network Code. 

 

 

 

 

 

 

Conclusions 
This work on erasure correction codes has 

recently begun thanks to the fundings of the 

National Centre for Space Research (CNES) 

through a joint work with TurboConcept S.A. 

We are also involved in Distrim@ges, which is 

an Image and Network Pole project for 

studying video broadcasting over IP. The aim 

of this project is to develop an end-to-end 

platform implementing triple-play services. 
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