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 Welcome Message 

On behalf of the Laboratory of Speech Communication and Signal Processing (LCPTS), Faculty of 

Electrical Engineering, USTHB, it is our great pleasure to welcome you to the First International 

Conference on Speech, Multimodal, and Advanced Communication Systems (ICSMACS'26), 

taking place in Algiers, Algeria, from 29 to 30 June, 2026. 

We are thrilled to welcome you in person to this inaugural edition, which brings together researchers, 

academics, engineers, and industry professionals from around the world to share knowledge and 

explore the latest advances in speech processing, natural language processing, multimodal human-

computer interaction, and advanced communication systems. 

ICSMACS'26 was born from a simple observation: the fields of speech technology, multimodal 

interaction, and communication systems are converging faster than ever, opening new possibilities for 

more natural, efficient, and context-aware interactions between humans and machines. This 

conference is designed as a meeting point for the diverse expertise needed to drive this convergence 

forward, fostering dialogue across disciplines that too often remain siloed. 

Over two days, our program will offer keynote talks, technical sessions, workshops, and tutorials 

spanning five major tracks: Speech and Signal Processing, Multimodal Human-Computer 

Interaction and Intelligent Interfaces, Natural Language Processing & Generative AI, Advanced 

Communication Systems and Intelligent Networking, and Hardware and System 

Implementation for Intelligent Communication, alongside dedicated opportunities for networking 

and collaboration between academia, industry, and students. 

As part of this edition, we are pleased to offer a dedicated FPGA workshop, animated by Prof. Cherif 

Chibane (Aurestech, USA), in collaboration with Industrial Technologies Research Center CRTI 

and LCPTS Lab. Designed for graduate students, PhD candidates, and lecturers interested in 

hardware design and implementation, this hands-on session will provide an opportunity to explore 

FPGA-based design flows and their applications in speech, signal, and AI processing, and is intended 

to strengthen the practical skills of the next generation of researchers and engineers in this field. 

We extend our sincere gratitude to the organizing committee, scientific committee, reviewers, 

sponsors (USTHB, SWALIS & RAMY, The Great Mosque, ATRST), and volunteers whose 

dedication made this first edition possible, and to USTHB for its continued support. We hope 

ICSMACS'26 will be a rewarding scientific experience and the beginning of lasting collaborations, 

and we wish you an inspiring and enjoyable stay in Algiers. 

Welcome to ICSMACS'26. 

Prof. Fatma Zohra CHELALI 

On behalf of The Organizing Committee 

Laboratory of Speech Communication and Signal Processing (LCPTS) 

Faculty of Electrical Engineering, USTHB 



 

 

 

Program Overview Tracks 

 

P1: poster session 1 ; P2: Poster session 2 

 

Parallel 
Tracks 

  
Tracks 

Oral Notations  

Track1 Speech and Signal processing  SSP 
SSP_OR1, SSP_OR2  
 

Track2 Human Computer Interaction  HCI  
HCI_OR1 and HCI_OR2 

Track3 Natural Language Processing  NLP 
NLP_OR1 

Track4 Advanced Communication Systems   ACS 

ACS_OR1 

         

     



 

 

Guest Speaker: Pr. Cherif Chibane 
 

 

 

 

 

 

 

 

 

 

Abstract: Drone Swarm Technology: Evolution, Trends, and the Future of 

Collective Intelligence 

Drone swarm technology represents a paradigm shift in autonomous systems, moving away 
from single, isolated Unmanned Aerial Vehicles (UAVs) toward highly coordinated, 
decentralized networks. Inspired by biological phenomena like bird flocking and insect 
swarming, these systems rely on collective intelligence, where individual drones 
communicate peer-to-peer to execute complex tasks without a central controller. By 
leveraging advanced edge computing, mesh networking, and robust swarm algorithms, 
today's drone swarms possess unprecedented scalability and resilience. If a single unit fails 
or is intercepted, the remaining swarm dynamically adapts to redistribute the workload, 
making them invaluable for high-stakes environments ranging from military defense to 

search-and-rescue operations. 

Biography: Prof. Chibane is a lecturer, Research Scientist, Technologist 

and Entrepreneurs with more than 30 years of experience in advanced 

technology development for NASA, DARPA and major Aerospace companies in 

the US. He is currently the founder and chief scientist of AuresTech, which 

performs research for the aerospace industry in the US. His current research 

involves developing and Muli-agent algorithms that enable a collective of flying 

robots to operate in a SWARM like configuration. Previously, he was a research 

scientist at MIT – Lincoln Laboratory and Draper Laboratory where he led 

research in advanced space communications, as well as in aerospace in 

guidance and navigation. He was one of the early adaptors of configurable 

computing that is currently being applied configurable computing to Artificial 

Intelligence (AI) and Machine Learning (ML). He is a former adjunct professor at 

Fairleigh Dickinson University where he lectured on advanced engineering topics 

and mentored and advised students at the undergraduate and graduate levels. 

Prof. Chibane is the holder of many Patents and industry awards and has 

recently been awarded a key patent in RF energy to DC conversion that is poised 

to revolutionize all future battery-operated hand-held devices, cars and IoT. 
 

 

 

 

 

 



Guest Speaker: Pr. Kamel Smaili, LORIA LAB, University of Lorraine 

 
 
 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Abstract: From Judge to Mentor: How LLMs Can Guide Small Models to Detect Fake News 

This presentation explores the role of large language models (LLMs) in fake news detection. While 
LLMs like GPT-3.5 and GPT-4 show some ability to detect fake news through prompting (zero-shot, 
few-shot, chain-of-thought), they still underperform compared to task-specific fine-tuned small 
language models (SLMs) such as BERT. Hu et al. propose that instead of using LLMs as direct 
detectors, they can serve as advisors, providing rich rationales (textual and commonsense) that help 
SLMs make better decisions. They introduce the Adaptive Rationale Guidance (ARG) network, which 
enables SLMs to interact with and adaptively select useful LLM generated rationales. To reduce 
inference cost, they also propose ARG-D, a distilled version that no longer requires LLM queries at 
test time. Experiments on Chinese and English datasets show that ARG outperforms baseline SLMs 
and even some state-of-the-art models, while ARG-D maintains much of that improvement without 
LLM dependence. 

 

 

 

Biography 

Prof. Kamel Smaïli is Professor of Computer Science at the University of 
Lorraine, where he specializes in natural language processing (NLP) and conducts 
research at the LORIA, a joint research laboratory affiliated with the CNRS. He 
received his engineering degree in computer science from USTHB (Algiers) in 
1986 before continuing his academic training in France, where he earned a PhD 
from Henri Poincaré University in 1991 and later obtained his Habilitation to 
Supervise Research (HDR) from Nancy 2 University in 2001. From 1999 to 2001, 
he was seconded to the CNRS, further strengthening his research profile. In 2014, 
he founded the SMarT research team at LORIA, with a focus on statistical and 
neural approaches to NLP, as well as deep learning methods for textual and 
numerical data. Strongly committed to doctoral training and academic mentorship, 
he has supervised 21 PhD dissertations, including 18 successfully completed and 
3 currently in progress. An internationally recognized expert in his field, he has 
contributed to the evaluation of numerous national and international research 
programs, including projects funded by ANR, ANRT, and initiatives such as 
NeuroInsight 2022. He also played a key role in fostering international scientific 
collaboration through the co-direction of the DataNet International Associated 
Laboratory (LIA) (2015–2023), a partnership involving Moroccan institutions, 
including UIR. In addition, he serves on the scientific council of the Centre for 
Scientific and Technical Research for the Development of the Arabic Language 
(ALGERIA). With more than 150 scientific publications to his name, he currently 
coordinates the ANR TRADEF project and previously led the European Chist-Era 
AMIS project, completed in 2019 and he is involved in a new Chist-Era project 
(2026-2029). His longstanding engagement with the scientific community is 
reflected in his leadership in organizing major conferences, including ICNLSSP 
2017 and ICALP 2019, as well as his active involvement in the program 
committees of internationally renowned conferences such as ICASSP, 
Interspeech, and LREC. A frequent invited speaker in Japan, France, the 
Maghreb, and across Europe, he has also participated in more than 80 PhD and 
HDR examination committees worldwide. 

 

 

 

 

 



 

 

 

Guest Speaker: Pr. Nadia Zenati 

Research Director, Center for Development of Advanced Technologies (CDTA), Algiers 

 

 

 
 

 

 

 

 

 

 

 

 

Abstract: Immersive technologies in Medical Training and practice: Current Advances and 

Future trends 

Immersive technologies such as Virtual Reality (VR), Augmented Reality (AR) and Mixed Reality 
(MR) are profoundly transforming methods of medical training and clinical practice. Thanks to their 
ability to simulate and reproduce complex clinical situations in safe, these innovative technologies 
offer new opportunities to reinforce and improve learning, refine decision-making and enhance  the 
technical skills of healthcare professionals. This conference will provide a state-of-the-art overview 
of immersive applications in the medical field, highlighting recent advances in some of the most 
promising areas, including surgery, diagnostic support, functional rehabilitation and medical training. 
It will also address the technical, ethical, and pedagogical challenges that accompany the integration 
of these tools into healthcare systems. Finally, future trends will be explored, including Artificial 
Intelligence, personalized learning experiences, and the interoperability of immersive platforms, 
which will help shape and redefine the medicine of tomorrow. 

 

 

 

Biography 

Dr. Nadia Zenati is a Research Director at the Center for Development of 
Advanced Technologies (CDTA), Algiers. She obtained her Ph.D. in Computer 
Science from the University of Franche-Comté, France, in 2008. She leads the 
Human Interaction System, Virtual Reality and Augmented Reality (IRVA) 
research team within the Robotics and Industrial Automation Division. Her 
research interests include Virtual Reality (VR), Augmented Reality (AR), Mixed 
Reality (MR), Human-Machine Interaction (HMI), Human-Robot Interaction (HRI), 
Collaborative Virtual Environments (CVE), 3D interaction techniques, multimodal 
systems, computer vision for human-machine interfaces, and software 
architectures for interactive systems. Dr. Nadia Zenati has authored and co-
authored more than one hundred scientific publications in international journals 
and conference proceedings and has participated in several national and 
international research projects. Her research focuses on how virtual and 
augmented reality can provide innovative solutions in healthcare, particularly in 
functional rehabilitation and medical training. Her recent work explores the 
integration of AI and extended reality (XR) technologies for medical diagnosis, 
healthcare training, rehabilitation, educational applications and environmental 
monitoring 

 

 

 

 



 

 

Speaker: Prof Ruggero Donida Labati, University degli Studi di Milano, Italy 

 

 

 

 
 
 

 

 

 

 

 

 

Abstract: Artificial Intelligence for Biometric Applications 

The number of biometric applications and devices is continuously growing on global scale and 
biometrics is pervasively entering the everyday life of users. This relevant expansion is producing 
new challenges and requirements to be fulfilled by the designers. Features such as adaptability, 
enhanced interactions with the user, robustness to non-ideal conditions, real-time capability, privacy-
compliance, and high accuracy are strongly required in innovative applications and solutions, such 
as: cyber security, smart devices, and ambient intelligent infrastructures. The talk will focus on 
innovative biometric recognition approaches and systems, with specific attention on recent 
approaches based on artificial intelligence and deep learning techniques. Artificial intelligence 
methods and deep learning approaches are capable to learn discriminative features directly from 
complex multidimensional signals and increase the accuracy, adaptability, and robustness to non-
ideal conditions of biometric systems with respect to traditional approaches. The talk will present 
biometric systems from a technological point of view and will provide an excursus of recent artificial 
intelligence approaches, including deep learning methods with current strong points and limitations. 

 

 

 

 

 

 

 

 

Biography 

Ruggero Donida Labati received the Ph.D. degree in computer science from the 

Università degli Studi di Milano, Italy, in 2013. Since 2022, he has been an Associate 

Professor with the Università degli Studi di Milano. He has been a Visiting Researcher 

with Michigan State University, MI, USA. His original results have been published in 

more than 90 papers in international journals, proceedings of international 

conferences, books, and book chapters. His research interests include biometric 

systems, artificial intelligence and machine learning, signal and image processing, 

pattern analysis and recognition, and theory and industrial applications of neural 

networks. He is Chair of the EURASIP BForSec Technical Area Committee. Dr. 

Donida Labati has been an Associate Editor of Journal of Ambient Intelligence and 

Humanized Computing (Springer) and is currently an Associate Editor of the 

EURASIP Journal on Information Security (Springer). 

 

 

 

 



 

 

 

Day 1, Monday, June 29, 2026 
07 :30 am: 
to 04 pm 

Welcome Reception and registration 

08 :45 am 
to :09 :15 
am 

Opening ceremony: Conference room 
Rector of USTHB: Pr. D. AKTRETCHE, Dean of Electrical Engineering:  

Dr. K. BOUDJIT, Chair ICSMACS’26 : Pr. FZ. CHELALI, 
Chair IEEE dz:  Dr B. ATTALAH 

9:15am to 
10:10 am 

Key note 1: Prof. Cherif CHIBANE,  
Title: Drone Swarm Technology: Evolution, Trends, and the Future of 

Collective Intelligence 

Chairmen: Pr. S. MEKAOUI & Dr. K.MAZIGHI 

10:10 am to 
:10: 45 am 

 

Coffee Break and Networking  

 
Oral 
session A  
11:00 am to 
12:30 pm 

Track 1 Room 1 

SSP_OR1 

Pr  M.BOUZID    & 
Dr M. HAMIDIA 

ID72 ;38 ; 52 ; 54 

Track 2 , Room 2 

HCI_OR1 
Pr T. MEKSEN,  
Pr N. ZENATI 

& Dr Y. HARKAT 
ID  33 ; 50 ;51 ;66 ; 83 

Online presentation 
Conference Room 

Pr FZ. CHELALI,  
Pr Z. HAMOUDA & Dr. A. 

SKOUDARLI  
ID8 ; 21 ; 39 ; 41 ; 46 ; 64 &71. 

12 :30:to 
02 :00 pm                           Lunch      

02pm :10 to 
03pm :10 

Key note 2: Prof. kamel SMAILI, Title : From Judge to Mentor: How 
LLMs Can Guide Small Models to Detect Fake News 

 
Chairmen : Pr  M.DEBYECHE & Pr B.FERGANI  

 
Oral 

session B 
03:00 to :04:30 
pm 

Track 3, Conference 
Room 

NLP_OR1 
Pr K.SMAILI & 

Dr M. LICHOURI&  
Dr R.HENNI 

ID75; 79 and 85 

Track 4, Room 1 

ACS_OR1 
Pr. A. HAMZA, Pr M. 

BECHERIF  & Dr 
A.KROBBA 

ID24 ; 48 ; 49 and 
ID61 

Room 2 
Online presentation 

Pr  S.OUAMMOUR   & 
Dr K.AOUINA& Dr A.SAYOUD 

ID12, 89; 25,30,74 and 84 

04 :30 pm to 
05 :00 pm 

Poster session P1  Coffee break & Networking 
Pr L.BAZI & Dr M.HEMIS & Dr A. ZITOUNI 

ID11, 14,17,18,23, 29, ID37 and ID63. 



 

 

 
05:00 pm  to 
06:00 pm 

Key note 3: Prof. RUGGERO DONIDA (Online presentation) 
Title : Artificial Intelligence for Biometric Applications 

Pr TELLACHE Mohamed & Dr A. CHENTIR 

Day 2, Tuesday, June 30, 2026 
07 :30 am: 
12 :00 am 

  Welcome Reception and registration 

08 :00 am to 
09 :00 am 

Key note 4: Prof. NADIA ZENATI, 
Title: Immersive technologies in Medical Training and practice: Current 

Advances and Future trends 
 Pr N. ACHOUR & Pr N.DRAI & M. A.HALILALI 

 

Oral 
session A 
9 :00 am 
to :10 :30 am 

Track 5, Room 1 

SSP_OR2 
Pr. 

M.OUARZEDDINE 
&Dr. H. KHEDDAR & 

Dr  G.ZERARI 
ID56 ; 70 ; 73 

Track 11, Room2 

HCI_OR2 
Pr A. KOURGLI  & Dr 

Y.ZERGAT &  Dr 
I.HADJADI 

ID53 ;59 ;27; 67 
 

Workshop On FPGA  Part 1 
Conference room/ Room 3 

 
Pr. Cherif CHIBANE(USA) 

Pr N. DRAI (CRTI) 
Dr. D. ADDOU & Mr. A. 

HALILALI,Dr R. KAIBOU,   
Dr S.AGAB & Mr. R. SEBBAH 

 

10 :30 am to 
11 :00 am 

  Coffee Break & Networking      
 

11 :00 am to 
12 :00 

 
Poster session   P2 

Pr. F.KRIM , DrH.HANNECHE            
& Mr. A. ARCHI  

ID 55 ; 57 ;65 ;62 
 

 

Workshop  FPGA Part 2 
Conference room/ Room 3 

Pr. Cherif CHIBANE (USA) 
Pr N.DRAI (CRTI) 

Dr. D. ADDOU & Mr. A. HALILALI& 
Dr R. KAIBOU Dr S. AGAB &  

Mr. R. SEBBAH 
 

12:00 to 12:30 Closing Ceremony- Conference Room      

12:30 pm to 
02:00 pm                                     Lunch      

02:30 pm to 
06:30 pm 

Touristic Tour 

 
 
 
 



 

 

 
 

Touristic Tour to the The Great Mosque & Casbah city  

   
 

   
PRESENTATION GUIDELINES   
All presentations should be in English.  

➢ The time provided for oral presentations is 20 min (15 min for the 
presentation and 5 min for discussion).  

➢ The speakers should give their slides to the session chair before the 
beginning of each session.   

➢ For poster presentations, the posters should be displayed one hour before 
the beginning of the poster session. The ID number should be mentioned 
on the poster. 

➢ Authors for online presentation should send a short video of their paper 
before joining the online session. 

➢ A template for both oral and poster presentations will be sent to you soon. 
 
 
 
 
 
 
 
 
 
 



 

 

Detailed Program 
 

Day 1, Monday, June 29, 2026 

07 :30 am 
 to  

04 pm 

Welcome Reception and registration 

08 :45 am 
 to  

09 :15 am 

Opening ceremony: Conference room 
Rector of USTHB Pr D. AKTRETCHE, Dean of Electrical Engineering: Dr K. BOUDJIT  

Chair ICSMACS’26: Pr FZ. CHELALI, Chair IEEE dz:  Dr B. ATTALAH  

9:15am 
to 

10:10 am 

Key note 1: Prof. Cherif CHIBANE 
Title : Drone Swarm Technology: Evolution, Trends, and the Future of Collective 

Intelligence 
Chairmen: Pr. S. MEKAOUI & Dr. K. MAZIGHI 

10:10 am  
to  

10: 45 am 
Coffee Break and Networking  

 

Oral session 
A 

11:00 am   to   
12:30 pm 

Track 1, Room 1: Speech and Signal Processing (SSP_OR1) 
Pr .M. BOUZID   &  Dr M. HAMIDIA 

ID 38: A CNN-based Approach for Speaker Identification using Spectral Domain 
Augmentation 

Authors: Alaa Eddine Boukerche, Kawthar Yasmine Zergat 
ID 52: Noisy Speech Recognition with Perceptual Features and Transformer 

Architecture 
Authors: Noussaiba Djeffal, Djamel Addou, Hamza Kheddar, Sid Ahmed Selouani 
ID 54: Multi-Policy vs. Shared Policy Architectures in Multi-Agent Proximal Policy 

Optimization for Heterogeneous Traffic Signal Control 
Authors: Ayoub Adnane, Mahfoud Hamidia, Yacine Harkat 

ID72 : Comparative Analysis of Transformer-Based Architectures for Wheat 
Disease Detection 

Authors: Assia Kourgli; Amira Sarra Hachemi ; Rheda Daoudi 
 

Track 2, Room 2: Human Computer Interaction HCI (HCI_OR1) 
Pr. T.MEKSEN, Pr N. ZENATI  & Dr. Y. HARKAT 

ID  33: A Secure SoPC Embedded System for Blockchain Network and IoT Applications 
Authors: Nesrine Guenfoud, Mohamed Issad; Mohamed Debyeche 
ID 50: Classifying Hypoglycemic Events in T1D Patients using ML 

Authors: Hachemi Afir, Oussama Kerdjidj, Lotfi MADAOUI, Wissem KHARZI, Mohamed 
Riadh GRIOUNE, Adem GUERROUT, Fatma Zohra CHERFI 

ID 51: Remote estimation of SpO2 from facial video using iPPG and machine learning-
based regression 

Authors: Hafida Belfilali; Frédéric Bousefsaf 
ID 66: Chaos-based Secure and Parametric Datasets-Aware Multi-Layer Perceptron 

Acceleration on FPGA 
Authors: Redouane Kaibou, Mohamed Salah Azzaz ; Bachir Madani ; Amina Kadir ; 

Hadj Abdelkader Benzater 
ID 83: Instantaneous Frequency–Based Classification of Intramuscular EMG Using 

EMD and LMD: A Comparative Study with Feature-Level Fusion 
Authors: Anis Messekher; Slimane  Mekaoui ; Malika  Kedir-Talha 



 

 

 
 

Online presentation: Conference Room 
Chairmen: Pr. FZ. CHELALI, Pr. Z. HAMOUDA & Dr. A. SKOUDARLI  

ID 8: SpeakEZ: Self Supervised Feature Extractor Based Dysarthric ASR System 
Authors: Satyam Tiwari, Krish Tejani, Akshar Prajapati, Dipali kasat 

ID 21: CL-RASDML: Cross-Lingual Replay Attack Simulation and Detection in Multi-
Lingual Datasets 

Authors: Satyam Tiwari; Krish Tejani; Dipali Kasat; Anika Mehta; Srushti Patel 
ID 39: Emotion-aware speech enhancement powered by self-supervised audio 

representation learning 
Authors: Anjali Goswani, Anjali Krushna  Kadao 

ID 41: Dynamic Prompt Adaptation Frameworks Enhancing LLM Reasoning In Cross-
Lingual And Low-Resource Contexts 

Authors: Priya Vij, Ashu  Nayak 
ID 46: Neutral Speech: Two-Stage Emotion Suppression for Enhanced ASR 

Performance 
Authors: Jayraj Lakkad, Satyam Tiwari; Laksh Savaliya, Premalkumar Patel 

ID 71: Robust Self-Supervised Learning for Infant Cry Detection in Open Cross-
Population Acoustic Environments 

Authors: Satyam Tiwari, Jayraj Lakkad, Ronak Talaviya, laksh Savaliya, Premalkumar 
Patel, Dipali Kasat 

ID64: Segmentation of Leukemia Cells in Cytology Images Using Attention-
Enhanced U-Net and Swin-Unet with MAE 

Authors: Younes Bekkal Brikci; Mourtada Benazzouz ; Mohamed Lamine Benomar 

12 :30 
to 

 02 :00 pm 
   Lunch      

02pm :10  
to  

03pm :10 

Key note 2: Prof. Kamel SMAILI 
Title : From Judge to Mentor: How LLMs Can Guide Small Models to Detect Fake News 

Chairmen : Pr  M.DEBYECHE & Pr B.FERGANI  

 
Oral session 

B 
03:00    to   
04:30 pm 

Track 3, Room 1:  Natural Language Processing (NLP_OR1) 
Pr K. SMAILI, Dr M. LICHOURI & Dr R. HENNI 

ID75: Efficient fine Tuning of Whisper for Algerian Dialect Automatic Speech 
Recognition using Low -Rank Adaptation 

Authors: Mohammed Benbaghdad, Abdelhak Nasrallah ; Feriel Betouche ; A.M.N  Si-
Salah 

ID79: Bridging the Abstraction Gap: A Comparative Study of Specialized and General 
LLMs for Arabic Text Summarization 

Authors: Zakia Lakab, Abdelaziz Lakhfif ;  Nadjet Kamel ;  Hanane Boutouta 
ID85: Context-Aware Educational and Career Guidance via Fine-Tuned Large 

Language Models and RAG 
Authors: Samia Lazib, Nada Mimouni ; Sarah Ait Cherif ; Kenza Ammour ; Hassina Ait 

Issad; Farida Bouarab 



 

 

Track 4, Room 2: Advanced Communication Systems (ACS_OR1) 
Pr. A. HAMZA, Pr M. BECHERIF  & Dr A. KROBBA 

ID24: Machine Learning-Enhanced Detection and Mitigation of Adversarial Attacks in 
RIS-Assisted IoT-Satellite Communications 

Authors: Nassima Belgacem, Wahiba Belgacem 
ID48: Beam-Aware UAV Association for Aerial Highways in NTN-Enabled 5G Networks 

Authors: Djihane Maadoud; Abdelkrim Hamza; Keltoum Houari; Mohamed Becherif 
ID49: MDT-AENet: A Multi-Domain CNN–Transformer Autoencoder Network for  

Enhanced Radio Modulation Classification 
Authors: Rym Labdaoui; Hakim Tayakout ; Fatma Zohra Bouchibane 

ID61: The Multi-Modulation Orchestrator (MMO): Enabling Native Wi-Fi and IoT 
Convergence through Heterogeneous PHY Orchestration 

Authors: Abdelhak Goutal; Mohand Moktefi ; Louiza Bouallouche-Medjkoune 

Online presentation: Conference Room  
Pr  S. OUAMMOUR, Dr K. AOUINA & Dr A. SAYOUD 

ID12: Implementation of a Lightweight Hyperspectral and Multispectral Image Fusion 
Method for Earth Observation on Raspberry Pi 

Authors: Salah Eddine Brezini; Mohammed Kadiri ; Abdelkrim Meche ; Moahmmed  
Dahmani ; Fethi Abdelatif Dali ; Wassim Louchene 

 ID89: Improving Speaker Deepfake Detection through Generative Probabilistic 
Normalization 

Authors: Zhor Benhafid; Sid Ahmed Selouani 
 ID25: A Hybrid Convolutional–Recurrent Architecture for Robust Voice-Based Gender 

Identification 
Authors: Fatma Zahra Mahdjoub; Mahmoud Maamri ; Azzedine Gattal 

ID74: LSAHR: Large-Scale Arabic Hotel Review Dataset for Personalized 
Recommendation 

Authors: Samira Lagrini; Manel Kadri ; Nourhane Kadri ; Abir Selma  Horchi; Mohamed 
Seif El Islem  Deneche 

ID30: Hybrid Acoustic–Deep Embedding Fusion for Multiclass Classification of 
Laryngeal Pathologies Using Voice Signals 

Authors: Chourouk Saadi, Souhila Rerbal, Fadia Meziani 
ID84: Minor and Major Finger Knuckle Pattern Recognition system based on Deep 

Rules-Based Classifier 
Authors: Mounir Benmalek; Abdelouahab Attia ; Sofiane Mazaa ; Abderraouf Bouziane 

; Ghizlane Khababa 

  



 

 

04 :30 pm  
 to  

 05 :00 pm 
Coffee Break and Networking  

 
Poster session P1 

Pr L. BAZI, Dr M. HEMIS & Dr A. ZITOUNI 
ID11: The contribution of chaos in multiple access communication systems 

Authors: Ferroudja Larbi; Moundher Messaadi ; Said Sadoudi 
ID14: Novel D-PRGW based leakywave antenna for 5G beamscanning applications in 

the Ka band 
Authors: Khalida Khodja; Salim Atia ; Idris Messaoudene ; Massinissa Belazzoug ; Aicha 

Gherbi 
ID17: Hybrid CNN-Transformer with Focal Loss for Copy-Move Forgery Detection 

Authors: Bilal Benmessahel 
ID18: Design of a Reconfigurable Flexible slot Antenna with Rotatable planar frequency 

selective surface Enhance-Gain Wireless Applications at 5.8GHz 
Authors: Aicha Gherbi; Idris Messaoudene ; Khalida Khodja ; Massinissa Belazzoug ; 

Choumeyssa Chennouf ; Boualem Hammache ; Titouni Salem ; Ali Mansoul 
ID23: Hybrid Adaptive OTFS-OTA-OFDM Scheme with Deep Learning-Based Channel 

Prediction for Enhanced Satellite Network Communications 
Authors: Wahiba Belgacem; Nassima Belgacem 

ID29: A Survey of Knowledge Graph–Based Semantic Representations for Medical Text 
Analysis 

Authors: Mohamed Chakib Amrani; M'hamed Mataoui ; Kadda Beghdad Bey 
ID37: Random Demodulator for Sub-Nyquist Acquisition: State-of-the-Art Architectures 

and Sensing-Matrix Analysis 
Authors: Hadj Abdelkader Benzater; Nacerredine Lassami ; Djamal Teguig ; Redouane 

Kaibou 
ID63: Deep Learning and Transformer-Based Models for Automatic Topic Classification: 

Impact of Dataset Size 
Authors: Samira Bourib; Halim Sayoud  

05:00 pm 
to 

06:00 pm 

Key note 3: Prof. RUGGERO DONIDA (Online presentation) 
Title: Artificial Intelligence for Biometric Applications 

Chairmen : Pr TELLACHE Mohamed & Dr A. CHENTIR 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 



 

 

Day 2, Tuesday, June 30, 2026 
 

07 :30 am 
To 

 12 :00 am 

Welcome Reception and registration 

08 :00 am 
 To 

 09 :00 am 

Key note 4: Prof. NADIA ZENATI 
Title: Immersive technologies in Medical Training and practice: Current 

Advances and Future trends 
 Pr N. ACHOUR, Pr N.DRAI & M. A.HALILALI 

O
ra

l 
s

e
s
s
io

n
 A

 

9
 :

0
0
 a

m
  
to

  
1

0
 :

3
0
 a

m
 

Track 1, Room 1: Speech and Signal Processing (SSP_OR2) 
Pr. M.OUARZEDDINE , Dr. H. KHEDDAR & Dr  G.ZERARI 

ID56 : Pathological Data Augmentation for Robust Speaker Identification 
Authors:  Amina Hamza; Djamel Addou ; Ahmad Izanoordina 

 ID70 : Self-Supervised Speaker Diarization with Clustering and End-to-End 
Attention Mechanisms 

Authors: Meriem Hamouda; Halima Bahi   

ID73 : Reconstruction of the Vocal Tract from Speech via Phonetic Representations 
Using MRI Data 

Authors: Sofiane Azzouz ; Pierre-André Vuissoz, Yves Laprie 

Track 2, Room2 Human Computer Interaction (HCI_OR2) 
Pr A. KOURGLI  , Dr Y.ZERGAT &  Dr I.HADJADI 

ID53: Resource-Efficient FPGA-Based Envelope Analysis for Bearing Fault 
Diagnosis 

Authors: Sidahmed Lachenani ; Hamza Kheddar ; Mohamed Ouldzmirli 

 ID59: Comparative Analysis of Vector-Level Multimodal Fusion Strategies for 
Medical Diagnostic Classification 

Authors: Djaafer Gherbi; Mohammed Lamine Benomar 

ID27: Serious Game with Haptic Feedback for Upper Limb Rehabilitation 
Authors: Abdelghani Daoudi; Nouara Achour ; Amina Sahouli ; Mohamed Zine El 

Abidine Amrani 

ID67: Texture-Convolution Feature Map for Robust Face Presentation Attack 
Detection 

Authors: Bahia Yahya-Zoubir; Fatiha Mokdad ; Meriem Fedila 

Workshop On FPGA  Part 1:  Conference room/ Room 3 
Pr. Cherif CHIBANE (USA) 

Pr N. DRAI (CRTI) 
Dr. D. ADDOU , Mr. A. HALILALI , Dr R. KAIBOU,  Dr S.AGAB & Mr. R. SEBBAH 

10 :30 am 
 to  

11 :00 am 
  Coffee Break & Networking     
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Poster session   P2 
Pr F.KRIM , Dr H.HANNECHE  & Mr. A. ARCHI  

ID55: Design and Simulation of a Wideband mmWave cross-shaped patch Antenna 
for 5G Applications 

Authors: Mohammed Abderrahmane Attar; Abdelhafid Bouaacha ; Djelloul 
Aissaoui 

 ID57: Lightweight Parkinson’s Detection from Spontaneous Speech Using 
Dominant-Speech Filtering 

Authors: Hadjer Diab; Meryem Saidi ; Hichem Talib Betaouaf ; Djamel Mekkaoui 

 
ID65: Multi-Task Arabic Speech Modeling for Secure Voice Commands 

Authors: Aicha Zitouni; Roumiassa Ferhat ; Imene Hadjadji 

ID62: Discriminative Parameter-Tuned Variational Mode Decomposition for Needle 
EMG Diagnosis: A Morlet-Guided Grid-Search Framework 

Authors: Anis Messekher; Slimane  Mekaoui ; Malika  Kedir-Talha 

 

Workshop  On FPGA Part 2: Conference room/ Room 3 
Pr. Cherif CHIBANE (USA) 

Pr N.DRAI (CRTI) 
Dr. D. ADDOU , Mr. A. HALILALI, Dr R. KAIBOU, Dr S. AGAB &  

Mr. R. SEBBAH 

12:00  
to  

12:30 
Closing Ceremony- Conference Room 

12:30 pm to 
02:00 pm 

     Lunch         

02:30 pm 
 to  

06:00 pm 

Touristic Tour 

 
Touristic Tour to the The Great Mosque & Casbah city  

    
 
 
 
 



 

 

Abstracts 
ID Paper: 8 

SpeakEZ: Self Supervised Feature Extractor Based  Dysarthric ASR System 

Satyam Tiwari*, Krish Tejani, Akshar Prajapati, Dipali kasat 

Sarvajanik College of Engineering and Technology 

Corresponding author: st290130@gmail.com 

Abstract — Dysarthria is a neuromuscular disorder that makes speaking clearly difficult by affecting 

articulation, breath, and rhythm. Traditional speech recognition systems often fail to understand 

dysarthric speech because it varies so much between individuals and because existing training data 

is limited. To solve this, this study introduces a two-stage AI system. First, the technology 

automatically classifies a person's speech into one of four severity levels: very low, low, medium, or 

high. Once the severity is identified, the system uses a specialized recognition model tailored to that 

specific level. By using targeted models rather than a "one-size-fits-all" approach, the system better 

captures unique speech patterns. The results show a massive improvement. A standard, general 

model only reached 79.32% accuracy. However, this severity-aware system achieved 94.79% 

accuracy and significantly reduced errors. Specifically, using the HuBERT model combined with a 

CNN classifier proved most effective, particularly for those with high and low severity. This approach 

makes voice technology much more reliable and accessible for people with speech impairments.  

 

ID Paper: 11 

The contribution of chaos in multiple access communication systems 

Ferroudja Larbi*; Moundher Messaadi; Said Sadoudi 

EMP 

Corresponding author: larbiferroudja7@gmail.com 

Abstract — The integration of chaos into multiple access scheme such as Chaotic CDMA, multiuser 

Differential Chaos Shift Keying (DCSK), Code Shifted Diferential Chaos Shift Keying (CS-DCSK) 

covers the way for a new generation of wireless communication systems that are more flexible, 

secure, and suitable to the requirements of future 6G and massive IoT networks. This paper aims to 

review and highlight the main contributions of chaos to multiple access communication systems in 

terms of chaotic codes, generated experimentally, and chaotic carrier modulation schemes for 

multiple access, while analyzing their main advantages and limitations, as well as identifying 

emerging research perspectives in this area.  

  



 

 

ID Paper: 12 

Implementation of a Lightweight Hyperspectral and Multispectral Image Fusion Method for 

Earth Observation on Raspberry Pi 

Salah Eddine Brezini*, Mohammed Kadiri, Abdelkrim Meche, Mohammed Dahmani 

Université des Sciences et de la Technologie d'Oran. USTO-MB 

Corresponding author: salaheddine.brezini@univ-usto.dz 

Abstract — Remote sensing sensors enables one a more comprehensive understanding and the 

knowledge the physical phenomena occurring on Earth surface. In particular, hyperspectral imagery, 

with its high spectral resolution, provides rich spectral information that allows the accurate 

characterization and classification of the pure materials present in an observed scene. However, 

hyperspectral images suffer from physical limitations inherent to the conception of the hyperspectral 

sensor, including a relatively low-spatial-resolution. Moreover, the high spectral resolution results in 

a large volume of data to process. Thus, this constraint limits the direct applicability of HSIs in some 

Earth observation tasks including monitoring and prevention of natural disasters. Consequently, real-

time processing of hyperspectral data remains challenging. In this work, the implementation of a 

lightweight hyperspectral and multispectral fusion technique, namely the hyperspectral super-

resolution with spectral bundles for spectral variability, on a Raspberry Pi 3 is investigated. The aim 

of this work is to assess the feasibility of processing hyperspectral images on such a low-cost 

embedded platform for future real-time applications. The obtained results on the conducted 

experiments demonstrate the feasibility of such an implementation, paving the way for future 

developments of real-time hyperspectral image processing.  

 

ID Paper: 14 

Novel D-PRGW based leakywave antenna for 5G beamscanning applications in the Ka band 

Khalida Khodja1*; Salim Atia2, Idris Messapudene2, Massinissa Belazzoug2, Aicha Gherbi2 

1. University of Boumerdes 

2. BBA University 

Corresponding author: k.khodja@univ-boumerdes.dz 

Abstract — In this paper we present a compact leaky-wave antenna (LWA) designed based on the 

novel Double-Printed Ridge Gap Waveguide (D-PRGW) technology for continuous beam scanning 

in the Ka-band. The antenna features an asymmetrical D-PRGW feeding network that effectively 

suppresses unwanted surface waves and totally confines electromagnetic fields along the ridge line 

with pure TEM mode propagation. The unit cell of the D-PRGW exhibits a band bandgap from 25 

GHz to 43 GHz. Periodic slots were etched along the top ridge to facilitate controlled radiation 

leakage, enabling wide frequency-dependent beam steering from backward (−34°) at 33GHz to 

forward (+14°) direction at 43GHz. Finally, full-wave simulations demonstrate stable fan-beam 

patterns with minimum gain fluctuations (12–14 dBi). The proposed structure offers a promising 

solution for high-efficiency millimeter-wave applications, including 5G/6G systems, automotive radar, 

and satellite communications.  

 



 

 

  



 

 

ID Paper: 17 

Hybrid CNN-Transformer with Focal Loss for Copy-Move Forgery Detection 

Bilal Benmessahel* 

University Setif 1 

Corresponding author: bilal.benmessahel@gmail.com 

Abstract — Copy-move forgery detection (CMFD) remains a critical task in digital image forensics, 

especially in the age of misinformation and synthetic content. We propose a hybrid deep learning 

architecture combining Convolutional Neural Networks (CNNs) and Vision Transformers (ViTs), 

trained using focal loss and enhanced with Mixup augmentation. Our model is evaluated on the 

CoMoFoD dataset, achieving an AUC of 0.975 and outperforming baseline CNN-only models in both 

classification and localization accuracy. Furthermore, we introduce a lightweight desktop application 

that enables real-time forgery detection and region visualization. This work demonstrates that 

combining local feature extraction with global attention mechanisms significantly improves CMFD 

performance  

ID Paper: 18 

Design of a Reconfigurable Flexible slot Antenna with Rotatable planar frequency selective 

surface Enhance-Gain Wireless Applications at 5.8GHz 

Aicha Gherbi1*, Idris Messaoudene1, Massinissa Belazzoug1, Khalida Khodja2, Choumeyssa 

Chennouf1, Boualem Hammache1, Salem Titouni1, Ali Mansoul3 

1. University Mohamed El Bachir El Ibrahimi of Bordj Bou Arreridj 

2. University M’Hamed Bougara of Boumerdes 

3. Center for Development of Advanced Technologies (CDTA) 

Corresponding author: aicha.gherbi@univ-bba.dz 

Abstract — This paper, a reconfigurable flexible slot antenna incorporating a rotatable planar 

frequency selective surface (FSS) is proposed to achieve omnidirectional electromagnetic response 

with enhanced gain. The antenna operates at a center frequency of 5.8 GHz within the industrial, 

scientific, and medical (ISM) band, supporting applications such as radar, microwave links, Wi-Fi, 

and wireless sensor networks. Rogers RT/duroid 5880 serves as the substrate material, and the 

radiating structure consists of two slot elements. Reconfiguration of the radiation pattern is realized 

by integrating two PIN diodes, one placed in each slot, enabling independent control of the elements. 

To further improve the gain, a 5×5 array of optimized FSS unit cells, each measuring 9 × 9 mm², is 

positioned above the antenna. Rotating the FSS contributes to omnidirectional enhancement of the 

radiation characteristics. Based on the obtained results, the incorporation of the FSS yields up to 

5.32 dB improvement in antenna gain at 5.8 GHz, confirming its effectiveness in boosting radiation 

performance.  

 

  



 

 

ID Paper: 21 

CL-RASDML: Cross-Lingual Replay Attack Simulation and Detection in Multi-Lingual Datasets 

Satyam Tiwari*, Krish Tejani, Dipali Kasat, Anika Mehta, Srushti Patel 

Sarvajanik College of Engineering and Technology 

Corresponding author: st290130@gmail.com 

Abstract — Replay attacks are among the most common and easily accessible Physical Access 

(PA) attacks that can compromise Automatic Speaker Verification (ASV) systems.  However, a lack 

of varied training data impedes the creation of reliable replay attack detection systems. Most existing 

datasets focus on single-language scenarios (primarily English) and lack sufficient environmental 

variability. This paper addresses these gaps by first proposing a systematic data generation pipeline 

to simulate realistic, multi-environment replay attacks. The proposed pipeline employs a chain of 

augmentations, including Room Impulse Response (RIR) convolution, additive noise, and device 

frequency response filtering, applied to both authentic Voice Cloning Toolkit (VCTK), which consists 

of native English speech recordings, and synthetic VCTK data, which is a high-quality Hindi clone. 

Second, using this pipeline, we create and evaluate three distinct dataset versions across three 

experimental tracks: (1) in-domain English, (2) in-domain synthetic Hindi, and (3) a novel cross-

lingual track (training on English, testing on Hindi). We used three diverse experimental setups, 

namely LFCC-LCNN, Wav2Vec-ResNet, and RawNet2-AASIST, and used an evaluation protocol 

with distinct speaker and RIR holdouts. This work offers a scalable pipeline to solve data scarcity as 

well as paves the way for more generalized and robust detection systems.  

 

ID Paper: 23 

Hybrid Adaptive OTFS-OTA-OFDM Scheme with Deep Learning-Based Channel Prediction for 

Enhanced Satellite Network Communications 

Wahiba Belgacem * 

University of Tlemcen, Algeria 

Corresponding author: belgacem_wahiba@yahoo.fr 

Abstract — The dynamic channel conditions and strong Doppler shifts that are intrinsic to low Earth 

orbit systems pose serious challenges to satellite communication networks. In this paper, a new 

Hybrid Adaptive OTFS-OTA-OFDM Scheme that incorporates deep learning-based channel 

prediction is proposed to improve non-terrestrial network (NTN) performance. In order to dynamically 

adjust to channel fluctuations, the suggested method combines Orthogonal Time Frequency Space 

(OTFS) modulation, which performs well in high-mobility circumstances, with Orthogonal Transform-

Assisted OFDM (OTA-OFDM), which is tuned for lower complexity. Precoding optimization and 

proactive modulation switching are made possible by a deep learning system that predicts delay-

Doppler channel states using recurrent neural networks and transformers.Simulation results 

demonstrate that the hybrid approach achieves up to 25% throughput improvement and significant 

bit error rate reduction compared to conventional OFDM in LEO satellite environments. This solution 

offers a robust, bandwidth-efficient framework for next-generation satellite communications, with 

potential applications in massive MIMO and reconfigurable intelligent surface-assisted systems. 

  



 

 

ID Paper: 24 

Machine Learning-Enhanced Detection and Mitigation of Adversarial Attacks in RIS-Assisted 

IoT-Satellite Communications 

Wahiba Belgacem, Nassima Belgacem* 

University of Tlemcen, Algeria 

Corresponding author: belgacem_nassima@yahoo.fr 

Abstract — Adversarial physical layer security (PLS) in satellite networks linked to the Internet of 

Things (IoT) is investigated in this paper. To strengthen defense against spoofing and jamming 

attacks, we investigate combining reconfigurable intelligent surfaces (RIS) with mobile relays. 

Moreover, machine learning (ML)-based attack detectors and channel state information (CSI) 

estimators are employed to mitigate imperfect channel knowledge and dynamically modify 

transmission strategies. Comparing simulation results to conventional convex optimization and 

reinforcement learning baselines such as PPO and SAC, we find notable improvements in attack 

detection performance, covert rate, energy efficiency, and channel estimation accuracy. These 

results illustrate the potential of RIS-ML integration to facilitate reliable, secure, and energy-efficient 

IoT-satellite communications in future 6G NTNs. 

 

ID Paper: 25 

A Hybrid Convolutional–Recurrent Architecture for Robust Voice-Based Gender Identification 

Fatma zahra Mahdjoub* 

University of Tebessa 

Corresponding author: Fatmazahra.mahdjoub@univ-tebessa.dz 

Abstract — Voice-based identification remains an essential task in speech analytics, with 

applications spanning human–computer interaction, speaker profiling, and adaptive communication 

systems. Traditional machine learning approaches that rely solely on handcrafted acoustic 

descriptors often struggle to capture the underlying spectral–temporal dynamics of human speech. 

This work proposes a hybrid deep learning architecture that integrates one-dimensional 

Convolutional Neural Networks (CNNs) with Bidirectional Long Short-Term Memory (BiLSTM) 

networks to model both local spectral patterns and long-range temporal relationships within pre-

processed acoustic feature sequences. Using a publicly available dataset comprising 3,168 voice 

samples summarized into numerical descriptors, the proposed model processes 20 statistical 

acoustic features per sample, eliminating the need for raw audio waveforms. Experimental results 

demonstrate that the hybrid CNN–BiLSTM design achieves a classification accuracy of 98.1%, 

outperforming classical machine learning baselines and single-branch deep models. Additional 

evaluation using macro-averaged precision, recall, and F1-score confirms the architecture’s 

robustness across both gender classes. Confusion matrix and ROC analyses further illustrate the 

model’s stability and low misclassification rate. The findings validate the effectiveness of combining 

convolutional feature extraction with recurrent sequence modeling for tabular acoustic data and 

highlight the potential of deep learning systems that operate directly on numerical representations of 

speech. Future extensions may incorporate attention mechanisms or transformer encoders to further 

enhance spectral–temporal discrimination. 



 

 

  



 

 

ID Paper: 27 

Serious Game with Haptic Feedback for Upper Limb Rehabilitation 

Abdelghani Daoudi1*, Nouara Achour1, Mohamed Zine El Abidine Amrani2, Amina Sahouli1 

1. USTHB 

2. University of Louisiana at Lafayette  Lafayette, USA 

Corresponding author: daoudi.a@gmail.com 

Abstract — Upper limb motor rehabilitation is a crucial phase in post-stroke or neuromuscular 

recovery programs. Recent studies highlight the benefits of serious games and haptic interfaces in 

enhancing patient engagement and functional outcomes. In this paper, we present the development 

and validation of an interactive rehabilitation system based on a serious game combined with the 

Phantom Omni haptic device for real-time force feedback. The Phantom Omni stylus is used to 

navigate through a randomly generated 3D maze, where opposing force feedback is applied to guide 

movement correction. Preliminary tests were conducted with healthy participants and rehabilitation 

professionals to assess the system's usability, responsiveness, and therapeutic relevance. Through 

hospital tests, we deduced that this work demonstrates the feasibility of integrating, haptic guidance, 

and serious gaming into a unified framework for upper limb therapy. 

ID Paper: 29 

A Survey of Knowledge Graph–Based Semantic Representations for Medical Text Analysis 

Chakib Amrani*, M'hamed Mataoui, Kadda Beghdad Bey 

Ecole Milaire Polytechnique 

Corresponding author: amrani.mohamed.chakib@gmail.com 

Abstract — Unstructured medical text from clinical notes, guidelines, scientific literature, and clinical 

trial records contains rich knowledge essential for advancing biomedical research and clinical 

practice. However, its heterogeneity, scale, and semantic complexity hinder effective integration, 

interpretation, and reuse. Knowledge Graphs (KGs) provide a semantic representation that 

normalizes medical concepts, integrates heterogeneous sources, and supports reasoning for 

accurate retrieval, decision support, and knowledge discovery. This review surveys peer-reviewed 

studies published between 2020 and 2025 that apply KGs to medical textual data. The literature is 

organized along three dimensions: (i) KG construction and enhancement methods, including 

ontology-driven, data-driven, and hybrid approaches; (ii) application domains, spanning biomedical 

translation, drug repurposing, diagnosis, adverse drug reaction detection, personalized medicine, 

and general tasks such as recommendation, question answering, information retrieval, and 

summarization; and (iii) emerging synergies between KGs and Large Language Models (LLMs) for 

grounded reasoning, retrieval, and generation. We synthesize methodological trends, datasets, and 

evaluation practices; provide a consolidated comparison of representative works; and highlight 

persistent challenges related to uncertainty modeling, interoperability, scalability, and privacy. Finally, 

we discuss promising directions for developing faithful, interoperable, and clinically impactful KG-

based systems for medical text. 

 

  



 

 

ID Paper: 30 

Hybrid Acoustic–Deep Embedding Fusion for Multiclass Classification of Laryngeal 

Pathologies Using Voice Signals 

Chourouk Saadi*, Souhila Rerbal, Fadia Meziani  

University Abou Bekr Belkaid 

Corresponding author: chourouk.saadi@univ-tlemcen.dz 

Abstract — Although current clinical evaluation mainly uses invasive laryngoscopic techniques, early 

detection of laryngeal pathologies is still crucial for improving treatment outcomes. When combined 

with sophisticated signal processing and machine learning, voice-based screening offers a promising 

non-invasive supplement. In this work, we present a comprehensive workflow that combines deep 

feature embedding from a wav2vec model, clinical diagnosis mapping, systematic audio 

preprocessing, multi-strategy data augmentation, handcrafted acoustic feature extraction, and 

thorough feature selection using stratified cross-validation. Three clinically significant classes 

(Healthy, Benign, and Malignant) were assigned to voice samples using the VOCAL+ dataset. We 

extracted both deep embeddings and conventional acoustic descriptors (such as RMS metrics, 

spectral centroid, spectral entropy, and amplitude statistics) after preprocessing and augmentation. 

Random Forest classifiers with stratified k-fold validation were used to assess every possible 

combination in order to determine the best feature subset. Accuracy = 0.9367 ± 0.0190, macro F1 = 

0.9560, precision = 0.9200, recall = 0.9554, and macro ROC-AUC = 0.9568 were all attained by the 

final model. These findings show how robust pathology detection can be achieved by combining 

interpretable signal features with self-supervised deep embeddings. Future scalable televoice 

screening systems may benefit from this work's transparent and repeatable pipeline. 

  

ID Paper: 33 

A Secure SoPC Embedded System for Blockchain Network and IoT Applications 

Nesrine Guenfoud1*, Mohamed Issad2; Mohamed Debyeche1 

1. University of Science and Technology Houari Boumediene 

2. Centre for Development of Advanced Technologies 

Corresponding author: nguenfoud@usthb.dz 

Abstract — This paper presents a dedicated Elliptic Curve Digital Signature Algorithm (ECDSA) 

signature and verification implementations for BlockChain networks. The expensive computation 

operation in ECDSA is Scalar Multiplication (SM). The proposed implementation is based on a 

combination of the HW/SW co-design approach and the System on Programmable Chip (SoPC). The 

execution of the considered algorithms relies on three main components: (i) the prime finite field 

arithmetic operations, (ii) the True Random Number Generator, and (iii) the Secure Hash Algorithm. 

Our first contribution focuses on the implementations of the SM and ECDSA signature algorithms as 

embedded system on FPGA circuit. The MicroBlaze processor is used as the main controller. The 

second contribution consists in the Java implementation of the server. It allows signature verification 

and the creation of block. Our SoPC embedded system generates a 47 signature per second. 

  



 

 

 

ID Paper: 37 

Random Demodulator for Sub-Nyquist Acquisition: State-of-the-Art Architectures and 

Sensing-Matrix Analysis 

Hadj Abdelkader Benzater*, Djamal Teguig, Nacerredine Lassami, Redouane Kaibou 

Ecole Militaire Polytechnique, Algiers, Algeria 

Corresponding author: benzater.hadj@gmail.com 

Abstract — The Random Demodulator (RD) is a well-established Analog-to-Information Conversion 

(AIC) architecture that enables sub-Nyquist acquisition of wideband, spectrally sparse signals 

through high-rate pseudo-random modulation and low-rate sampling. By shifting the sampling burden 

from the ADC to the analog mixing stage, RD offers a hardware-feasible alternative to multi-gigahertz 

digitization. This paper presents a state-of-the-art analysis of RD-based compressed acquisition, 

covering constrained-switching extensions, polyphase and multichannel variants, and calibration 

techniques addressing practical analog non-idealities. Particular emphasis is placed on the 

mathematical structure of RD sensing matrices, including their coherence properties and hardware-

driven constraints. The analysis is supported by comparative simulations and a real-time Select-One 

RD implementation using GNU Radio, highlighting the trade-offs between idealized random sampling 

and realizable compressed front-ends. 

 

  

ID Paper: 38 

A CNN-based Approach for SpeakerIdentification using Spectral DomainAugmentation 

Alaa Eddine Boukerche*, Kawthar Yasmine Zergat 

University of Science and Technology Houari Boumediene,USTHB 

Corresponding author: alaaboukerche08@gmail.com 

Abstract — This paper introduces a novel Spectral Domain Augmentation (SDA) framework 

designed to improve speaker recognition performance for Algerian Arabic in low-resource scenarios. 

The proposed method applies frequency masking and time masking directly to spectrogram 

representations, creating controlled spectro-temporal variations that enhance robustness while 

preserving speaker-discriminative features. Experiments were conducted on a curated subset of the 

Sawt El-Djazaïr corpus, integrated into a CNN-based classification pipeline. The SDA framework 

achieved 96.0% accuracy and an F1-score of 0.95,representing a 3% improvement over using the 

original dataset. These results highlight the effectiveness of SDA in developing generalizable speaker 

identification systems for under represented languages. 

 

  

  



 

 

ID Paper: 39 

EMOTION-AWARE SPEECH ENHANCEMENT POWERED BY SELF-SUPERVISED AUDIO 

REPRESENTATION LEARNING 

Anjali Goswani*; Anjali Krushna  Kadao 

Kalinga University 

Corresponding author: anjaligoswani55@gmail.com 

Abstract — Human speech conveys not only linguistic content but also emotional cues. 

Conventional speech enhancement (SE) methods mainly optimize acoustic quality and intelligibility, 

often suppressing prosodic and spectral features that are critical for emotion perception. To address 

this limitation, this study proposes Emotion-Aware Speech Enhancement (EASE), a novel framework 

that leverages self-supervised learning (SSL) audio representations to enhance speech while 

preserving emotional saliency in noisy conditions.EASE integrates an auxiliary emotion-preservation 

loss derived from a pre-trained SSL model (e.g., emotion2vec) into the SE pipeline. This loss guides 

the enhancement model to retain high-fidelity emotional characteristics, overcoming the 

shortcomings of traditional acoustics-only objectives. The framework employs a U-Net–based neural 

architecture, where SSL-derived representations explicitly steer the speech reconstruction process. 

Experiments conducted on standard emotional speech datasets, including RAVDESS and MELD, 

demonstrate that EASE achieves competitive acoustic performance, with a PESQ score of 

approximately 2.55 at 0 dB SNR, comparable to an acoustic-only baseline (2.58). Crucially, EASE 

significantly outperforms the baseline in emotional content preservation, achieving an Unweighted 

Average Recall (UAR) of 65.1%, compared to 51.5% for the baseline system. These results confirm 

that incorporating emotionally relevant SSL features as explicit supervisory signals is an effective 

strategy for emotion-preserving speech enhancement. The proposed approach highlights the 

potential of using self-supervised representations to enable more natural, expressive, and context-

aware human–computer interaction. 

ID Paper: 41 

DYNAMIC PROMPT ADAPTATION FRAMEWORKS ENHANCING LLM REASONING IN CROSS-

LINGUAL AND LOW-RESOURCE CONTEXTS 

Priya Vij*, Ashu  Nayak 

Kalinga University 

Corresponding author: priyavij01@outlook.com 

Abstract — Large Language Models (LLMs) have sound reasoning, and the only significant issue is 

to ensure they can be used in cross-lingual and low-resource language (LRL) settings. The loss of 

accuracy of conventional prompting techniques can be as much as 15 percent because English is 

applied in a task where complex logical reasoning is theorized in a typologically remote LRL. The 

wavy performance loss is further enhanced by the character of scarcity of resources, where the 

training information may be below 1,000 sentences in each language. It offers a new, parameter-

efficient methodology, namely, the Dynamic Prompt Adaptation Framework (DPAF), to address this. 

When the DPAF is fed with linguistic peculiarities of the target language (e.g., morphological 

complexity), the resource conditions are automatically measured, and the most effective prompting 

strategy is selected among the dynamic repertoire, including Self-Supervised Prompting and 



 

 

personal few-shot learning. The basic input is the assignment of a lightweight meta-reasoning module 

that is a strategy-based searcher of the space of accuracy-latency trade-offs. It can be seen that the 

experimental test of five LRLs shows that the DPAF on the zero-shot experimental control has a 

consistent mean addition to reasoning accuracy of an 11.3 percent variation. Besides, this high 

performance is guaranteed by the framework without an average extra latency of over 35 

milliseconds of prompt generation, which explains its efficiency and scalability. The DPAF establishes 

a strong and just paradigm of opening up the potential of LLM thinking in the entire linguistic scope 

of the world. 



 

 

ID Paper: 46 

NeutralSpeech: Two-Stage Emotion Suppression for Enhanced ASR Performance 

Jayraj Lakkad1*, Satyam Tiwari2; Laksh Savaliya1, Premalkumar Patel1 

1. Charotar University of Science and Technology (CHARUSAT) 

2. Sarvajanik College Of Engineering And Technology 

Corresponding author: jayrajlakkad85@gmail.com 

Abstract — While emotion in speech adds meaning for humans, it tends to disrupt machine 

understanding. Most ASR systems perform poorly in recognizing emotional speech. The well-known 

variations are caused by changes in pitch-foundation frequency, f0 tone, and prosody. In this paper, 

we present an emotion removal approach with a two-stage pipeline that removes the expressive 

speech cues before transcription. First, we employ the WORLD vocoder that flattens the pitch of the 

input speech and removes the background noise, yielding monotonic speech. Second, we feed the 

speech into EmoCycleGAN, a generative adversarial network that transforms emotional speech into 

a neutral acoustic environment, learning the spectral changes in a completely unsupervised setting 

without any parallel data or text alignment. We evaluate our method with the standard RAVDESS 

dataset comprising 1,440 emotional speech samples. Results show a drastic drop in pitch variation 

over 82% and a clear improvement in ASR performance: WER decreased from 17.3% on raw 

emotional speech to 6.9% after full emotion suppression. From these results, one can conclude that 

neutralizing emotion before recognition leads to more accurate and more consistent ASR results. 

That makes our approach very appealing in practical applications, including voice assistants, 

healthcare transcription, and emotionally variable human-machine interactions. 

ID Paper: 48 

Beam-Aware UAV Association for Aerial Highways in NTN-Enabled 5G Networks 

Djihane Maadoud1*, Abdelkrim Hamza1, Keltoum Houari1, Mohamed Becherif2 

1. University of Science and Technologie Houari Boumedienne 

2. University of Bourgogne Franche-Comté 

Corresponding author: dmaadoud@gmail.com 

Abstract — Reliable communication for unmanned aerial vehicles (UAVs) in beyond-5G and 6G 

cellular networks is challenged by strong line-of-sight interference, limited spatial separability, and 

inefficient association when UAVs operate along structured aerial highways (AHs). This paper 

presents a joint UAV association and beam management framework for heterogeneous terrestrial-

aerial networks assisted by high-altitude platform stations (HAPS). The approach exploits the spatial 

structure of AHs through particle swarm optimization (PSO)-based segmentation, enabling consistent 

segment-level UAV association across network tiers. A tier-aware association metric is combined 

with an enhanced teaching-learning-based optimization (ETLBO) scheme to jointly optimize 

synchronization signal block (SSB) beam activation and power allocation. This coordinated design 

mitigates inter-sector interference and improves beam alignment for aerial users while preserving the 

performance of ground users. Simulation results based on 3GPP compliant models demonstrate 

notable gains in UAV SINR and achievable data rate, particularly at the lower percentiles, with limited 

impact on terrestrial users. The framework further exhibits robust performance across different AH 



 

 

geometries, confirming its effectiveness in interference and coverage limited aerial communication 

scenarios. 
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Abstract — Automatic modulation classification (AMC) is a fundamental task in modern wireless 

communication systems, enabling key functionalities such as cognitive radio, spectrum monitoring, 

and adaptive signal processing. In this paper, we propose a multi-modal deep learning framework 

for AMC that jointly exploits complementary signal representations across multiple domains. 

Specifically, the proposed system integrates time-domain I/Q samples, frequency-domain features 

extracted via the fast fourier transform (FFT), and higher-order statistical descriptors. To rigorously 

evaluate the contribution of each feature domain, a systematic ablation study is conducted using five 

configurations, each activating a different combination of input modalities. The results demonstrate 

that incorporating frequency-domain features consistently improves classification accuracy, 

particularly in low and medium SNR regimes, while statistical features provide complementary gains 

when combined with I/Q data. Detailed performance analyses highlight the effectiveness of the 

proposed multi-modal fusion strategy. These findings confirm that exploiting multi-domain signal 

representations offers a robust and interpretable solution for AMC in challenging wireless 

environments. 
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Abstract — Hypoglycemia is one of the most dangerous conditions facing diabetic patients with one 

or more hormone treatments. If left unchecked, it can cause severe symptoms or, in some extreme 

cases, mortality. Predicting hypoglycemia before it occurs can help patients change their behavior 

beforehand and potentially save their lives. The importance of real time data can be highlighted in its 

ability to allow patients to understand what behaviors need to be changed before hypoglycemic 

symptoms show.  In this paper, classical machine learning algorithms were applied to classify 

hypoglycemic events using patient data. CatBoost got the best results, with an accuracy of 95.12\% 

and an Area Under the Curve (AUC) of 0.9742. 
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Abstract — Blood oxygen saturation (SpO2) is a crucial physiological parameter for health 

monitoring, traditionally measured using contact pulse oximeters. This paper proposes a non-contact 

approach to estimate SpO2 from facial videos using Imaging Photoplethysmography (iPPG). 

Supervised regression models are trained on 16 features derived from 2D time-frequency 

representations of the chrominance signal extracted from filtered iPPG. Three facial regions were 

studied: the face, the forehead and cheeks, and the forehead, with spatial averaging applied to the 

RGB channels. Among various regression models, Support Vector Regressor (SVR) achieved the 

best performance, with the forehead providing the most accurate results. Evaluated on the PURE 

dataset using Leave-One-Participant-Out cross-validation, the method achieved an MAE of 0.99 and 

an RMSE of 1.31, outperforming the Ratio-of-Ratios approach and other state-of-the-art methods. 

These results demonstrate the effectiveness of the proposed framework for contactless SpO2 

estimation from facial videos. 
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Abstract — This paper presents a Transformer-based approach tailored for automatic speech 

recognition (ASR) in noisy environments. The approach is evaluated on the Aurora-2 dataset under 

multiple noise conditions and varying SNR levels, demonstrating its robustness across diverse 

acoustic scenarios. Experimental results demonstrate that the model, which integrates perceptual 

gammatone frequency cepstral coefficients (PGFCC) with Transformer architecture, outperforms 

baseline systems employing traditional gammatone frequency cepstral coefficients (GFCC) and mel-

frequency cepstral coefficients (MFCC). Notably, it achieves 98.55% accuracy in clean conditions 

and sustains a strong 89.44% accuracy under noisy scenarios. These findings underscore the 

model’s robustness and its suitability for real-world speech recognition applications. 
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Abstract — Envelope analysis is a widely adopted technique for bearing fault diagnosis (BFD) due 

to its effectiveness in extracting impulsive fault signatures from vibration signals. However, its 

practical deployment on embedded platforms is often constrained by the computational and hardware 

cost associated with multiple Fast Fourier Transform (FFT) and Inverse FFT (IFFT) operations. This 

paper presents a resource-efficient FPGA-based hardware–software architecture for envelope 

analysis applied to BFD. The proposed design introduces a hardware optimization strategy, where 

the algorithm is adapted to the constraints of the target FPGA platform (logic resources, memory 

usage, and power consumption) through the reuse of a single FFT IP core to perform multiple 

transform operations via memory-mapped control and feedback mechanisms. The architecture is 

implemented on a Xilinx Zynq-7000 Systemon-Chip platform, combining programmable logic 

acceleration with processor-based control. An adaptive FIR filter generated using High-Level 

Synthesis (HLS) is also integrated to enhance robustness against noise. Experimental results using 

benchmark bearing vibration data demonstrate that the proposed single-FFT architecture 

significantly reduces FPGA resource utilization and power consumption compared to conventional 

multi-FFT designs, while preserving diagnostic accuracy. Owing to its low computational footprint, 

the proposed solution is well suited for real-time embedded condition monitoring systems and can 

serve as an enabling building block for future distributed and edge based diagnostic applications. 
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Abstract — Intelligent Transportation Systems (ITS) increasingly rely on distributed multi-agent 

coordination for adaptive urban infrastructure management. Urban traffic signal control via Multi-

Agent Reinforcement Learning (MARL) faces a critical architectural decision: should heterogeneous 

intersections share a single policy with observation padding, or maintain separate specialized 

policies? This paper presents the first rigorous empirical comparison between Multi-Policy and 

Shared Policy approaches in Multi-Agent Proximal Policy Optimization (MAPPO) for real-world traffic 

networks. Evaluated on Ingolstadt, Germany (21 heterogeneous intersections), our Multi-Policy 

architecture with topology-based policy specialization achieves 47.5s average waiting time—52.6\% 

improvement over Fixed-Time control, 7.6% over Max Pressure, and 47.2% over Independent 

Proximal Policy Optimization (IPPO). Comparative analysis reveals that Multi-Policy's 23.7% 

advantage over Shared Policy stems from zero-padding authenticity and direct phase selection, 

despite higher training complexity. 
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Abstract — This paper presents the design and simulation of a compact wideband millimeter-wave 

(mmWave) antenna employing a cross-shaped radiating patch and an optimized ground-plane slot 

to enhance impedance bandwidth. The antenna is fabricated on a Rogers 5880 substrate with overall 

dimensions of $20 \times 20 \times 1.575$~mm$^3$. Through a five-step design evolution, the 

proposed structure achieves an ultra-wide impedance bandwidth of 11.7~GHz, covering the 22.1--

33.8~GHz range, which corresponds to a fractional bandwidth of approximately 42\%. The antenna 

exhibits a peak gain of 9.4~dBi and maintains stable directional radiation patterns across the band. 

Owing to its simple geometry, wideband behavior, and high gain, the proposed antenna is a strong 

candidate for low-cost integration in 5G and beyond mmWave communication systems. 
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Abstract — Identifying the speaker, in the context of patho logical speech, remains a challenging 

task due to the limited and highly variable training data available. To address this issue, we 

investigate several data augmentation strategies applied to the Nemours Dysarthric Speech 

Database using a CNN2D classifier. Among the approaches explored, one method achieved a 

maximum accuracy of 99%, demonstrating the critical role of augmentation in enhancing recognition 

robustness. While generative techniques offer promising directions, they also raise questions about 

stability and evaluation. These findings highlight that augmentation is indispensable to advance 

recognition in low-resource pathological speech, and the optimal strategy requires careful 

consideration. 
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Abstract — Early detection of Parkinson’s disease (PD) is critical for effective clinical management, 

yet initial symptoms are often mild and difficult to identify. Speech irregularities emerge as early non-

motor biomarkers in up to 90% of patients, providing a non-invasive avenue for scalable screening 

via mobile devices. This study proposes a lightweight, diarization-free architecture using dominant 

speech filtering on the MDVR KCL dataset of smartphone conversational recordings to isolate patient 

voice from noise and interlocutors via energy-based thresholds, enabling efficient mobile 

deployment. 24 interpretable acoustic features (jitter, shimmer, HNR, MFCCs, formants, pitch, 

intensity) were fused with PCA compressed wav2vec2 embeddings and fed to an SVM model at 3-

second segment and patient level scales. Segment level achieved 97.0% accuracy, 94.7% recall, 

and 98.8% precision via 5-fold cross-validation (CV), while patient level aggregation yielded 91% 

accuracy and 77.8% recall. Patient-level Leave One Subject Out cross-validation (LOSO CV) further 

confirmed robust generalization, achieving 89% accuracy, 94.4% precision and 80.6% PD recall 

across 73 unseen patients, demonstrating stable between-subject performance with minimal drop 

(−2%) from 5-fold results. This compact pipeline enables reliable, real-time PD screening from 

spontaneous speech on resource-limited mobile devices. 
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Abstract — The integration of visual data (radiography) and textual data (clinical reports) is critical 

for developing robust medical artificial intelligence systems. While various fusion strategies exist, 

there is a lack of rigorous comparative analysis regarding which vector-level fusion mechanism yields 

the best performance for medical binary classification under strict computational constraints. This 

paper investigates five distinct multimodal fusion architectures: Early Concatenation, Gated 

Multimodal Unit (GMU), Bilinear Fusion, Joint Transformer, and Low-Rank Fusion. We propose a 

unified framework utilizing DenseNet-121 for visual feature extraction and BioClinicalBERT for textual 

embeddings, with all fusion modules strictly constrained to ∼525K trainable parameters (ratio 1.05:1) 

to ensure mathematically fair comparison. Evaluated on the Indiana University Chest X-ray dataset 

using stratified sampling and bootstrap confidence intervals, our experiments demonstrate that Low-

Rank Fusion achieves the highest Area Under the Curve (AUC) of 0.970, while Bilinear Fusion 

achieves the highest F1-score of 0.971. These results establish that multiplicative interaction 



 

 

mechanisms consistently outperform additive and attention-based approaches for vector-level 

medical multimodal fusion. Code and models are publicly available at: 

https://github.com/GherbiDjaafer/Fusion_Methods_Study. 
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Abstract — The evolution of Wi-Fi towards higher data rates has solidified Orthogonal Frequency 

Division Multiplexing (OFDM) as a rigid, homogeneous physical layer, creating a fundamental barrier 

to the native integration of low-cost, low-power Internet of Things (IoT) devices that utilize simpler 

modulation schemes such as FSK or ASK. While the emerging IEEE 802.11be (Wi-Fi 7) standard 

introduces Multi-Link Operation (MLO) to orchestrate multiple frequency channels, it remains 

confined within this single-modulation paradigm. This paper proposes the Multi-Modulation 

Orchestrator (MMO), a novel architectural framework that extends the orchestration concept from the 

link layer to the physical layer itself. The MMO inverts the traditional complexity model by embedding 

intelligence and reconfiguration capabilities within the Access Point (AP). Leveraging Software-

Defined Radio (SDR) for flexibility and Field-Programmable Gate Array (FPGA) acceleration for real-

time performance, the MMO enables a single AP to dynamically manage heterogeneous PHY-layer 

pipelines (e.g., OFDM, FSK, ASK) under a unified, PHY-agnostic Medium Access Control (MAC) 

layer. We detail the core design principles—PHY-agnostic orchestration, asymmetric complexity, 

dynamic hardware reconfiguration, and intelligent scheduling—and present the complete system 

architecture and its operational workflow for device association and multiplexed data transmission. 

A comparative analysis positions the MMO as a generalization of MLO, advancing network design 

from multi-link to multi-modulation operation. This work provides a concrete blueprint for unifying 

high-performance Wi-Fi and massive IoT connectivity within a single, sustainable infrastructure, 

outlining a clear path for future research through simulation, algorithmic design, and prototype 

implementation. 
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Abstract — Variational mode decomposition is a promising tool for the analysis of non-stationary 

biomedical signals, its use in supervised electromyography diagnosis remains limited by empirical 

choices of hyperparameters and mode selection. This study proposes a discriminative parameter-

tuned framework for needle electromyography classification. A Morlet continuous wavelet transform 



 

 

is first applied to the training data only to identify muscle-specific discriminative frequency bands. For 

each recording, candidate decompositions are then ranked using a composite score based on band 

energy, mutual information, and analysis-of-variance statistics. Features extracted from the selected 

modes are used to train a histogram-based gradient boosting classifier under subject-level stratified 

cross-validation. The proposed method separates healthy, myopathy, and neuropathy recordings 

from the biceps brachii and deltoid muscles. It achieves about 0.81 mean accuracy with a macro-F1 

score of about 0.77 on biceps brachii, while performance on deltoid is lower but still informative, with 

balanced healthy-versus-pathology detection. By restricting both band discovery and parameter 

tuning to the training folds, the framework avoids information leakage, reduces empirical parameter 

selection, and provides physiologically meaningful frequency-localized biomarkers. 
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Abstract — The growing availability of Arabic textual data has increased the demand for robust 

automatic topic classification methods capable of handling linguistic diversity and contextual 

complexity. This study investigates the impact of dataset size on the performance of deep learning 

and transformer-based models for automatic topic classification. Experiments were conducted using 

the WATAN-2024 corpus and a reduced version, WATAN-2024/T250W, where each document is 

limited to 250 words in order to analyze how input length influences classification performance.The 

experimental framework, evaluates recurrent and convolutional neural networks (RNN, LSTM, 

BiLSTM, GRU, and CNN) using identifier encoding, alongside a transformer-based approach based 

on AraBERT. The results show that transformer-based models achieve the best overall performance 

across both datasets. AraBERT obtains an accuracy of 94.23% on the WATAN-2024 corpus and 

93.84% on the WATAN-2024/T250W dataset, demonstrating strong robustness even when the 

document length is reduced.Among the deep learning architectures, GRU achieves the highest 

performance, reaching 93.50% accuracy on WATAN-2024 and 92.95% on WATAN-2024/T250W, 

followed by BiLSTM and CNN. In overall, the results indicate that the document size reduction, in our 

case, has shown a limited impact on classification performance. 
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Abstract — Precise segmentation of cytological images is a cornerstone of modern 

hematopathological diagnosis, particularly for detecting and monitoring Acute Lymphoblastic 

Leukemia (ALL). Despite significant progress in deep learning, identifying the most effective model 

architecture for fine-grained blood cell segmentation remains an open challenge. This paper presents 

a comparative study between two advanced semantic segmentation models applied to peripheral 

blood cell (PBC) microscopy images. The first model extends the classical U-Net by incorporating 

attention mechanisms to enhance global contextual awareness and spatial focus. The second model 

adopts a Swin-Unet architecture with a Masked Autoencoder (MAE) pre-trained encoder, enabling 

hierarchical and self-supervised feature representation. Both models are trained and evaluated on a 

publicly available ALL cytology dataset comprising 3,256 high resolution, expert annotated images. 

Preprocessing includes resizing, normalization, blur filtering, and augmentation to improve model 

generalization. Experimental results reveal that the U-Net + Attention model consistently outperforms 

its Swin-Unet + MAE counterpart, achieving a mean Intersection over Union (mIoU) of 0.8934 and a 

Dice coefficient of 0.934, compared to 0.8511 and 0.9012, respectively. These findings demonstrate 

the superior effectiveness of integrating attention-driven modules within encoder–decoder 

architectures for medical image segmentation. The results offer practical insights into model selection 

for cytological image analysis and highlight the benefits of hybrid transformer designs in resource-

constrained medical applications. 
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Abstract — The rapid advancement of generative artificial intelligence has made voice cloning a 

serious threat to biometric security systems. This paper presents a multi-task architecture designed 

to secure Arabic voice command systems against advanced neural voice cloning attacks, especially 

those generated by the XTTS-v2 model. This approach extends the spoofing detection paradigm by 

proposing a framework based on speaker identification, which is better suited to multi-user 

environments, while integrating voice command recognition within a unified multi-task setting. We 

evaluate two self-supervised learning (SSL) models, HuBERT and Wav2Vec2, each combined with 

a temporal attention mechanism to jointly perform spoofing detection, speaker identification, and 

Arabic voice command recognition. Experiments are conducted on a balanced Arabic dataset of 

3,200 samples, comprising real voices and synthetic voices generated by XTTS-v2 with stochastic 



 

 

variability, to simulate realistic attack conditions. Results show high performance in command 

recognition (98.14%) and speaker identification (98.12%). For spoofing detection, the system 

achieves an accuracy of 89.38% and an Equal Error Rate (EER) of 7.25% for Wav2Vec2 and 7.88% 

for HuBERT, highlighting the superior performance of Wav2Vec2. These findings show that SSL-

based multi-task architectures provide an effective solution for developing secure and robust Arabic 

voice control systems. 
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Abstract — This paper presents SecureReconf, a parameterized Multi-Layer Perceptron (MLP) 

accelerator implemented in Verilog, capable of adapting to diverse datasets (MNIST 

\cite{lecun1998gradient}, F-MNIST \cite{xiao2017fashion}, E-MNIST \cite{cohen2017emnist}, K-

MNIST \cite{clanuwat2018deep}) by reconfiguring data widths and network topologies. To enhance 

security, we propose a lightweight chaotic encryption scheme using the Lorenz system 

\cite{lorenz1963deterministic} for weights and biases post-training, with hardware decryption 

integrated into the FPGA inference pipeline. The design is evaluated on a Xilinx ZedBoard, 

demonstrating robust accuracy across datasets (74.8-97.8\%) while reducing power consumption by 

up to 42\% compared to software baselines. The chaotic encryption adds minimal overhead (3.2-

4.8\% latency, 2.3\% area) while providing 128-bit equivalent security. Comparative analysis shows 

our approach achieves 6-12× lower latency overhead than AES encryption while maintaining 

sufficient security for edge deployment. 
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Abstract — Face anti-spoofing technology is a security technique used to prevent unauthorised 

access to face recognition systems. This paper introduces a novel, deep-learning-based face 

antispoofing framework, which protects against replay and print attacks. The proposed method uses 

a texture-covolution map that combines LBP and LPQ texture descriptors via a convolution-based 

operation, and a CNN classifier. Results from the publicly available REPLAY-ATTACK database 

demonstrate that, despite its relatively simple architecture, the proposed method achieves highly 

competitive performance, thereby confirming its effectiveness in minimising classification errors. 
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Abstract — Fully supervised speaker diarization systems often struggle to generalize to real 

conversational data, particularly in the absence of large annotated datasets. To address this issue, 

we propose a hybrid self-supervised speaker diarization framework that combines clustering-based 

modeling with an attention-based end-to-end neural network. Firstly, an unsupervised autoencoder 

is utilized to identify overlapped and non-overlapped speech regions, then a clustering module to 

generate speaker prototypes from the non-overlapped segments. These prototypes act as pseudo-

labels and identity anchors that condition an end-to-end attention-based diarization model. By 

explicitly injecting speaker identity information, the proposed approach allows the neural model to 

focus on relevant speakers and to handle overlapping speech without relying on frame-level 

annotations. Experiments conducted on the CALLHOME English corpus demonstrate significant 

reductions in Diarization Error Rate (DER) compared to conventional AHC–GMM-based systems and 

recent end-to-end diarization approaches. These results show that the proposed framework 

effectively combines the interpretability and robustness of clustering with the flexibility and expressive 

power of neural attention mechanisms, making it particularly suitable for low-resource diarization 

scenarios. 
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Abstract — Infant cry detection plays a vital role in intelligent healthcare and smart childcare 

systems, yet achieving reliable performance in real-world conditions remains challenging. Factors 

such as background noise, variations in recording devices, and differences across infant populations 

often degrade system accuracy. Conventional approaches based on handcrafted acoustic features, 

including MFCC and LFCC, may report high overall accuracy but frequently fail to detect actual cry 

events when faced with severe class imbalance. In this study, we present a com prehensive 

evaluation of Self-Supervised Learning (SSL) speech representations for infant cry detection, 

focusing on wav2vec 2.0, XLS-R, HuBERT, and WavLM. Experiments are conducted using the multi-

source UAC-Butembo Infant Cry Dataset for in domain evaluation and a previously unseen subset 

of AudioSet to assess out-of-domain generalization. Results show that traditionalmethods achieve 

around 73% accuracy but exhibit near-zero cry F1-scores, revealing a strong bias toward non-cry 

samples. In contrast, SSL-based approaches significantly improve detection performance. CNNs 



 

 

models achieve up to 99.14% accuracy using WavLM features, while Bi-LSTM-based models further 

enhance robustness by modeling temporal cry patterns. Notably, SSL-based Bi-LSTM models 

demonstrate strong generalization, maintaining balanced accuracy of up to 71.95% in out-of-domain 

conditions and achieving the highest F1-scores. These findings highlight the effectiveness of SSL 

representations combined with temporal modeling for robust infant cry detection in realistic 

environments. 
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Abstract — Wheat diseases pose a significant threat to global food security, necessitating early and 

accurate detection. Traditional methods are often slow, costly, and require expert intervention. 

Recent advances in computer vision, particularly Vision Transformers (ViTs), offer promising 

alternatives. This paper presents a comparative analysis of five transformer-based architectures—

Vision Transformer (ViT), Swin Transformer, Data-Efficient Image Transformer (DeiT), Token-to-

Token Vision Transformer (T2T-ViT), and ConvNeXt—for the automated detection of wheat leaf 

diseases. Experiments were conducted on a publicly available wheat disease dataset comprising 

four classes: healthy, leaf rust, crown root rot, and loose smut. Models were evaluated based on 

accuracy, loss, and generalization capability under varying hyperparameters. Results show that Swin 

Transformer achieved the highest test accuracy (94.83%), followed by ConvNeXt (94.32%) and DeiT 

(94.23%). All models were fine-tuned from ImageNet pre-trained weights. The study highlights the 

trade-offs between model complexity, data efficiency, and computational cost, providing insights for 

real-world agricultural applications. 
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Abstract — Articulatory acoustic inversion aims to reconstruct the complete geometry of the vocal 

tract from the speech signal. In this paper, we present a comparative study of several levels of 

phonetic segmentation accuracy, together with a comparison to the baseline introduced in our 

previous work, which is based on Mel-Frequency Cepstral Coefficients (MFCCs). All the approaches 

considered are based on a denoised speech signal and aim to investigate the impact of incorporating 



 

 

phonetic information through three successive levels: an uncorrected automatic transcription, a 

temporally aligned phonetic segmentation, and an expert manual correction following alignment. The 

models are trained to predict articulatory contours extracted from vocal tract MRI images using an 

automatic contour tracking method. The results show that, among the models relying on phonetic 

representations, manual correction after alignment yields the best performance, approaching that of 

the baseline. 
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Abstract —The scarcity of large-scale Arabic datasets remains a critical bottleneck for developing 

robust sentiment analysis and personalized recommendation systems. To address this gap, we 

introduce LSAHR (Large-Scale Arabic Hotel Review), a comprehensive dataset of 292,460 Arabic 

hotel reviews collected from Booking.com during December 2025, spanning 502 hotels and 176,285 

unique users. Unlike existing re- sources, LSAHR is specifically designed to support both sentiment 

analysis and personalized recommendation tasks simultaneously, enriched with demographic 

metadata (nationality, traveler type, length of stay) and hotel-specific attributes (location, star rating, 

distance from city center). Each review carries a user-assigned rating on Booking.com’s native 1–10 

scale and a three-class sentiment label (positive, negative, neutral). Sentiment annotation followed 

a three-stage hybrid pipeline: (1) automatic polarity assignment based on rating thresholds, (2) 

contextual analysis using CAMeLBERT, and (3) human validation by four qualified annotators who 

resolved disagreements between automatic and contextual labels. Two versions are provided: an 

unbalanced version (292,460 reviews; reflecting the natural sentiment distribution of 68.7% positive, 

17.3% neutral, and 14.0% negative) and a balanced version (122,679 reviews; with equal 33.33% 

distribution across all three sentiment classes). Experimental evaluations demonstrate the dataset’s 

utility across two tasks: sentiment analysis and personalized recommendation. Comparative 

benchmarking against existing Arabic recommendation datasets further confirms LSAHR’s 

superiority, with both GCN and GraphSAGE achieving their best performance on LSAHR, 

demonstrating the value of its richer user-item interaction structure and demographic metadata. 

LSAHR is publicly available at https://github.com/lagrinisamira83/LSAHR_dataset. 
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Abstract — Speech-to-Text (STT) is an application that converts spoken language into written text, 

based on Automatic Speech Recognition (ASR) technology. It integrates this last technology with two 

fields of artificial intelligence, natural language processing (NLP) and large language models (LLMs). 

The STT is applied in a wide variety of military and civilian contexts. The Algerian dialect (Deerdj), 

characterized by distinct linguistic features and a scarcity of labelled data, is considered a lower 

resource language in terms of STT-ASR domain. Whisper is a transformer-based model recognized 

for its strong performance across a wide range of languages. However, its effectiveness for the 

Algerian dialect and it remains insufficiently investigated. In this work, we develop a STT model 

dedicated to the Algerian dialect named it “JazairiWhisper”. To this end, we constructed a dataset 

drawing from two complementary sources: locally collected audio samples and a subset of Algerian 

dialect data extracted from the Casablanca corpus. Initial evaluations revealed a word error rates 

(WERs) 138% and 104% for small whisper and medium whisper respectively, which reflecting the 

challenges posed by Algerian dialect. To improve these results, we applied the low-rank adaptation 

(LoRA) technique, which is designed to fine-tune large-scale models efficiently by introducing a 

reduced set of trainable parameters. After fine-tuning, significant performance improvements were 

observed, with WER reductions of up to a 57% for JazairiWhisper Small model and up to a 36% for 

JazairiWhisper medium. 
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Abstract — Text summarization that involves understanding the main idea of a source text and 

generating a concise version of it while preserving the meaning,  represents a significant NLP 

challenge. Based on whether the exact sentences are considered as they appear in the original text 

or new sentences are generated, NLP techniques and text summarization are categorized into 

extractive and abstractive techniques. For Arabic, a morphologically rich and relatively under-

resourced language, current research has largely ignored this area, particularly in the more complex 

task of abstractive text summarization. In this paper, we investigate the effectiveness of specialized 

and general Large Language Models (LLMs) for Arabic text summarization. We present a 

comparative study between fine-tuned Arabic models (AraBART and AraT5) and general-purpose 

LLMs, including ChatGPT, Gemini, and multiple LLaMA variants. Our findings highlight the efficacy 



 

 

of AraBART in producing fluent and coherent Arabic summaries and Llama, ChatGPT offer a 

promising direction for future research due to their generative capabilities. 
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Abstract — This paper proposes a feature-level fusion framework for the classification of 

intramuscular electromyography signals into healthy, myopathic, and neuropathic classes. Deltoid 

EMG recordings from 123 subjects (41 per class) were first preprocessed to attenuate baseline drift, 

motion artifacts, and power-line interference, then decomposed in parallel using Empirical Mode 

Decomposition and Local Mean Decomposition. Instantaneous-frequency components derived from 

the two decompositions were summarized using statistical descriptors computed from the most 

relevant early levels and evaluated using k-nearest neighbor and support vector machine classifiers 

with a radial basis function kernel under both binary and three-class settings. The main contribution 

of this work is to show that the two adaptive decompositions provide complementary diagnostic 

information and that their feature-level fusion improves multi-class discrimination. Under stratified 5-

fold cross-validation, Local Mean Decomposition–based descriptors outperformed Empirical Mode 

Decomposition–based descriptors in most settings, while the proposed fusion strategy achieved up 

to 91.9% accuracy in the three-class task. These results support the interest of combining 

complementary adaptive instantaneous-frequency representations for automated EMG-based 

neuromuscular disorder classification. 
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Abstract — This work presents a multimodal biometric authentication framework that integrates 

major and minor Finger Knuckle Pattern (FKP) traits improving recognition accuracy and robustness. 

The system mitigates common limitations of unimodal approaches, such as sensor noise and limited 

discriminative capability. A region-of-interest extraction stage localizes the knuckle areas, followed 

by independent feature extraction using the Binarized Statistical Image Features (BSIF) descriptor. 

Matching is carried out using a multi-layer Deep Rule-Based (DRB) classifier, and score-level fusion 

is applied using minimum, summation, and weighted summation rules. Experiments conducted on 

the PolyU FKP dataset demonstrate strong performance, achieving a low Equal Error Rate of 0.1% 

and a high Rank-1 recognition accuracy of 99.50%, outperforming existing methods. 
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Abstract — In recent years, Large Language Models (LLMs) have shown impressive capabilities in 

various natural language processing tasks. However, their deployment in educational guidance 

systems remains underexplored. This study investigates the adaptation of the LLM—Mistral 7B—for 

the purpose of academic orientation. We propose a twofold approach: (1) a fine-tuning process using 

the Low-Rank Adaptation (LoRA) technique to align the model with a specialized corpus of student 

profiles and guidance scenarios, and (2) the integration of a Retrieval-Augmented Generation (RAG) 

pipeline to enhance the model’s responses with external, context-specific knowledge. Our 

experimental results, assessed through both automatic metrics (Perplexity, BERTScore) and human 

evaluation, show a significant improvement in the relevance, contextualization, and accuracy of the 

generated recommendations. This hybrid system offers a promising direction for intelligent, scalable, 

and personalized decision support in the field of academic guidance. 
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Abstract — Recent advances in speech synthesis technologies have enabled the generation of 

highly realistic audio deepfakes, posing a serious threat to the reliability of automatic speaker 

verification (ASV) and related speech-based systems. As a result, developing robust speech anti-

spoofing methods that generalize under mismatched and unseen conditions has become a critical 

challenge. The recent release of the ASVspoof 5 benchmark further emphasizes this issue by 

introducing a large-scale and diverse evaluation framework characterized by pronounced mismatch 

between training and evaluation conditions. While existing approaches mainly address this challenge 

through architectural design, data augmentation, or ensemble-based fusion, the use of generative 

probabilistic normalization at the embedding level remains largely unexplored. In this work, we 

investigate Gaussian Mixture Deep Normalizing Flows (GMDNF) as a generative probabilistic 

normalization framework for standalone deepfake detection. Countermeasure embeddings extracted 

from lightweight SpineNet-based representations are regularized to enforce Gaussianity in a learned 

latent space. Linear Discriminant Analysis (LDA) is then applied to emphasize discriminative 

directions prior to scoring with Probabilistic Linear Discriminant Analysis (PLDA). Experimental 

results demonstrate that the proposed approach significantly improves generalization under severe 

domain mismatch, achieving state-of-the-art performance among comparable standalone systems. 

An ablation analysis further confirms the complementary roles of generative normalization, LDA 

projection, and probabilistic scoring. 
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