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Chapter 2 Literature Review

1- Toward Low-Latency End-to-End Voice Agents for Telecommunications Using Streaming ASR, Quantized LLMs, and Real-Time TTS
[1] The authors proposed an end-to-end voice processing pipeline designed to automate customer support in telecommunications and interactive voice response systems. They used a retrieval augmented generation (RAG) framework to retrieve information from RFC documents using Facebook AI Similarity Search (FAISS). The system incorporates a streaming automatic speech recognition (ASR) system based on a conformer transcribe to end (TTE) model to enable real time voice processing. Additionally, the system incorporates a 4-bit-quantized large language model (Telecom Specific Language Model Mini-2B) and a real-time text-to-speech (TTS) system, dubbed Telecom Synthesis. They used a private dataset containing 500 human recorded telecom utterances. Preprocessing involved denoising and sentence level streaming. The result is a real-time voice response with an average latency of 0.94 seconds. They conclude that streaming workflows and quantization are critical to attaining knowledge grounded voice responses.
2- SpeechGPT: Empowering Large Language Models with Intrinsic Cross-Modal Conversational Abilities
[2] The authors proposed SpeechGPT, a large model designed to handle both speech perception and generation within a large language model framework. They used LLaMA-7B as the main architecture and applied Hidden Unit Discovery to convert raw audio into discrete tokens that the model could understand. Experiments were run on the Speech Instruct dataset which contains 800 hours of carefully paired speech and text instructions for better cross modal alignment. They followed a three-stage training process: modality adaptation, then instruction fine-tuning across both text and speech. The model achieved strong results in natural verbal interaction and reasoning while maintaining its original text-based reasoning. Overall, they showed that SpeechGPT delivers low-latency, human-like speech responses across different conversational tasks without losing performance on standard language benchmarks

3- RAGentA: Multi-Agent Retrieval-Augmented Generation for Attributed Question Answering
[3]  The authors proposed RAGentA, a collaborative multi-agent Retrieval-Augmented Generation framework built for attributed question answering to make the answers more trustworthy and grounded. They used a full multi agent RAG system with four specialized agents (Predictor, Judge for filtering, Final-Predictor that adds in-line citations, and Reviser that checks completeness and refines the query if needed) working together iteratively on top of the MAIN-RAG base. The models were Falcon-3-10B powering all agents, plus a hybrid retrieval combining BM25 sparse search and E5 dense embeddings with Pinecone. The dataset was a synthetic benchmark of 500 diverse QA pairs generated from the FineWeb index. Preprocessing involved top-20 hybrid retrieval, adaptive document scoring and filtering with dynamic thresholds, plus query reformulation for missing parts. The output is fluent answers with explicit inline citations and a second stage refinement for full coverage. In the end, they concluded that this approach boosts faithfulness by over 10% and gives noticeably more reliable answers than standard RAG, especially on multi-source questions.
4- Overcoming Data Scarcity in Multi-Dialectal Arabic ASR via Whisper Fine-Tuning
[4] The authors developed a simple, cost-effective solution to the shortage of Arabic dialect speech data for speech recognition. They fine-tuned OpenAI’s Whisper model on five main dialects — Gulf, Levantine, Iraqi, Egyptian, and Maghrebi. This was a pure Automatic Speech Recognition (ASR) study with no retrieval-augmented generation. They mainly used the smaller whisper-small model (244 million parameters) and compared it directly with the much bigger whisper-large-v3. The data came from Mozilla Common Voice for Modern Standard Arabic (about 40 hours) and the Massive Arabic Speech Corpus (MASC), which balanced each dialect to a maximum of 20 hours. Preprocessing was straightforward: they resampled everything to 16 kHz, extracted log-Mel features, applied the Whisper tokenizer with zero-padding, undersampled the over-represented dialects, and removed very long transcripts. The results were impressive, even a little fine-tuning with Modern Standard Arabic made the small model match the giant one while running much faster. In the end the authors concluded that mixing dialect data like this is surprisingly effective and provides a practical, low-cost way to build accurate Arabic speech recognition systems without requiring large datasets.
5- ELYADATA & LIA at NADI 2025: ASR and ADI Subtasks
[5] The authors developed a system for the NADI 2025 competition, focusing on two main goals: Automatic Speech Recognition (ASR) for Arabic dialects and Arabic Dialect Identification (ADI) using voice data. The main goal was to study the complex phonetics of Arabic dialects. This was achieved by fine-tuning existing, pre-trained speech models to recognize both what was said and the specific dialect of the speaker. Their methodology employed a "transfer learning" approach, utilizing the Whisper (large-v3) model as the foundational framework for transcription, with specific encoders such as Wav2Vec 2.0 and HuBERT to extract the requisite acoustic data for dialect categorization. The dataset was the official NADI 2025 corpus, comprising thousands of annotated audio clips that encompass a diverse array of regional languages, including Levantine, Gulf, Egyptian, and Maghrebi. The authors attained remarkably robust outcomes, particularly a substantial decrease in Word Error Rate (WER) for the ASR task, accompanied by elevated F1-scores for dialect detection. Their findings indicate that integrating self-supervised speech representations with dialect-specific fine-tuning is significantly more effective for Arabic than employing conventional, general-purpose speech models.
6- Retrieval-Augmented Generation for Arabic Legal Information: The Family Code Case Study
[6] The authors proposed a specialized Retrieval-Augmented Generation (RAG) framework tailored to interpret the nuances of the Moroccan Family Code (Moudawana). They utilized a sophisticated pipeline involving advanced embedding models and applied a reranking mechanism to ensure the highest relevance of retrieved legal statutes. The team conducted their research using a dedicated dataset of Arabic legal texts and provisions specifically focused on family law and judicial procedures. To optimize performance, various text-segmentation (chunking) strategies were applied to handle the formal and complex structure of legal Arabic. Through this approach, the system achieved a significant reduction in model hallucinations and achieved high evaluation scores for factual consistency and legal accuracy. The authors recorded that integrating domain-specific knowledge retrieval is essential for providing reliable legal guidance to the public while maintaining strict compliance with official legislative documents.
7- CTC-TTS: LLM-based dual-streaming text-to-speech with CTC alignment 
[7] The authors proposed CTC-TTS to address lag issues in real-time AI voices by swapping heavy alignment tools for a leaner CTC and bi-word interleaving approach. For their method, they built two versions of an LLM: one that pushes for top-tier audio quality and another that uses feature stacking to maximize speed. The model's training and evaluation used the LibriTTS multi-speaker dataset. This required specific preprocessing steps, including bi-word interleaving.The results were standout, the system achieved a Real-Time Factor (RTF) of 0.05, making it about 30 times faster than standard models while maintaining very high similarity to human speech. They concluded that CTC-based alignment is the best way to balance high-quality generation with the fast streaming needed for interactive agents.
8- CM-TTS: Enhancing Real-Time Text-to-Speech Synthesis Efficiency through Weighted Samplers and Consistency Models 
[8] The authors proposed a high-efficiency text to speech (TTS) synthesis technique called CM-TTS. This technique aims to speed up TTS synthesis by improving the sampling speed of traditional diffusion models. The core idea behind the proposed technique is to incorporate the Consistency Model (CM) into the conventional TTS synthesis workflow, enabling it to generate high-quality audio in just 1-2 iterations rather than dozens. A Weighted Sampler was also introduced in the proposed technique, which focuses on complex time steps to further enhance the learning process's efficiency while ensuring clarity in vocal sounds. To validate the proposed technique, it was tested on the LJSpeech dataset, which comprises 13,100 short audio samples from a single speaker, and the LibriTTS dataset, which comprises multiple speakers from the experimental results, it was clear that the proposed technique achieved an efficiency of 0.0028 Real-Time Factor (RTF) on an NVIDIA A100 GPU, thereby greatly improving the efficiency of the conventional Different TTS technique while maintaining a high Mean Opinion Score (MOS) for the synthesized audio quality.
9- A Review of Question-Answering Systems Using Deep Learning in the Arabic Language  
[9] The authors reviewed the main transformer models used in Arabic question answering. They focused especially on AraBERT (the Arabic version of BERT) and MARBERT (a model specially trained on dialectal and informal Arabic), which work well for extractive question answering (QA), where the system simply pulls the answer directly from the text. For generating complete natural sounding answers, what we call abstractive QA they discussed ArabicT5. They also looked at multilingual models such as mBERT (the multilingual version of BERT) and XLM-R. they used well-known Arabic benchmarks such as Arabic-SQuAD, ARCD (Arabic Reading Comprehension Dataset), and TyDiQA-Arabic as a dataset. The authors also mentioned that they are currently building their own specialized Fatwa-based dataset for religious questions. In the preprocessing phase, crucial techniques such as morphological segmentation, lemmatization, and clitic separation were emphasized to address the intricate morphology of Arabic and the frequent absence of diacritics.
10- ALARB: An Arabic Legal Argument Reasoning Benchmark
[10] The authors used a specialized benchmark designed to evaluate legal reasoning within the Saudi judicial context. They utilized a diverse range of Large Language Models (LLMs), including AraBERT, to test the system's ability to predict judgments and process legal arguments. They conducted their evaluation using a massive dataset of over 13,000 real-world commercial court cases from Saudi Arabia. By applying advanced reasoning protocols, the study achieved significant performance in legal outcome prediction. They found that fine-tuning models for specific domains is crucial for accurately capturing the linguistic features of real Saudi legal documents.
11- NEBRAS: A RAG-Based Question Answering System for Islamic and Legal Guidance
[11] The author proposed NEBRAS, a new framework designed to deliver trustworthy Islamic and legal guidance. They integrated retrieval-augmented generation (RAG) with Large Language Model (LLM) agents to provide reliable Islamic and legal guidance. The system uses a hybrid retrieval approach, backed by dedicated agents who carefully verify the credibility of any fatwas or legal references it pulls from sources. The author used a custom dataset of question-answering (QA) pairs tailored for legal and religious inquiries. By applying these agentic reasoning layers, the system achieved a BERTScore-F1 of 70.94%, surpassing GPT-4o in maintaining the sanctity and precision of legal information.
12- ChipChat: Low-Latency Cascaded Conversational Agent in MLX 
[12] The authors created ChipChat, an on-device agent for sub-second responses without cloud GPUs. They optimized a cascading pipeline with streaming a mixture of Experts (MoE) for automatic speech recognition (ASR) and state action augmented Large Language Model LLM. It runs on Apple Silicon via the Machine Learning experimental framework (MLX) to handle ASR, dialogue, and text-to-speech (TTS) smoothly with full privacy. The dataset used standard ASR and LLM benchmarks. The system applies streaming optimizations and feature stacking to improve processing efficiency and speed. As a result, it achieves real-time performance on standard consumer hardware, demonstrating that low-latency conversational agents can be practical for everyday use.
13- QU-NLP at QIAS 2025: Two-Phase LLM Fine-Tuning and RAG for Islamic Inheritance Reasoning
[13] The authors proposed a two-phase optimization strategy to address the intricate legal and mathematical intricacies inherent in Islamic inheritance law (Fara'id). This methodology employs retrieval-augmented generation (RAG) and targeted fine-tuning to enhance the model's proficiency in specialized legal reasoning, thereby overcoming the constraints of traditional language processing techniques. Low-Rank Adaptation (LoRA) fine-tuning was applied to the Fanar-1-9B model. As a result, this improvement significantly enhanced the model's ability to perform the complex, step-by-step reasoning required for fair inheritance distribution under Sharia law. The system was tested using a carefully selected Islamic question-answering dataset, designed to demonstrate the subtle principles and mathematical methods underlying Sharia-compliant inheritance decisions. The strategy that combined the two got 85.8% right. The model's confidence improved notably when it generated extensive explanations, mirroring the observed performance gains. The system demonstrated particular proficiency in formulating clear, legally sound interpretations that were consistent with existing legal standards.
14- LLMVoX: Autoregressive Streaming Text-to-Speech Model for Any LLM
[14] The author proposed LLMVoX, a lightweight 30M-parameter, LLM-agnostic, autoregressive streaming Text-to-Speech (TTS) system that generates high-quality speech with low latency while fully preserving the capabilities of the base LLM. This methodology employs an autoregressive streaming architecture with only 30 million parameters, using a multi-queue token streaming system to handle infinite-length dialogues while preventing text-to-speech (TTS) misalignment. By modularizing speech synthesis, the model maintains the fundamental intelligence and linguistic capabilities of the underlying LLM throughout real-time interactions. The system's performance was rigorously assessed using real-time benchmarks and compared to alternative integrated models, with a specific focus on minimizing latency in challenging conversational contexts. Consequently, LLMVOX exhibited a notably reduced Word Error Rate (WER) and enhanced alignment between its textual and auditory outputs. The researchers determined that this decoupled, streaming methodology offers a more scalable and efficient framework for constructing naturalistic, engaging voice agents, all while maintaining the model's intrinsic intelligence.
15- Optimizing RAG Pipelines for Arabic: A Systematic Analysis of Core Components
[15] The authors proposed a detailed empirical investigation into the optimization of Retrieval-Augmented Generation (RAG) components specifically for the Arabic language across six diverse datasets. By using the RAGAS framework they systematically compared various chunking strategies, embedding models, and rerankers to determine their impact on answer faithfulness and relevancy. The results demonstrated that sentence-aware chunking consistently surpassed alternative approaches by maintaining semantic coherence; moreover, BGE-M3 and Multilingual-E5-large proved to be the most efficacious embedding models for Arabic. Furthermore, the incorporation of a reranker substantially enhanced the precision of outcomes within intricate datasets, and the Aya-8B model exhibited superior generation quality compared to other benchmarks. The investigators determined that the judicious selection of component combinations, contingent upon document structure, is critical for constructing high-caliber Arabic RAG systems. This research furnishes a pragmatic framework for developers to address the distinctive morphological and syntactic complexities inherent in the Arabic language within contemporary AI pipelines.
.



	Paper
	Years
	Strong
	Limitations
	Datasets
	The Best models
	Results

	[1]
	2025
	Built a complete real-time voice pipeline with streaming ASR, 4-bit LLM, and instant TTS all grounded by RAG
	Heavy computing is needed when scaling to large networks
	500 real telecom calls recorded by humans
	Conformer TTE + Telecom-Specific Mini-2B LLM + Telecom-Synthesis
	Average latency 0.94 seconds, RTF < 1.0

	[2]
	2025
	Integrates speech + LLM in one unified multimodal system
	High training cost and not optimized for domain-specific Arabic tasks
	SpeechInstruct (~800 hours paired speech-text)
	LLaMA-7B + speech tokenization
	Strong conversational performance with human-like responses

	[3]
	2025
	Built four collaborative agents for filtering, citing, and refining answers
	Standard RAG still hallucinates on complex queries
	500 SFatimaHussamynthetic QA pairs from FineWeb
	Falcon-3-10B + BM25 + E5
	+10.7% faithfulness improvement

	[4]
	2025
	Fine-tuned a small Whisper on mixed Arabic dialects and matched large-model performance at lower cost
	Dialect data remains scarce and unbalanced
	Common Voice (MSA ~40 hours) + MASC (~20 hours per dialect)
	Whisper-small & large-v3
	The small model achieved similar accuracy to the large one

	[5]
	2025
	Fine-tuned Whisper-large-v3 for multi-dialect ASR and developed wav2vec2 classifier for ADI
	Noisy real-world audio requires further improvement
	NADI 2025 (~30.72 hours across 8 dialects)
	Whisper-large-v3 + Wav2Vec 2.0/HuBERT
	WER 38.5% for ASR, CER 14.5% for ADI (top rank)

	[6]
	2025
	Implemented RAG to reduce hallucinations in Arabic legal QA
	Limited to family code domain
	~2,500 custom QA pairs from Arabic Family Code
	Multilingual embeddings + LLM
	BERTScore-F1 70%, 25% fewer hallucinations

	[7]
	2026
	Replaced heavy alignment with CTC and bi-word interleaving for true dual-streaming TTS
	Alignment still requires careful tuning
	Public dataset LibriTTS multi-speaker English speech
	LLM variants + CTC aligner
	Much lower latency and high human-like similarity

	[8]
	2024
	Generated high-quality speech in 1-2 steps using consistency models, skipping teacher-student distillation
	Weighting needs precise tuning
	LJSpeech (single-speaker) + LibriTTS (multi-speaker)
	Consistency Models + Weighted Sampler
	Vastly superior RTF with excellent audio quality

	[9]
	2025
	Provided a comprehensive taxonomy of Arabic QA models and highlighted the need for RAG
	Very few domain-specific Arabic QA datasets available
	Arabic-SQuAD, ARCD, TyDiQA-Arabic + upcoming Fatwa dataset
	AraBERT, MARBERT, ArabicT5
	Clear roadmap and strong emphasis on RAG

	[10]
	2025
	Created the first Saudi legal reasoning benchmark using real court cases
	Lacks voice integration or full RAG
	13,000+ real Saudi commercial court cases
	Various LLMs (e.g., AraBERT)
	strong verdict prediction and reasoning performance

	[11]
	2025
	Developed RAG with LLM agents for Arabic legal/fatwa QA
	Restricted to fatwa/Islamic domain
	Custom fatwa QA pairs
	LLM agents + hybrid retrieval
	BERTScore-F1 70.94%, outperformed GPT-4o

	[12]
	2025
	Achieved sub-second responses fully on device with no cloud GPUs
	Limited to Apple Silicon hardware
	Standard ASR and LLM benchmarks
	MoE ASR + Mixtral LLM via MLX
	Real-time performance with full privacy

	[13]
	2025
	Proposed two-phase RAG with LoRA fine-tuning for Arabic legal reasoning
	Domain-limited to inheritance
	Custom Islamic QA pairs
	Fanar-1-9B + LoRA RAG
	85.8% accuracy

	[14]
	2025
	Introduced lightweight streaming TTS compatible with any LLM and supporting Arabic
	Not yet integrated with domain-specific RAG
	Multilingual Arabic speech datasets
	LLMVoX (30M parameters)
	CER ~8% with very low latency

	[15]
	2025
	Systematically evaluated RAG components for Arabic text
	Not specific focus on the legal domain
	Arabic corpora for RAG testing
	various embeddings (e.g., BGE-m3)
	Improved recall@k and better Arabic morphology handling
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