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This document outlines the development plan for an AI-powered voice agent designed to handle customer inquiries about Saudi Arabian labor law. The core idea is straightforward: replace the rigid, menu-driven IVR systems that government call centers currently rely on with a conversational AI agent that people can simply talk to, in Arabic, through a web browser.
At its heart, the system brings together three technical components. First, an Automatic Speech Recognition (ASR) module takes the caller’s spoken Arabic and converts it to text. Second, a Retrieval-Augmented Generation (RAG) pipeline looks up the most relevant sections of labor law and feeds them to a language model, which then crafts an accurate, context-grounded answer. Third, a Text-to-Speech (TTS) engine reads that answer back in natural-sounding Arabic.
A deliberate design decision here is that every component in this stack is open-source and self-hosted. There is no reliance on commercial cloud APIs. This matters for two reasons: it gives us complete control over data privacy and system behavior, and it satisfies the academic requirements of a master’s thesis, where being able to inspect, explain, and reproduce the full technical pipeline is essential.


[bookmark: _Toc222860601]2. Problem Statement

Government call centers that field labor law questions deal with a familiar set of problems. Call volumes are high, waiting times are long, and a large share of the questions are repetitive—things like end-of-service benefit calculations, contract termination rules, and leave entitlements. Human agents answer the same questions dozens of times a day, and the quality of those answers varies from one agent to the next.
Meanwhile, the existing automated option—traditional IVR systems—asks callers to navigate numeric menus (“Press 1 for contract inquiries, press 2 for...”). Most people find this frustrating, especially when their question does not fit neatly into a predefined category. On top of that, these systems are only available during business hours, leaving callers without support in the evenings and on weekends.
This project tackles these problems head-on by building a voice agent that understands spoken Arabic questions and returns accurate, consistent answers grounded in the Saudi Labor Law—available around the clock through a web interface.
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The project has six primary objectives:
1. Build a complete, end-to-end voice agent pipeline—from speech recognition through language understanding to speech synthesis—using exclusively open-source tools.
1. Create a structured knowledge base from the Saudi Labor Law (Nizam Al-Amal) and its associated regulations, organized by topic for efficient retrieval.
1. Implement a Retrieval-Augmented Generation (RAG) system that retrieves the right legal context and generates accurate, grounded answers rather than hallucinating.
1. Develop a web-based interface that lets users interact with the agent by voice in real time, with a simple, call-like experience.
1. Evaluate the system rigorously using quantitative metrics (word error rate, retrieval precision, latency) alongside qualitative user feedback.
1. Demonstrate that open-source AI components can deliver practical, production-grade performance for Arabic-language voice applications—without relying on proprietary services.


[bookmark: _Toc222860603]4. System Architecture

The system follows a modular pipeline architecture, with each component handling a specific stage of the voice interaction. All components communicate through a central backend server using WebSocket connections, which enables real-time audio streaming with minimal delay.
[bookmark: _Toc222860604]Processing Flow
Here is what happens when a user asks a question:
1. The user opens the web application and speaks into their microphone.
1. Audio is streamed in real time over a WebSocket connection to the backend server.
1. The ASR module (Whisper) transcribes the Arabic speech into text.
1. The transcribed query enters the RAG pipeline: relevant sections of the labor law are retrieved from a vector database, then packaged together with the query and sent to the language model.
1. The language model generates a response grounded in the retrieved legal context.
1. The TTS module converts the response text into natural-sounding Arabic speech audio.
1. The audio response is streamed back to the browser and played to the user.
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The architecture diagram below illustrates how these components connect. The browser captures audio and sends it to the FastAPI backend, which orchestrates calls to Whisper (ASR), the RAG pipeline (FAISS vector database + LLM), and the TTS engine (Coqui or Piper). The response audio flows back to the browser over the same WebSocket connection.
	Browser: Microphone + User Interface


↓  WebSocket (real-time audio stream)  ↓
	FastAPI Backend Server



	Whisper ASR
Speech-to-Text
	RAG Pipeline
FAISS + LLM
	TTS Engine
Coqui / Piper



	Vector Database
Labor Law Embeddings (FAISS / ChromaDB)
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[bookmark: _Toc222860607]5.1 Phase 1: Data Collection and Preparation
Objective: Collect, clean, and structure the Saudi Labor Law and related regulatory documents into a knowledge base that the RAG pipeline can work with effectively.
The starting point is obtaining the full text of the Saudi Labor Law (Nizam Al-Amal) along with its executive regulations. Beyond the law itself, we also need supplementary materials: FAQs published by the Ministry of Human Resources and Social Development (HRSD), official circulars, and any amendments that have been issued since the law’s last major revision.
Most of these documents exist as PDFs, so the first technical task is extracting clean text from them using Python libraries like PyPDF2 and pdfplumber. Arabic text extraction from PDFs is notoriously tricky—right-to-left text, ligatures, and inconsistent Unicode encoding all need careful handling. Once extracted, the text goes through normalization (standardizing characters, removing artifacts) and is then segmented into logical topics: employment contracts, wages, working hours, leave entitlements, termination procedures, end-of-service benefits, Saudization (Nitaqat), and so on.
Finally, we create a set of question-answer pairs for testing and evaluation. These will serve as ground truth when measuring how well the system performs later.
Tools: Python, pandas, PyPDF2, pdfplumber
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Objective: Build the Retrieval-Augmented Generation (RAG) pipeline—the system’s brain—so it can retrieve relevant legal information and generate accurate answers to user queries.
Why RAG Instead of Fine-Tuning: Fine-tuning a large language model on Saudi labor law would be expensive, time-consuming, and would make the knowledge difficult to update. RAG takes a different approach: it keeps the law text in a searchable vector database and retrieves the relevant passages at query time, then hands them to a general-purpose language model as context. This means the knowledge base can be updated simply by re-indexing new documents—no retraining required.
The law sections are converted into vector embeddings using a multilingual sentence-transformer model (such as multilingual-e5 or an Arabic-specific model). These embeddings are stored in a local vector database—either FAISS for raw speed or ChromaDB for a more feature-rich developer experience.
On the generation side, a self-hosted large language model (Llama 3 or Mistral) is set up using Ollama or vLLM. The RAG pipeline then ties everything together: when a query comes in, it gets embedded, the most similar law sections are retrieved via vector similarity search, and those sections are passed alongside the original question to the LLM, which generates a response grounded in the actual legal text.

	Component
	Tool
	Purpose

	Text Embeddings
	sentence-transformers
	Convert law text into vector representations

	Vector Database
	FAISS or ChromaDB
	Store and search document embeddings efficiently

	Language Model
	Llama 3 / Mistral (via Ollama)
	Generate natural language answers from context

	Pipeline Orchestration
	LangChain or custom Python
	Connect retrieval and generation stages
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Objective: Integrate the speech-to-text and text-to-speech modules that make voice-based interaction possible.
Automatic Speech Recognition (ASR): The ASR module is responsible for converting the user’s spoken Arabic into text. OpenAI’s Whisper model is the clear choice here—it’s open-source, runs locally, and has demonstrated strong performance on Arabic. For production, we use faster-whisper, an optimized implementation that delivers the same accuracy with significantly lower latency and memory usage.
Text-to-Speech (TTS): The TTS module takes the generated text response and reads it back in natural-sounding Arabic. Two strong open-source options are Coqui TTS and Piper TTS, both of which support Arabic voices. The choice between them will come down to voice quality and inference speed during testing.
Latency Optimization: A key design goal is minimizing the time between the user finishing their question and hearing the response. Following approaches described in recent literature on low-latency voice agents, the system uses streaming between stages: the ASR output is fed to the NLU pipeline incrementally rather than waiting for complete transcription, and TTS begins generating audio before the full response text is finished. This overlap between stages significantly reduces perceived response delay.

[bookmark: _Toc222860610]5.4 Phase 4: Web Application Development
Objective: Build the web-based user interface and backend server that tie all the system components together into a usable product.
Backend: The backend is built with FastAPI, a modern Python framework well-suited for high-performance async applications. It exposes WebSocket endpoints for real-time bidirectional audio streaming and orchestrates the flow between ASR, RAG, and TTS modules. The choice of FastAPI over alternatives like Flask or Django is driven by its native async support and built-in WebSocket handling.
Frontend: The user interface is built with React.js and designed to feel like a simple phone call rather than a complex web application. The user sees a microphone button, status indicators (listening, processing, responding), and a real-time transcript of the conversation. Audio capture uses the Web Audio API and MediaRecorder API, which are natively supported in all modern browsers.



	Layer
	Tool
	Purpose

	Backend
	FastAPI (Python)
	API server and WebSocket handling

	Frontend
	React.js
	User interface

	Real-time Communication
	WebSocket
	Bidirectional audio streaming

	Audio Capture
	Web Audio API
	Browser-based microphone access
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Objective: Connect all components into a single, working system and test it thoroughly.
Integration is where theory meets reality. Each component may work well in isolation, but the end-to-end pipeline introduces new challenges: audio encoding mismatches between browser and server, latency accumulation across stages, error propagation when ASR produces imperfect transcriptions, and so on.
Testing happens at multiple levels. Unit tests verify individual components (does Whisper transcribe this audio sample correctly? does the RAG pipeline return relevant law sections for this query?). Integration tests verify the full pipeline from voice input to voice output. We also test with a variety of Arabic dialects and speaking styles to understand where the system’s robustness boundaries lie.
A major focus during this phase is identifying and resolving latency bottlenecks. Each processing stage is instrumented with timestamp logging so we can see exactly where time is being spent and target optimizations accordingly.
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Objective: Measure how well the system actually performs, using both hard numbers and real user feedback.
The system is evaluated along five dimensions, each targeting a different aspect of performance:

	Metric
	What It Measures
	How We Measure It

	Word Error Rate (WER)
	Accuracy of speech-to-text transcription
	jiwer Python library against reference transcripts

	Retrieval Precision
	Whether retrieved law sections are relevant to the query
	Manual annotation combined with the RAGAS evaluation framework

	Response Accuracy
	Correctness and completeness of generated answers
	Human evaluation by domain experts in Saudi labor law

	End-to-End Latency
	Total time from user stops speaking to hearing the response
	Timestamp logging at each pipeline stage

	User Satisfaction
	Overall experience from the user’s perspective
	System Usability Scale (SUS) questionnaire and Mean Opinion Score (MOS)
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Every technology used in this project is open source and self-hosted. This is not just an academic constraint—it reflects a practical design philosophy. Self-hosting means complete control over data privacy (no user audio or queries leave the server), full transparency into how each component works, and the ability for other researchers or developers to reproduce the system without licensing barriers.

	Layer
	Technology
	License
	Role

	Programming Language
	Python 3.11+
	PSF
	Primary development language

	ASR (Speech-to-Text)
	Whisper / faster-whisper
	MIT
	Arabic speech transcription

	Language Model
	Llama 3 / Mistral
	Open-source
	Answer generation from retrieved context

	Text Embeddings
	sentence-transformers
	Apache 2.0
	Document vectorization for retrieval

	Vector Database
	FAISS or ChromaDB
	MIT / Apache
	Embedding storage and similarity search

	TTS (Text-to-Speech)
	Coqui TTS / Piper
	MPL / MIT
	Arabic speech synthesis

	Backend Framework
	FastAPI
	MIT
	API server and WebSocket handling

	Frontend Framework
	React.js
	MIT
	Web user interface

	Real-time Protocol
	WebSocket
	—
	Bidirectional audio streaming
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The table below breaks down the project into phases with estimated durations. Note that thesis writing runs in parallel throughout—each phase is documented as it is completed, rather than leaving all writing to the end.

	Phase
	Description
	Duration
	Deliverable

	Phase 1
	Data collection and preparation
	2–3 weeks
	Structured labor law knowledge base

	Phase 2
	NLU and RAG pipeline development
	3–4 weeks
	Working text-based Q&A system

	Phase 3
	ASR and TTS integration
	2–3 weeks
	Voice input/output pipeline

	Phase 4
	Web application development
	3–4 weeks
	Full web-based prototype

	Phase 5
	Integration and testing
	2–3 weeks
	Tested end-to-end system

	Phase 6
	Evaluation and metrics
	2–3 weeks
	Performance report and user study

	Ongoing
	Thesis writing and documentation
	Throughout
	Thesis document



Estimated total development time: 14–20 weeks
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By the end of this project, we expect to deliver the following:
1. A fully functional web-based AI voice agent capable of answering Saudi labor law questions in Arabic, accessible through any modern browser.
1. A structured, reusable knowledge base derived from the Saudi Labor Law and its associated regulations, organized for efficient vector-based retrieval.
1. Concrete evidence that a complete voice AI pipeline—from speech recognition through language understanding to speech synthesis—can be built and deployed using only open-source, self-hosted components, without relying on commercial cloud services.
1. Quantitative evaluation results across multiple dimensions (word error rate, retrieval precision, response accuracy, end-to-end latency) that provide a clear picture of system performance and its current limitations.
1. Qualitative user feedback from real users demonstrating the system’s practical usability and identifying areas for improvement.
1. A fully documented, reproducible system architecture that can serve as a reference for future development of Arabic-language voice agents in government services and beyond.
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