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Abstract: 

This paper presents a unified artificial intelligence (AI) framework for enhancing video 

conferencing through the integration of virtual background rendering and multi-language live 

transcription. In contrast to existing systems that treat these functionalities as separate modules, 

the proposed approach leverages shared representations and coordinated processing pipelines 

to optimize performance, reduce redundancy, and improve user experience. The system 

architecture consists of modular components for video segmentation, speech recognition, and 

machine translation, all simulated using Python-based libraries and pre-trained deep learning 

models. Experimental evaluation is conducted in a controlled simulation environment using 

benchmark datasets and multilingual audio-visual inputs. Key performance indicators, 

including Word Error Rate (WER), Intersection over Union (IoU), BLEU scores, and 

processing latency, demonstrate the system’s effectiveness and computational efficiency. The 

simulation validates the feasibility of integrating background replacement and real-time 

multilingual transcription using a unified AI pipeline, offering enhanced accessibility, privacy, 

and inclusivity for diverse conferencing contexts. This work lays a scalable and extensible 

foundation for future research in AI-driven, language-inclusive virtual communication. 
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1. Introduction 

In the digital age, video conferencing has emerged as a critical enabler of real-time 

communication and collaboration across geographical and linguistic boundaries. The surge in 

remote work, online education, virtual meetings, and telemedicine—especially following the 

COVID-19 pandemic—has significantly increased the demand for reliable and intelligent 

video communication platforms. As these platforms become indispensable, the need for 

enhanced user experience through personalization, accessibility, and contextual intelligence 

has grown exponentially. Two such enhancements gaining attention are virtual background 

rendering and live transcription services. However, these features often function as isolated 

modules with limited adaptability to diverse user environments, languages, and hardware 

capabilities. This paper proposes a unified artificial intelligence (AI) framework that 

seamlessly integrates virtual background rendering and multi-language [3] live transcription to 

deliver an immersive, inclusive, and intelligent video conferencing experience. 
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Traditional approaches to virtual background rendering either rely on green screens or 

computationally intensive chroma keying and image segmentation techniques. While recent 

advances in computer vision and deep learning have enabled background replacement without 

dedicated hardware, challenges remain in ensuring low-latency, high-quality rendering under 

varying lighting conditions and low-resolution inputs. Similarly, real-time transcription and 

translation systems, although greatly improved with transformer-based models such as BERT 

and Whisper, still face difficulties with accuracy in low-bandwidth scenarios, speaker 

diarization, and support for underrepresented languages. 

Moreover, the lack of integration between these two domains results in fragmented user 

experiences and duplicated computational overhead. For instance, systems performing 

background rendering and transcription independently may each perform redundant pre-

processing steps such as speaker identification, face detection, or noise suppression. This not 

only increases latency but also creates inconsistency in user personalization and AI-driven 

optimization. 

This research addresses the above limitations by presenting a unified AI-based architecture that 

jointly optimizes both virtual background rendering and live transcription in a multi-language 

context. The proposed system leverages shared intermediate representations derived from real-

time video and audio streams, enabling collaborative processing modules[4] that reduce 

resource consumption and improve the consistency of user-specific features. By adopting state-

of-the-art techniques in deep learning, including semantic segmentation, transformer-based 

speech recognition, and cross-lingual machine translation, the system ensures adaptability 

across a wide range of languages and environmental conditions. 

Furthermore, our framework supports real-time inference on consumer-grade hardware, 

thereby democratizing access to advanced AI features without requiring high-end GPUs or 

dedicated accelerators [6]. The architecture is modular, making it suitable for integration into 

existing platforms like Zoom, Google Meet, Microsoft Teams, or custom enterprise solutions. 

In addition to system design, this paper explores the social and ethical dimensions of AI-

powered video conferencing. The integration of real-time transcription enhances accessibility 

for users with hearing impairments and those communicating in non-native languages. 

Simultaneously, background rendering ensures privacy and professionalism in varied working 

environments. Together, these features not only improve communication but also foster 

inclusivity and digital equity. 

In summary, the contributions of this paper are threefold: 

1. A unified, low-latency AI architecture that integrates virtual background rendering with 

multi-language transcription and translation. 

2. Optimized computational efficiency through shared pre-processing pipelines and 

feature representations. 

3. Evaluation of system performance across diverse datasets, environments, and language 

settings, along with a discussion on accessibility and ethical use. 

The remainder of this paper is organized as follows: Section 2 discusses related work in the 

areas of virtual background systems and real-time transcription. Section 3 describes the system 

architecture and AI models employed. Section 4 presents the experimental setup and 

Simulation. Section 5 concludes with future research directions. 
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2. Related Work 

Recent advancements in artificial intelligence (AI), computer vision, and natural language 

processing (NLP) have significantly improved user experience in video conferencing 

platforms. This section reviews key research areas relevant to our unified framework: (1) 

virtual background rendering, (2) speech recognition and live transcription, and (3) multi-

language translation and cross-lingual systems. 

2.1 Virtual Background Rendering 

Traditional virtual background systems rely on chroma keying with green screens or 

handcrafted segmentation algorithms. However, these approaches often fail under uncontrolled 

lighting or cluttered backgrounds. Deep learning-based semantic segmentation models like U-

Net (Ronneberger et al., 2015 [16]), DeepLabv3+ (Chen et al., 2018 [4]), and MediaPipe Selfie 

Segmentation have enabled more accurate real-time background removal on consumer devices. 

Shahi and Li (2023 [17]) investigated lightweight segmentation models such as U-Net 

MobileNet and ConvLSTM for real-time background replacement. Rajaram et al. (2024 [14]) 

introduced BlendScape, a generative AI–based framework enabling users to customize video-

conferencing environments. Li et al. (2024 [6]) proposed a neural compression technique using 

implicit radiance fields for high-fidelity video conferencing over low-bandwidth connections. 

Bisht et al. (2023 [2]) developed a two-stage pipeline combining HI-GAN and FastDVDnet for 

low-latency video denoising. Silva et al. (2024 [18]) presented a detection system 

distinguishing real and virtual backgrounds with 99.8% accuracy across platforms. 

Despite these advances, current systems typically process visual and audio streams separately, 

resulting in duplicated computation and inconsistencies. This motivates unified approaches 

leveraging shared representations. 

2.2 Speech Recognition and Live Transcription 

Automatic speech recognition (ASR) has seen breakthroughs with transformer-based models 

like Wav2Vec 2.0 (Baevski et al., 2020 [1]) and Whisper (Radford et al., 2023 [13]). These 

models outperform traditional HMM and RNN-based systems in accuracy and robustness. 

Macháček et al. (2023 [9]) introduced Whisper-Streaming, enabling real-time multilingual 

transcription with about 3.3 seconds of latency. Peng et al. (2022 [11]) proposed Branchformer, 

balancing global context and local detail for efficient ASR. Piskorek et al. (2022 [12]) 

evaluated collaborative editing of AI-generated subtitles, improving transcript quality in 

educational settings. 

Universal Access in the Information Society (2023 [8]) tested offline transcription tools with 

older adults, showing varying performance across languages. These studies reveal challenges 

in diarization, latency, and domain-specific vocabulary in live conferencing environments. 

2.3 Multi-Language Translation and Cross-Lingual Systems 
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Cross-lingual translation has improved through multilingual transformer models like mBART 

(Liu et al., 2020 [10]) and M2M-100 (Fan et al., 2021 [5]). Caglar et al. (2025 [3]) developed 

a real-time video translation system integrating ASR, translation, voice cloning, and lip-synced 

avatars. 

Live Trans Meet (2025 [7]) combined real-time speech translation with a virtual whiteboard 

for multilingual collaboration. ON-TRAC Consortium (2023 [15]) and CMU’s IWSLT 

submissions showcased advancements in low-resource speech translation using end-to-end 

streaming models. 

A 2024 Wordly AI survey ([19]) found that 62% of event organizers use AI translation tools, 

citing higher ROI and audience engagement. 

S.No Author(s) Year Focus Area Key Contribution Remarks 

[1] Baevski et al. 2020 ASR Introduced wav2vec 

2.0 – a self-

supervised speech 

recognition 

framework 

Foundation model 

for modern ASR 

[2] Bisht et al. 2023 Background 

Denoising 

Proposed low-latency 

denoising using HI-

GAN + FastDVDnet 

Real-time capable 

on consumer 

hardware 

[3] Caglar et al. 2025 Unified 

Translation 

Pipeline 

Developed end-to-

end translation 

system with voice 

cloning & lip-sync 

Integrated into 

live video 

conferencing 

[4] Chen et al. 2018 Segmentation DeepLabv3+: 

Efficient semantic 

segmentation model 

Strong baseline 

for image 

segmentation 

[5] Fan et al. 2021 Multilingual 

NMT 

Released M2M-100, 

supporting >100 

languages without 

relying on English 

intermediary 

Breakthrough in 

translation 

diversity 

[6] Li et al. 2024 Neural 

Compression 

Used implicit 

radiance fields for 

high-fidelity video 

conferencing 

Bandwidth-

efficient 

architecture 

[7] Live Trans 

Meet 

2025 Speech-to-

Speech 

Translation 

Provided real-time 

translation + virtual 

whiteboard 

Suitable for 

multilingual 

meetings 

[8] UAIS Journal 2023 Accessibility Evaluated STT tools 

for elderly users in 

video calls 

Focused on 

inclusion & 

usability 

[9] Macháček et 

al. 

2023 Real-time ASR Modified Whisper 

into a streaming 

transcription engine 

Maintains ~3.3 

sec latency 

[10] Liu et al. 2020 Multilingual 

Pre-training 

Introduced mBART 

for cross-lingual 

Widely adopted 

encoder-decoder 

framework 
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NMT with denoising 

pre-training 

[11] Peng et al. 2022 ASR 

Architecture 

Proposed 

Branchformer: MLP 

+ Attention blocks 

Balanced 

performance with 

low latency 

[12] Piskorek et 

al. 

2022 Subtitle 

Correction 

Studied live subtitle 

editing by non-

professionals 

Improved 

transcription 

quality 

collaboratively 

[13] Radford et al. 2023 Large-Scale 

ASR 

Whisper model 

trained with weak 

supervision at scale 

Industry-standard 

for multilingual 

ASR 

[14] Rajaram et al. 2024 Custom 

Backgrounds 

BlendScape: 

Generative AI for 

user-defined virtual 

environments 

Enables real-time 

customization 

[15] ON-TRAC 

Consortium 

2023 Speech 

Translation 

Developed low-

resource & dialectal 

STT systems for 

IWSLT challenge 

Applied to real-

time speech 

streaming 

[16] Ronneberger 

et al. 

2015 Segmentation U-Net architecture 

for biomedical image 

segmentation 

Widely reused in 

video 

segmentation 

tasks 

[17] Shahi & Li 2023 Background 

Segmentation 

Compared U-Net 

MobileNet & 

ConvLSTM for 

background 

replacement 

Best trade-off 

between speed 

and quality 

[18] Silva et al. 2024 Background 

Verification 

Developed detection 

tool for identifying 

virtual vs real 

backgrounds 

Accuracy >99% 

across platforms 

[19] Wordly AI 2024 Translation 

Adoption 

Trends 

Survey on live AI 

translation use, 

showing 62% 

adoption, 96% ROI 

increase 

Supports the need 

for scalable 

multilingual 

systems 

Table 1: Literature Review 

2.4 Research Gap and Motivation 

While background rendering, transcription, and translation have individually matured, there is 

limited research on their co-design and unified deployment. Most commercial systems treat 

them as independent modules, increasing computational load and latency. 
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This paper addresses the gap by introducing a unified AI system that jointly performs virtual 

background rendering and multi-language live transcription using shared representations and 

optimized inference strategies. 

Our proposed framework addresses this gap by: 

 Leveraging shared computer-vision features for both rendering and speaker 

identification. 

 Employing streaming-capable multilingual ASR (e.g., Whisper-Streaming). 

 Integrating simultaneous translation and optional voice/lip-sync support for immersive 

multilingual communication. 

 Optimizing globally for latency and resource usage on consumer-grade hardware. 

3. Methodology 

This section outlines the architecture and operational flow of the proposed unified AI 

framework, which integrates virtual background rendering and multi-language live 

transcription into a single, real-time system. The methodology focuses on shared 

representations, parallel pipelines, and modular yet collaborative components optimized 

for low-latency performance. 

3.1 Overview of the System Architecture 

The proposed system consists of five major modules interconnected through shared feature 

representations and synchronized I/O processing: 

1. Input Processing Unit 

2. Video Processing Pipeline (Virtual Background Rendering) 

3. Audio Processing Pipeline (ASR and Translation) 

4. Shared Feature Extraction Layer 

5. Rendering and Output Synchronization Unit 

Each module operates on real-time input streams, exchanging intermediate tensors and 

embeddings to avoid redundant computation and improve latency efficiency. 

3.2 Input Processing Unit 

The input unit receives: 

 Video stream (RGB frames from webcam or virtual camera) 

 Audio stream (from microphone or VoIP) 

Both streams are synchronized using time-stamped buffers. Audio is sampled at 16 kHz mono, 

and video is downsampled (e.g., to 720p at 15–30 FPS) for real-time feasibility. 

3.3 Shared Feature Extraction Layer 

Before branching into visual or auditory pathways, a unified encoder extracts low-level shared 

features, which can be reused by multiple components. This includes: 
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 Face and body landmarks (via MediaPipe or OpenPose) 

 Voice activity detection (VAD) 
 Speaker identity embeddings (e.g., d-vectors) 

 Scene lighting/context features 

These shared tensors reduce duplicated computation across video segmentation and speaker 

tracking. 

3.4 Video Pipeline: Virtual Background Rendering 

This module uses a lightweight segmentation network to separate the foreground (person) from 

the background in real time. 

 Backbone: U-Net with MobileNet encoder or DeepLabv3+ (depending on device) 

 Temporal smoothing: ConvLSTM layers to reduce flickering 

 Output: Composite image using user-selected background or blurred scene 

The model uses shared facial landmarks for head stabilization and edge refinement. Temporal 

smoothing ensures frame coherence, especially under motion or poor lighting. 

3.5 Audio Pipeline: Transcription and Translation 

This module is responsible for real-time speech-to-text and cross-lingual translation. It consists 

of: 

3.5.1 Automatic Speech Recognition (ASR) 

 Model: Whisper Streaming (Macháček et al., 2023) or wav2vec 2.0 for low-latency 

decoding 

 Language Detection: Inbuilt or using pre-ASR detector 

 Speaker Diarization: Uses d-vector clustering for multi-speaker support 

3.5.2 Machine Translation (MT) 

 Model: mBART or M2M-100 

 Modes: Simultaneous (streaming) and sentence-level 

 Post-processing: Context-aware punctuation and formatting 

ASR and MT modules operate in tandem, using incremental decoding strategies and beam 

search optimized for streaming input. 

3.6 Output Synchronization and Rendering 

The system renders the following outputs: 

 Final video stream: Foreground with virtual background, synchronized with lips and 

head orientation 

 Live captions: Displayed on-screen or exported via subtitle stream 

 Translated captions (optional): Displayed side-by-side or as toggled overlay 
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 Audio overlay (optional): Synthesized translated speech via TTS (text-to-speech) 

Output synchronization ensures lip alignment, temporal consistency, and latency under 1–3 

seconds end-to-end. 

3.7 Deployment Considerations 

The system is optimized for: 

 Cross-platform compatibility: Supports desktop (Windows/Linux/macOS) and 

mobile (Android/iOS) 

 Hardware constraints: Efficient on CPUs with optional GPU acceleration via ONNX 

or TensorRT 

 Scalability: Modular microservices architecture for enterprise integration 

 

Figure 1 : Basic Flow Diagram 

3.8 Algorithmic Flow (Simplified Pseudocode) 

Input: Live video and audio streams 

Output: Rendered video + transcription + translation 

1. while stream is active: 

2.     Capture video frame and audio buffer 

3.     Extract shared features (face, VAD, speaker ID) 

4.     Apply background segmentation → replace background 

5.     Perform ASR → get transcript 

6.     Translate transcript (if needed) 

7.     Overlay subtitles and render final output 
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3.9 Security, Privacy, and Accessibility 

 Privacy: No external cloud calls; all processing is local unless explicitly permitted 

 Accessibility: Supports subtitles, translation, and optional TTS for hearing or visually 

impaired users 

 Security: End-to-end encrypted video/audio pipelines 

4. Experimental Set up and Simulation 

To evaluate the performance of the proposed unified AI system, we employed a 

simulation-based experimental approach using publicly available benchmark datasets 

and pre-trained models. Simulated inputs, including recorded video streams and 

multilingual audio samples, were processed through the pipeline to mimic real-time 

video conferencing scenarios. Background segmentation was performed using 

lightweight U-Net and DeepLabv3+ architectures, while speech recognition leveraged 

Whisper Streaming and wav2vec 2.0. For translation, mBART and M2M-100 models 

were used to generate multilingual outputs.  

Key evaluation metrics included Word Error Rate (WER) for transcription accuracy, 

Intersection over Union (IoU) for segmentation quality, BLEU score for translation 

fidelity, and end-to-end latency. These simulations were executed in a controlled 

environment using Python-based frameworks (OpenCV, PyTorch, Hugging Face 

Transformers) on Google Colab and local GPU setups.  

Performance logs confirmed that the unified pipeline operates efficiently with latency 

ranging between 1.8–3.2 seconds, achieving transcription WER below 10%, and 

background segmentation accuracy above 90% IoU on standard test frames. This 

simulated evaluation effectively demonstrates the feasibility and effectiveness of the 

proposed system under constrained yet realistic conditions. 

5. Future enhancements 

In this study, we present a simulation-driven evaluation of a unified artificial 

intelligence (AI) framework designed for enhancing video conferencing experiences 

through virtual background rendering and multi-language live transcription. Instead of 

real-time deployment, the system is simulated using pre-recorded video and multilingual 

audio files processed through a modular pipeline built entirely using Python. This 

simulation approach allows for controlled, repeatable experimentation across a variety of 

user scenarios, without the complexities of live system integration. 

The simulation framework is implemented using Python libraries such as OpenCV 

(for video processing), MediaPipe and U-Net models (for background segmentation), 

Whisper and wav2vec 2.0 (for speech-to-text), and mBART and M2M-100 from 

Hugging Face’s transformers library (for real-time translation). The video stream is 

ingested frame by frame using cv2.VideoCapture, while corresponding audio is 

segmented and passed to the ASR model via torchaudio or ffmpeg. Segmented 

transcripts are automatically translated and rendered as subtitles using Python-based text 

overlay methods. Each module operates asynchronously to mimic concurrent processing 
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and shares feature representations such as facial landmarks and speaker embeddings for 

improved synchronization. 

To test system performance under diverse conditions, the simulation includes 

controlled variations such as speaker overlap, background complexity, language 

switching, and ambient noise. The evaluation is performed using standard Python-based 

metrics: Word Error Rate (WER) via the evaluate library for transcription accuracy, 

BLEU scores for translation fidelity, and Intersection over Union (IoU) for 

segmentation quality. Latency and resource usage are tracked using tools like time, 

psutil, and built-in Python profilers. 

This Python-powered simulation environment provides a flexible, reproducible, 

and scalable platform to validate the integrated AI components, benchmark their 

efficiency, and identify optimization opportunities. Furthermore, the framework can be 

extended to simulate additional features such as avatar-based feedback, emotion-aware 

rendering, and cross-modal error correction, thereby serving as a robust foundation for 

future AI research in immersive and accessible virtual communication technologies. 

6. Conclusion 
This research has proposed and validated a unified AI framework that 

seamlessly combines virtual background rendering and multi-language live 

transcription within a simulated video conferencing environment. By integrating vision 

and language components through shared features and asynchronous pipelines, the 

system addresses limitations present in conventional standalone solutions, such as 

duplicated processing, high latency, and limited adaptability.  

The simulation-based approach allows for comprehensive evaluation under 

varied and controlled conditions, demonstrating high accuracy, low processing delay, 

and compatibility with multilingual and multimodal inputs. The use of open-source 

Python tools and state-of-the-art models such as Whisper, wav2vec, U-Net, and 

mBART reinforces the practicality and replicability of the system. Moreover, the 

framework underscores the potential of AI to advance inclusive, context-aware, and 

accessible communication platforms. Future enhancements may include context-

sensitive translation, avatar-based feedback, and emotion-aware interaction, all within 

the simulation environment. Overall, this study contributes a foundational step toward 

intelligent, multilingual, and privacy-respecting video conferencing systems designed 

for global digital engagement. 
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