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Abstract— The evolution of online media consumption has 

undergone a paradigm shift with the advent of web-based 

streaming and broadcasting applications. This paper provides 

a comprehensive overview of  cutting-edge projects using 

MERN technologies (MongoDB, Express.js, React.js, 

Node.js), Nginx server, and WebRTC to RTMP Simple 

Realtime Server (SRS). The integration of these technologies 

is aimed at improving the performance, scalability, and real-

time capabilities of  streaming applications. The 

implementation of this project responds to the growing 

demand for seamless and high-quality delivery of multimedia 

content on the Internet. 
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I.  INTRODUCTION 

The rise of web-based streaming and broadcasting has 

changed the way content is distributed and consumed around 

the world. This project aims to leverage the strengths of the 

MERN stack. The MERN stack includes MongoDB as the 

database, Express.js as the server-side framework, React.js as 

the user interface, and server-side runtime. MERN's unique 

benefits, such as flexibility, scalability, and ease of 

development, make it an ideal choice for building 

sophisticated streaming applications. 

To optimize the delivery of multimedia content, this project 

integrates a Nginx server as a reverse proxy server. Nginx's 

efficient handling of concurrent connections and low resource 

utilization complement the real-time requirements of 

streaming applications. Its role in load balancing and static 

content delivery improves overall performance and ensures a 

seamless streaming experience for end users. 

One of the key challenges addressed in this project is the 

conversion from WebRTC (Web Real-Time Communication) 

to RTMP (Real-Time Messaging Protocol). 

While WebRTC allows direct real-time communication 

between web browsers, conversion to RTMP enables 

compatibility with a wider range of devices and streaming 

platforms. Simple Realtime Server (SRS) integration acts as a 

bridge between WebRTC and RTMP, ensuring 

interoperability and expanding the reach of streaming 

applications. 

This paper analyzes the technical complexity of the project, 

including design considerations, architecture, and the specific 

functionality that each component enables. Additionally, it 

addresses important requirements that were carefully 

considered during the development stage, including: Low 

latency, high scalability, and robust security measures. The 

following sections describe the architecture of the MERN 

stack, Nginx's role in optimizing content delivery, and 

implementation details of SRS for seamless WebRTC to 

RTMP conversion. Additionally, it discusses how these 

technical decisions affect the overall performance and user 

experience of his web-based streaming and broadcast 

applications. 

 

II. LITERATURE REVIEW 

This table shows the literature review of work done in this 

field of web streaming and broadcasting and their comparison 

year wise. Every author detail is provided  and comparison is 

shown in tabular format. 

 

 

S.No Author Title Year Technology Advantage Disadvantage 

1 Samira Afzal, 

Vanessa Testoni, 

Christian Esteve 

Rothenberg, 

Prakash Kolan, 

Imed Bouazizi  

A HOLISTIC 

SURVEY OF 

MULTIPATH 

WIRELESS 

VIDEO 

STREAMING 

 

2019 MPRTP,RTR

A, MPLOT 

It gives a deep 

knowledge about packet 

loss, video 

compression, error 

concealment, etc. 

It gives us theoretical 

knowledge about the 

topic. 
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2 A.Nithya,M.Yash

want,  

K.P.Dhivyesh 

Anand, M.Naveen 

Kumar 

A real time 

video 

streaming 

platform for 

device to 

mobile 

networking 

March 

2020 

VSS and SV It improves the system 

transmission capacity 

and saves organize data 

transfer capacity, cost. 

Both technologies 

require a stable internet 

connection with no 

packet loss. 

3 Danny 

IvannoRitonga, 

Tri Danu Satria,  

 

Aqsa Mulya3 

implementatio

n of open 

broadcaster 

software 

studio in music 

performance 

management 

through live 

streaming 

Decemb

er 2021 

OBS STUDIO 

Software 

This research paper 

helps us to understand 

the OBS Studio 

software technology 

It focuses on the use of 

the hardware devices 

over the software. 

4 Jesus Aguilar-

Armijo, 

Christian 

Timmerer, 

Herman hellwa 

 

Segment 

perfetching 

and caching at 

the edge for 

adaptive video 

streaming 

3 March 

2023 

MEC, HTTP, 

HAS, ABR 

algorithm, 

CDN, ML 

They use the serve 

clients directly from an 

edge node, reducing 

latency and 

increasing their QoE. 

wastage of network 

resource 

Increase buffering 

 Time 

this approach requires 

more storage and 

computing power at  

the edge 

5 LujieZhong, 

Mu Wang, 

ChangqiaoXu,Shu

jie Yang 

Optimization 

for adaptive 

video 

streaming on 

edge cache 

assisted 

network 

24 

March 

2023 

HTTP(DASH)

, VR, DDA, 

HDDA 

A heuristic method 

named H-DDA which 

reduces the 

computation 

complexity in 

comparison with DDA, 

while maintaining the 

optimal 

approximation is introd

uced. 

For live streaming 

services, transcoding the 

video content into 

multiple representations 

consumes large 

computation resources. 

6 Joon-Young Jung, 

Jee Won Lee, Eun 

Hee Hyun 

Performance 

analysis 

according to 

segment length 

and buffer 

length of video 

streaming 

7 

August 

2023 

DASH, 

MPEG DASH 

algorithms 

Short segments can 

quickly adapt to 

network changes, and 

long buffer lengths 

ensure a more stable 

display environment. 

Appropriate segment 

lengths must be selected, 

as short segment lengths 

can reduce video 

compression efficiency 

and increase 

transmission overhead. 

7 Yili Jin, Junhua 

Liu 

Fangxin Wang, 

Shugang Cui 

III. EDGE-

ASSISTED 

MULTIUSER 

360° VIDEO 

STREAMING 

 

3 April 

2023 

VR, 

Ebublio, 

CFP, LTO 

It solves the long-term 

optimization problem 

with both   the  

Lyapunov framework 

and dual composition as 

well as     sub 

gradient descent. 

360° video is typically 

provided in the form of 

an equirectangular 

projection (ERP). This 

projection method is 

easy to understand. 

However, the 

distribution of pixels is 

highly unbalanced. 

Pixels around the poles 

are dense, while pixels 

around the 

equator are sparse. 
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III. PROPOSED SYSTEM 

3.1 MERN Stack Integration 

The system's architecture is based on the MERN stack, 

providing comprehensive and flexible foundation for web 

application development. 

MongoDB acts as the persistent data store, Express.js handles 

the server-side logic, React.js manages the UI, and Node.js 

facilitates the server-side runtime environment. 

This stack ensures a modular and scalable structure, making it 

easy to integrate additional features and extensions. 

  
Fig.1 Implementation and working of application. 

 

3.2 WebRTC for Real-Time Communication 

 

 WebRTC is used to enable direct real-time 

communication between clients and facilitate low-

latency video streaming and transmission. 

 This technology facilitates peer-to-peer 

communication, allowing users to share audio, video, 

and data in real-time. 

 WebRTC integration improves the user experience by 

minimizing latency and providing a seamless streaming 

environment. 

3.3 Nginx Server 

 Nginx is used as a high-performance web server and 

reverse proxy to efficiently process client requests. 

 Its ability to manage concurrent connections and 

handle static content delivery makes it an ideal choice 

for streaming applications. 

 Nginx plays an important role in load balancing, 

ensuring optimal resource utilization and improving 

overall system performance. 

3.4 SRS for WebRTC to RTMP Conversion 

 To extend streaming application compatibility, Simple 

Realtime Server (SRS) is integrated to convert 

WebRTC streams to RTMP. 

 SRS acts as a bridge between WebRTC and traditional 

RTMP streaming platforms, allowing users to share 

their content with a wider audience. 

 This conversion process is seamless and transparent for 

users, providing a consistent streaming experience. 

            Requirements 1. Functional Requirements: 

 

User 

Authentication 
 

Content 

Management 

Live Streaming   Broadcasting  Nginx Server Integration 

-Implement 

secure user 

authentication 

systems to 

control access to 

streaming and 

broadcast 

applications. 

-Leverages the   

MERN stack    

(MongoDB, 

Express.js,   

React.js, 

Node.js) for 

seamless 

integration and 

efficient user 

management. 

 

 

- Integrate WebRTC 

for real-time 

communication 

between users. 

- Implement SRS 

(Simple Realtime 

Server) to convert 

WebRTC streams to 

RTMP for better 

compatibility and 

performance. 

-Ensure low-latency 

streaming 

capabilities for a    

seamless user 

experience. 

 

-Integrate WebRTC for 

real-time 

communication 

between users. 

-Implement SRS 

(Simple Realtime 

Server) to convert 

WebRTC streams to 

RTMP for better 

compatibility and 

performance. 

- Ensure low-latency 

streaming capabilities 

for a seamless user 

experience. 

 

- Allows users to 

initiate and manage 

live broadcasts through 

the application. 

- Implement functions 

for scheduling, 

starting, and stopping 

transfers. 

 

- Configure Nginx servers for 

load balancing and scalability. 

-Implement secure HTTPS 

connections with Nginx for 

encrypted data transfer. 

 

 

 



IJRECE VOL. 12 ISSUE 1 JAN-MAR 2024                   ISSN: 2393-9028 (PRINT) | ISSN: 2348-2281 (ONLINE) 

INTERNATIONAL JOURNAL OF RESEARCH IN ELECTRONICS AND COMPUTER ENGINEERING 

 A UNIT OF I2OR  44 | P a g e  

 

 2. Performance Requirements: 

Scalability         Low Latency High Availability 

- Design your application 

architecture to handle a scalable 

number of concurrent users and 

streams. 

- Optimize your server 

configuration, especially Nginx, 

to efficiently distribute incoming 

traffic. 

-Achieve low-latency streaming by 

optimizing the communication 

protocol between WebRTC and 

RTMP. 

- Implement a buffering strategy to 

minimize delays for live 

broadcasts. 

 

-Ensure high availability through redundancy and 

failover mechanisms. 

-Implement backup servers and monitoring systems 

to quickly detect and resolve issues. 

 

3.Security Requirements: 

Data Encryption Access Control: Secure APIs 

-Implement end-to-end encryption 

for user data and streaming 

content. 

–Use HTTPS protocol for secure 

communication 

-Enforce role-based access controls 

to limit unauthorized access to 

sensitive functions and data. 

-Implement secure session 

management to protect user 

sessions from unauthorized access. 

 

- Ensure that the APIs used for communication 

between frontend and backend are secure. 

-Implement token-based authentication for API 

requests. 

 

 

Fig 2.1 Data Security by Encryption 

 

 

IV. COMPATIBILITY REQUIREMENTS: 

It contains the tabular form complete requirement in context to compatibility 

   Cross-Browser Compatibility      Platform Independence 

-Develop responsive front ends that are compatible 

with popular web browsers (Chrome, Firefox, Safari, 

etc.). 

–Test and ensure consistent performance across 

different browsers and devices as in [1]. 

 

Make sure your application is platform-independent and supports 

different operating systems such as Windows, macOS, and Linux. 
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Fig 2.2 Cross browser support 

V. PERFORMANCE AND QUALİTY ANALYSİS 

The success of web-based streaming and broadcasting 

applications is highly dependent on their performance and the 

quality of the streaming experience they provide. This section 

describes the performance metrics and streaming quality 

achieved by applications built with MERN technologies 

(MongoDB, Express.js, React, Node.js), Nginx servers, and 

transformations implemented with SRS (Simple Realtime 

Server). 

 

5.1  Performance Metrics 

5.1.1 Latency Analysis  
One of the most important performance metrics for streaming 

applications is latency. The time it takes for a video image to 

travel from the source to the viewer's screen directly impacts 

the real-time nature of the content. Our implementation 

minimizes latency by using WebRTC for low-latency 

communication and SRS for fast conversion to RTMP.[4] 

 

5.1.2 Throughput and Bandwidth Utilization 
Efficient use of bandwidth is critical to a smooth streaming 

experience. Our application optimizes throughput by using 

Nginx servers to serve content, minimizing buffering and 

maximizing usage of available bandwidth.[5] 

 

5.1.3 Scalability 
Application scalability is evaluated under various loads. 

Through load testing, assess how well your system can handle 

increasing numbers of concurrent users and ensure that 

performance remains stable even during peak usage. 

5.2  Quality Analysis   

5.2.1 Video and Audio Quality 
In streaming applications, video and audio quality are of 

paramount importance. Evaluate resolution, bitrate, and codec 

efficiency to ensure delivered content meets industry standards 

for high-definition streaming.[2] 

 

5.2.2 Adaptive Bitrate Streaming (ABR) 
To improve the user experience, our application integrates 

adaptive bitrate streaming. This feature dynamically adjusts 

the quality of the video stream based on the viewer's network 

conditions, ensuring a continuous and uninterrupted streaming 

experience.[6] 

 

5.2.3 Error Handling and Recovery 
System resilience to errors such as packet loss and network 

fluctuations is critical to maintaining stable streaming 

connections. 

Analyze the error handling mechanisms implemented in your 

application and assess recovery speed to provide a seamless 

streaming experience. 

 

VI. CONCLUSION AND FUTURE WORK 

In culmination, the implementation of our web-based 

streaming and broadcasting application, fortified by the 

MERN stack, Nginx server,and Simple Realtime Server 

(SRS), stands as a testament to technological prowess and a 

strategic response to contemporary streaming challenges. The 

intricacies of this project lie in its meticulous approach to 

addressing technical nuances and meeting the demands of 

real-time content delivery. 

The MERN stack, comprising MongoDB, Express.js, React.js, 

and Node.js, has proven instrumental in constructing a robust 

and scalable web application. The synergy of MongoDB's  

NoSQL architecture, Express.js's server-side capabilities, 

React.js's dynamic UI, and Node.js's event-driven architecture 

has resulted in a well-structured system capable of handling 

the dynamic nature of multimedia streaming. 

a.  

The ability to use the Nginx server as a load balancer and 

reverse proxy has significantly increased the functionality of 

our application. Low latency is guaranteed by Nginx's skillful 

management of multiple connections and effective content 

delivery, which also greatly enhances the overall flawless 

streaming experience. It is a crucial part of our streaming 

architecture due to its versatile nature and strong performance. 

 

One of the primary issues this project addresses is the 

transition from WebRTC to RTMP. This obstacle was 
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successfully overcome by implementing the Simple Realtime 

Server (SRS), which highlights our dedication to providing 

flexible streaming solutions. SRS skillfully spans the gap 

between the RTMP standard and the widely used WebRTC 

protocol, increasing compatibility and guaranteeing a 

consistent streaming experience across many platforms and 

devices. 

 

Future Directions: 

While our current implementation marks a substantial leap 

forward in web-based streaming, we acknowledge the 

potential for further refinement and optimization. Our 

proposed avenues for future work include: 

1. Scalability: Delve into strategies for horizontal scaling, 

including the deployment of multiple application instances and 

the implementation of load balancing techniques. This will 

ensure our platform seamlessly accommodates a burgeoning 

user base and the increasing demand for streaming services. 

2. Security Measures: Strengthen security protocols by 

incorporating secure socket layers (SSL) for data encryption, 

fortifying user authentication mechanisms, and conducting 

regular security audits to identify and address potential 

vulnerabilities. 

3. Content Delivery Network (CDN) Integration: Explore 

the integration of a Content Delivery Network (CDN) to 

optimize content delivery and reduce latency for users across 

different geographical regions. This enhancement will 

contribute to a more efficient and globally responsive 

streaming experience. 

4. Enhanced User Interactivity: Implement features that 

foster heightened user engagement, such as real-time chat, 

audience participation tools, and personalized content 

recommendations. These additions will contribute to a more 

immersive and interactive streaming environment. 

5. Advanced Analytics and Monitoring: Develop 

comprehensive analytics and monitoring tools to glean 

insights into user behavior, stream performance, and system 

health. This data will be invaluable for making informed 

decisions, optimizing content delivery, and proactively 

addressing potential issues. 

 

 

In conclusion, our current project has laid a formidable 

foundation for a web-based streaming and broadcasting 

application. The outlined future directions not only serve as a 

roadmap for refinement but also underscore our commitment 

to staying at the forefront of the dynamic and evolving 

streaming landscape. As technology continues to advance, 

these future enhancements are pivotal in ensuring our project 

remains competitive and relevant in the continually evolving 

streaming industry. This work represents a fusion of 

innovation, adaptability, and technical excellence, positioning 

our application as a leading force in the realm of web-based 

streaming. 
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