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Abstract. Video and web conferencing have become essential technologies for 

real-time communication, distance education, remote work, telemedicine, business 

collaboration, and international scientific cooperation. This article examines the 

principles, architecture, protocols, media processing, quality requirements, security 

mechanisms, and practical applications of modern conferencing systems. Particular 

attention is given to Web Real-Time Communication (WebRTC), multimedia 

compression, RTP/RTCP transport, peer-to-peer connectivity, multiparty 

conferencing, screen sharing, and cloud-based collaboration. The article also explains 

the difference between video conferencing and web conferencing and discusses current 

challenges such as bandwidth limitations, latency, packet loss, privacy, authentication, 

and scalability. 
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1. Introduction 
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Video conferencing is a real-time audiovisual communication method that 

enables two or more geographically separated participants to see and hear one another 

through digital networks. Web conferencing extends this concept by integrating audio 

and video with browser-based collaboration functions such as screen sharing, chat, 

presentations, whiteboards, file exchange, polling, and recording. These technologies 

reduce geographical barriers and support synchronous communication in education, 

business, healthcare, government, and research. 

Modern systems rely on cameras, microphones, audio and video codecs, packet-

switched networks, signaling mechanisms, media servers, and user applications. 

Browser-based systems increasingly use WebRTC, an open web standard that supports 

real-time audio, video, and generic data communication without traditional browser 

plug-ins. 

2. Video Conferencing Technology 

A video conference begins when cameras and microphones capture visual and 

acoustic signals. The signals are digitized, compressed by codecs, divided into packets, 

transmitted through an IP network, reconstructed at the receiving endpoint, decoded, 

and presented through displays and speakers. Compression is necessary because 

uncompressed high-resolution video requires very large bandwidth. 

 

Figure 1. Basic processing stages in a video conferencing system. 
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2.1 Audio and Video Codecs 

A codec is a system that encodes and decodes digital media. Video conferencing 

platforms use codecs to reduce the amount of data that must cross a network while 

maintaining acceptable perceptual quality. Common video technologies include 

H.264/AVC, H.265/HEVC, VP8, VP9, and AV1, while speech and audio 

communication frequently use codecs such as Opus. Codec selection affects 

bandwidth, processor load, compatibility, latency, and image quality. 

2.2 Network Quality Requirements 

The user experience depends on bandwidth, latency, jitter, and packet loss. 

Bandwidth determines how much media data can be transported. Latency is the end-

to-end delay between transmission and reception. Jitter is variation in packet arrival 

time, while packet loss occurs when some packets fail to reach the destination. 

Conferencing systems use buffering, congestion control, adaptive bitrate, error 

concealment, and other techniques to preserve intelligibility under changing network 

conditions. 

3. Web Conferencing 

Web conferencing is designed not only for face-to-face audiovisual 

communication but also for collaborative work. Participants can present slides, 

demonstrate software through screen sharing, exchange text messages, annotate 

documents, answer polls, and collaborate on shared materials. This makes web 

conferencing particularly useful for online lessons, webinars, training sessions, project 

meetings, customer support, and distributed teamwork. 
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Figure 2. Typical communication and collaboration functions of web 

conferencing. 

4. WebRTC and Browser-Based Communication 

WebRTC, or Web Real-Time Communication, provides browser and 

application interfaces for capturing media and establishing real-time audio, video, and 

data connections. The W3C defines browser APIs while the IETF specifies important 

supporting protocols. WebRTC can use RTP for real-time media transport, secure 

media mechanisms, and ICE-based connectivity procedures to establish 

communication across NAT devices and firewalls. 

ICE identifies possible communication paths between endpoints. STUN helps a 

device discover its public-facing network information, while TURN can relay traffic 

when a direct connection cannot be established. Signaling is required to exchange 

session information, although WebRTC does not prescribe one universal signaling 

mechanism. 
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Figure 3. Simplified WebRTC connection establishment and media flow. 

5. Point-to-Point and Multiparty Architecture 

A point-to-point conference connects two endpoints and can often transport 

media directly between participants. Multiparty conferences are more demanding 

because many streams must be distributed simultaneously. A Selective Forwarding 

Unit (SFU) can receive media from participants and forward suitable streams to other 

users without fully decoding and recomposing every video frame. Other architectures 

may use media mixing or transcoding servers. Cloud infrastructure makes it possible 

to scale conferences across regions and support large numbers of participants. 

6. Video Conferencing and Web Conferencing: Comparison 

Feature Video 

Conferencing 

Web 

Conferencing 

Importance 

Primary 

purpose 

Real-time 

audiovisual 

meeting 

Online 

meeting plus 

collaboration 

Defines 

system focus 

Typical 

functions 

Camera, 

microphone, 

speaker 

Video, 

audio, chat, screen 

share, files 

Supports 

teamwork 
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Access Dedicated 

app/device or 

browser 

Usually 

browser or 

collaboration app 

Affects 

usability 

Media Mainly 

audio and video 

Audio, video 

and shared digital 

content 

Broadens 

interaction 

Common 

uses 

Meetings, 

consultations 

Webinars, 

lessons, 

presentations 

Application 

choice 

7. Security and Privacy 

Conferencing systems process sensitive audio, video, chat messages, shared 

screens, files, participant identities, and meeting metadata. Security therefore requires 

authentication, authorization, encryption, secure meeting links, access control, 

software updates, and responsible recording policies. WebRTC includes mandatory 

security mechanisms for real-time communication, but overall meeting security also 

depends on application design, server configuration, account protection, and user 

behavior. 

Organizations should protect meeting credentials, restrict unauthorized 

participants, control screen-sharing privileges, apply multi-factor authentication where 

appropriate, and define retention policies for recordings. Confidential meetings may 

require stronger controls for identity verification, data storage, and administrative 

access. 

8. Applications 

In education, conferencing systems enable synchronous online lessons, virtual 

classrooms, guest lectures, language practice, teacher training, and academic 

collaboration. In business, they support remote work, interviews, sales demonstrations, 

project coordination, and international meetings. Healthcare organizations can use 
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secure video communication for teleconsultation, while government and scientific 

institutions use conferencing to coordinate geographically distributed teams. 

9. Advantages and Limitations 

The major advantages are reduced travel, rapid communication, flexible 

participation, access to remote expertise, and the ability to share digital materials 

instantly. Recorded sessions can also support later review. However, effective 

conferencing depends on reliable connectivity, appropriate devices, user digital skills, 

accessibility, and cybersecurity. 

Limitations include unstable networks, audio echo, background noise, low-

resolution video, privacy risks, fatigue during long online meetings, and unequal 

access to high-quality devices and broadband. Technical design should therefore be 

combined with good meeting practices and inclusive access policies. 

10. Emerging Development Trends 

Modern conferencing platforms increasingly incorporate artificial intelligence 

for noise suppression, background segmentation, automatic captions, transcription, 

translation, meeting summaries, speaker tracking, and content search. Future systems 

are expected to improve immersive collaboration through spatial audio, extended 

reality, intelligent cameras, and more efficient media processing. At the same time, 

privacy-preserving AI and stronger security controls will become increasingly 

important. 

Web standards continue to evolve to improve browser-based real-time 

communication, media processing, interoperability, and end-to-end security. The 

combination of cloud computing, edge infrastructure, faster mobile networks, and 

advanced codecs will continue to reduce barriers to high-quality conferencing. 

11. Conclusion 
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Video and web conferencing are central components of contemporary digital 

communication. Video conferencing focuses on real-time audiovisual interaction, 

whereas web conferencing combines communication with collaborative functions such 

as screen sharing, chat, documents, and presentations. WebRTC and related Internet 

protocols have made secure browser-based communication widely practical. 

Continued progress in codecs, network infrastructure, cloud architecture, artificial 

intelligence, accessibility, and cybersecurity will further improve the quality and 

usefulness of these systems. 
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