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Abstract: Video-conferencing has recently gained its momentum and is widely adopted by end-consumers. Video 

conferencing typically uses one or multiple multipoint control units (MCUs) as the central points for distributing video bit 

streams to all participants in the conferencing session. Such MCU-based solution has limited control on quality of service 

(QoS), which may cause large delay, single-point malfunction and communication bottleneck for entire system. With the 

development of network technology, a video conferencing system can be implemented based on Software-Defined 

Networking (SDN), which makes the service controllable and improves the scalability and flexibility. Additionally, a video 

encoding method called Scalable Video Coding (SVC) can also help. Software Defined Networking (SDN), which 

advocates separating data plane and control plane, making network switches in the data plane simple packet forwarding 

devices and leaving a logically centralized controller to manipulate network behaviors. In this paper, we propose a video 

conferencing architecture based on SDN. 
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I. INTRODUCTION 

Video conferencing has become a valuable tool for many vertical markets, including education, government, 

healthcare, manufacturing and finance, among others. Vendors have designed the technology to meet specific user 

needs from individual desktop systems to completely integrated rooms that truly make users feel “like being there” 

when meeting with distant sites. Video conferencing, coupled with collaboration, allows increasingly dispersed 

organizations to pull their human and information resources together to create new ways of working, interacting, and 

responding to customers and partners [1], [2]. 

With the growth of multinational organizations, the communication requirements between geographically dispersed 

organizational units are getting more importance than ever. The video conferencing systems are playing an 

extremely important role in communicating the decisions and the work progress between the teams and the 

organizational hierarchy of the large companies. As we know Video Conferencing becoming a core component of IT 

infrastructure that enables communication and collaboration. Businesses will be looking to providers of telephony, 

business applications and network infrastructure services to include this capability as part of their offering [3], [4]. 

To set the foundations for future elaboration, at the simplest level, a video conference is an online meeting (or a 

meeting over distance) that takes place between two parties, where each participant can see an image of the other, 

and where both parties are able to speak and listen to the other participants in real time as shown in figure-1. 

 
Fig. 1. Video conferencing 

 

The wide popularity of video conferencing systems does not necessarily translate on the provision of fully satisfying 

user experiences. Technical difficulties, delays, and blurred videos are still commonplace in commercial services 

such as Skype and Google+, Hangouts. Providing well-satisfactory multi-party video conferencing service is 

remarkably challenging, which demands not only high bandwidth but also low latency. 

There are many video calling applications out there, but today we’re going to talk about four of the most used ones. 

Nowadays, phone calls are less popular, while video calls via the internet connections are more and more used. 

Today we’re going to talk about Hangouts, Tango, OoVoo and Skype. 
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Google Hangouts: Google has a lot of applications that aim to attract a lot of people and one of them is Google 

Hangouts. The application allows you to make group video chats with up to 10 participants and the most important 

things – it’s FREE. Google Hangouts is integrated into Google+ and you can also send messages, photos, etc. 

Tango: If you are looking for a simple free video calling application, then Tango is the application for you. The 

application supports video chats, voice calls, instant messaging and allows you to share photos with users inside the 

application. You can also play games, customize the social profile and send music message powered by Spotify. 

Tango allows you to make a group call with up to 50 people and you can register using your first name, email 

address and mobile number. 

ooVoo: If you are a person who spends a lot of time on Facebook and has a lot of friends in there, then ooVoo is the 

application you want to have on your iPhone. Once you link the application to your Facebook account, it will 

automatically add all your Facebook friends to your contact list. Using ooVoo, you will be able to make group video 

chats with up to 12 people. You can also call cell phones or landlines phone numbers, but this is not free and you 

will have to pay for it. 

Skype: Skype is without any doubt one of the most used video and voice calling applications out there. It comes on 

multiple platforms, supporting even smart TVs. When it comes to video chats, they are free, making Skype one of 

the best services out there. With Skype, you will be able to make video and voice calls, send instant messages, 

photos, documents and many more. You can also make group chats for free and it also supports calling outside the 

application but you will have to pay for it. In addition, you will be able to keep in touch with your Skype friends, 

whether they are Windows users, Android users etc. You will be able to use the same Skype account that you use on 

your computer, so this is another great thing. 

 

II. LITERATURE REVIEW 

Yang Xu, Chenguang Yu, Jingjiang Li and Yong Liu [5] designed the Video Telephony for End-consumers for the 

Measurement Study of Google+, iChat, and Skype. In this, presentation on measurement study of three popular 

video telephony systems for end-consumers. Through a series of carefully designed active and passive 

measurements, we were able to unveil important information about their design choices and performances. They 

demonstrated that pure P2P architecture cannot sustain high quality multi party video conferencing services on the 

Internet, and bandwidth rich server infrastructure can be deployed to significantly improve user conferencing 

experiences. 

Xinggong Zhang, YangXu HaoHu, YongLiu, Zongming Guo, and Yao Wang [6], designs the Modeling and 

Analysis of Skype Video Calls Rate Control and Video Quality. In this, they characterized the rate control schemes 

and video quality of Skype video calls. Through extensive measurement, they showed that Skype is robust against 

mild packet losses and propagation delays and can efficiently utilize available network bandwidth. Skype 

significantly reduces both sending rate and video rate when the network losses become severe. 

Yongxiang Zhao, Yong Liu, Changjia Chen and Jianyin Zhang [7] designed the Enabling P2P One View Multiparty 

Video Conferencing. In this, they explore the design space of pure peer-to peer one-view multiparty video 

conferencing. They proposed a P2P relay framework for one-view MPVC. Through analysis, they characterized the 

video rate capacity region of P2P one-view MPVC. They showed capacity of MPVC for both homogeneous system 

and heterogeneous system. They further showed that all the derived lower bounds are tight. They developed peer 

bandwidth allocation algorithms that efficiently utilize peers upload bandwidth to approach the maximal video rate 

region. 

Minghua Chen, Miroslav Ponec, Sudipta Sengupta, Jin Li, and Philip A. Chou designed the Utility Maximization in 

Peer-to-peer Systems With Applications to Video Conferencing [8]. They investigate the multisource multicast 

utility maximization problem in P2P systems. The nature of P2P topologies allows us to tackle difficulties arising in 

the general network case in a surprisingly elegant manner. They show that routing along a linear number of trees per 

source can achieve the same rate region as that obtained through network coding. 

 

III: NETWORK REQUIREMENT 

Video conferencing services, such as iChat [1], Google+ [2], and Skype [3], have been getting increasingly popular 

on Internet, which require high-bandwidth and low-delay video transmission between distributed users’ in order to 

achieve real-time face to face communication, video conferencing the endpoints carry out a significant amount of 

processing in order to reduce the latency of when the video and audio signals are compressed into a data stream and 

then sent across a network. There is however a limit to the endpoints processing capability and can only deal with a 

certain amount of delays across networks, therefore protection is needed for the traffic moving from one endpoint to 

another. 

The following metrics are used to determine a network’s performance. 
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3.1 Latency: 

In video conferencing latency is the coding / decoding delay of the video and audio being compressed / 

decompressed.An acceptable latency using today’s high definition codecs is up to 300 milliseconds. This ensures the 

video and audio data can transfer from endpoint to endpoint through the network and cause little disruption to a 

conference. Reducing the latency is vital to ensuring a true-to-life video communication experience. 

 

3.2 Bandwidth: 

In order to achieve high definition video conferencing many systems require as little as 1mbps dedicated bandwidth 

for a point to point call. Systems hosting a HD multipoint call often require a minimum of 3-4mbps. An acceptable 

video quality can be achieved at as little as 500kbps. 

Dedicating the necessary bandwidth for video conferencing will help reduce the possibility of latency and packet 

loss. Often when a network bandwidth is close to capacity a quality-of-service can be implemented to effectively 

reserve bandwidth for video conferencing traffic. 

In video conferencing we require to transmit the data which includes image, video, audio etc. Bandwidth required 

for this data is shown in Table-1. From this table it is clear that, for this application we require stable large 

Bandwidth. To fulfill this requirement we can Software defined networks 

Table-1-Band-width requirements of different multimedia data 

Types of Multimedia Data Bandwidth 

Usual data 100bps~2kbps 

Image 40 Kbps~150 Kbps 

Voice 4 Kbps~80 Kbps 

Stereo Audio 125 Kbps~700 Kbps 

VCR quality video 1.5 Mbps~4Mbps 

3D medical images 6 Mbps~120 Mbps 

HDTV 110 Mbps~800 Mbps 

Scientific Visualisation 200 Mbps~1000Mbps 

 

3.3. Packet Loss: 

Packet loss is when one or more packets of data traveling across a network are unable to reach their destination. 

Losing packets from compressed data has a greater impact on the quality of the stream and becomes apparent at the 

stage of decompression. 

The network solution for reducing loss of data relies on the Transmission Control Protocol which ensures the 

delivery of traffic between the video conference devices. Unfortunately ensuring reliability using the Transmission 

Control Protocol can result in an increase in latency. When devices communicate there is handshake that occurs to 

ensure all information has been sent and received. This handshake can produce fluctuations in the data signal 

because one device is waiting for confirmation from the other. 

The increase in latency is not suitable for video conferencing. To deliver real-time time traffic over a network the 

User Datagram Protocol is used which allows packets to be sent and received whilst the video conferencing 

hardware carries out the processing work to minimize the impact of lost or delayed packets [7]. 

The delivery of packets in an uncongested network is pretty consistent. However, in a congested network the delay 

between packets can vary. This inter packet delay variation is usually measured in milliseconds with an acceptable 

delay being around 20ms. 

 

IV. SOFTWARE DEFINED NETWORK 

SDN is an approach to computer networking that allows network administrator to manage network services. 

Emerging interests have increased in SDN which allows Internet operator to control and manipulate 

Internet more conveniently and efficiently. Network configuration and installation requires highly skilled personnel 

adept at configuration of many network elements. Where interactions between network nodes (switches, routers, 

etc.) are complex, a more systems-based approach encompassing elements of simulation is required. With the 

current programming interfaces on much of today’s networking equipment, this is difficult to achieve. In addition, 

operational costs involved in provisioning and managing large multivendor networks covering multiple technologies 

have been increasing over recent years, while the predominant trend in revenue for operations has been decreasing. 
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Coupled with increasing scarcity of human resources and increasing costs of real estate, this “perfect storm” for 

service providers is leading to renewed interest in solutions that can unify network management and provisioning 

across multiple domains [5]. 

From these service-focused requirements, SDN has emerged. Control is moved out of the individual network nodes 

and into the separate, centralized controller. SDN implementation opens up a means for new innovation and new 

applications. Dynamic topology control (i.e., adjusting switch usage depending on load and traffic mapping) 

becomes possible with the global network view. This introduces scope for network-wide access control, power 

management, and home networking, for which the network view is not beneficial but absolutely necessary. 

In SDN architecture, the control plane is separate from the data plane, thus enabling physical resources to be pooled 

together and managed by a central SDN controller. The underlying network is automated to enable enterprise users 

to scale their network bandwidth in real time. The ability to provision bandwidth on demand, and pay for just the 

amount of bandwidth consumed, not only reduces network costs, but also offers immense network procurement 

flexibility to enterprise users. 

SDN Based Video Conferencing: This paper focuses on multicast scheme based on new network architecture named 

Software Defined Networking (SDN) which is proposed by Open Networking Foundation (ONF). As a candidate of 

future network, SDN has many typical characteristics. Firstly, network control is decoupled from forwarding and the 

switches only need to forward packets. This simplifies the network devices themselves greatly, since they no longer 

understand and process thousands of protocol standards but merely accept instructions from the SDN controllers. 

Secondly, SDN network is programmed and centralized controlled. Open Flow is the first standard communications 

interface defined between the controls and forwarding layers of SDN architecture. Open Flow switches (OFS) are 

capable of forwarding packets using flow entries defined in the so-called flow tables [8]. 

 

Switch  Router 

Fig.2. SDN based Video Conferencing 
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V. CONCLUSION 

This survey paper discussed the issues related to Video conferencing. The important points that this survey 

highlights are the challenges of video conferencing such as packet loss, bandwidth utilization, high data rate, 

reduced latency, network densification. Software based implementations are better than hardware ones from the 

point of view of maintenance. SDN based video conferencing is best solution to overcome these challenges our 

Proposed system can not only provide a flexible and controllable video delivery, but also reduce the network usage 

while guaranteeing the quality of service (QoS) of video conferencing. 
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