
IJSRD - International Journal for Scientific Research & Development| Vol. 4, Issue 03, 2016 | ISSN (online): 2321-0613 

 

All rights reserved by www.ijsrd.com 1963 

Study of Video Streaming in WiMax using Real Time Routing Protocols 
Neeta Moolani1 Minakshi Halder2 

1P.G. Scholar 2Assistant Professor 
1,2Department of Computer Engineering 

1,2Acropolis Institute of Technology and Research, Indore
Abstract— WiMax (IEEE 802.16) belongs to family of 

wireless communication for broadband wireless access 

(BWA) network with advancement in technology. People 

uses wireless network instead of wire line. Real time 

applications such as online video playing, video 

downloading, watching movie and listening songs etc. video 

streaming is one of the main problem in real time 

applications because data are sent from pre-coded files which 

transmit in a part this problem is known as NP-Complete. 

Routing protocols play an important role in communication 

between nodes. Hence some real time routing protocols are 

used such as PUMA, RTSP, RTP have been considering in 

this paper. A comparative analysis of this routing protocol 

has been presented in this paper for supporting video 

streaming applications. 
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I. INTRODUCTION 

WiMax stand for worldwide interpretability for microwave 

access, it is define in IEEE 802.16 family. WiMax can 

provide wide area coverage and quality of service 

capabilities for applications ranging from real-time delay-

sensitive voice-over-IP (VoIP) to real-time streaming video 

and non-real-time downloads, ensuring that subscribers 

obtain the performance they expect for all types of 

communications [1]. The idea of working in this field 

generated by studying some past research papers. S. 

Sharangi et.al [2] gives the best and suitable area for 

selection of my work. WiMax can help service providers 

meet many of the challenges they face due to increasing 

customer demands without discarding their existing 

infrastructure investments because it has the ability to 

interoperate across various network types [3]. 

A. What is Video Streaming? 

Streaming multimedia allows the user to begin viewing 

video clips stored on our server, without first downloading 

the entire file [4]. After a brief period of initializing and 

buffering the file will begin to stream. Streaming video is 

usually sent from pre recorded video files, but can be 

distributed as part of a live broadcast “feed”. In a live 

broadcast the video signal is converted into a compressed 

digital signal and transmitted from a special web server that 

is able to do multicast sending the same file to multiple 

users at the same time. Buffering is your computer 

downloading the video faster than it plays. If it can’t 

download the video and played the video at the same time, it 

will stop and create a buffer between the play times and 

download time [5].  This buffering problem is solving 

through NP complete. 

B. NP Complete 

NP-Complete are a Non-deterministic polynomial time. In 

computational complexity theory, a decision problem is NP-

complete when it is both in NP and NP-hard. The set of NP-

complete problems is often denoted by NP-C or NPC [6]. 

Every problem in NP is reducible to in polynomial time. A 

consequence of this definition is that if we had a polynomial 

time algorithm (on a UTM, or any other Turing equivalent 

abstract machine) for, we could solve all problems in NP in 

polynomial time. 

 NP: Class of computational problems for which a 

given solution can be verified as a solution in 

polynomial time by a deterministic Turing machine. 

 NP –hard: Class of problems which are at least as hard 

as the hardest problems in NP. Problems that are NP-

hard do not have to be elements of NP; indeed, they 

may not even be decidable. 

 NP- Complete: Class of problems which contains the 

hardest problems in NP. Each NP-complete problem 

has to be in NP. 

 NP- easy: - At most as hard as NP, but not necessarily 

in NP, since they may not be decision problems. 

 NP-equivalent: - Problems that are both NP-hard and 

NP-easy, but not necessarily in NP, since they may not 

be decision problems. 

 NP-intermediate: - If P and NP are different, then there 

exist problems in the region of NP that fall between P 

and the NP-complete problems. (If P and NP are the 

same class, then NP-intermediate problems do not 

exist). 

C. Real time Audio/Video system  

In real-time interactive audio/video, people communicate 

with one another in real time. The Internet phone or voice 

over IP is an example of this type of application. Video 

conferencing is another example that allows people to 

communicate visually and orally. 

RTP (Shows in Fig 1) allows only one type of 

message, one that carries data from the source to the 

destination. In many cases, there is a need for other 

messages in a session. These messages control the flow and 

quality of data and allow the recipient to send feedback to 

the source or sources. Real-Time Transport Control Protocol 

(RTCP) is a protocol designed for this purpose [7]. 

 
Fig. 1: Real time protocol [8] 



Study of Video Streaming in WiMax using Real Time Routing Protocols 

 (IJSRD/Vol. 4/Issue 03/2016/511) 

 

 All rights reserved by www.ijsrd.com 1964 

 
Fig. 2: RTCP Message type [9] 

On one real-time interactive audio/video 

application: voice over IP, or Internet telephony. The idea is 

to use the Internet as a telephone network with some 

additional capabilities. Instead of communicating over a 

circuit-switched network, this application allows 

communication between two parties over the packet-

switched Internet. Two protocols have been designed to 

handle this type of communication: SIP and H.323. 

II. REAL-TIME ROUTING PROTOCOLS 

Protocols are designed and standardized for communication 

between clients and streaming servers. Protocols for 

streaming media provide such services as network 

addressing, transport, and session control. According to their 

functionalities, the protocols can be classified into three 

categories: network-layer protocol such as Internet protocol 

(IP), transport protocol such as user datagram protocol 

(UDP), and session control protocol such as real-time 

streaming protocol (RTSP). The remainder of this paper is 

devoted to the exposition. 

 
Fig. 3: Protocol [10] 

TS Header (4 bytes) has an adaptation field control. 

This is used among other things to identify the presence of 

PCR (Program Clock Reference) following the header. 

A. RTP 

 
Fig. 4: RTP Packet structure [13] 

The Real-time Transport Protocol (RTP) [11] is a network 

protocol for delivering audio and video over IP networks. 

RTP is used extensively in communication and 

entertainment systems that involve streaming media, such as 

telephony, video teleconference applications, television 

services and web-based push-to-talk features. [12] 

B. RTSP 

The application-level Real Time Streaming Protocol, RTSP 

[14], aims to provide an extensible framework to enable 

controlled delivery of real-time data, such as audio and 

video. Sources of data can include both live data feeds, such 

live audio and video, and stored content, such as pre 

recorded events. It is designed to work with established 

protocols such as RTP, HTTP, and others to provide a 

complete solution for streaming media over the Internet. It 

supports multicast as well as unicast. It also supports 

interoperability between clients and servers from different 

vendors. 

 
Fig. 5: Real Time Streaming Protocol [14] 

The Real-Time Streaming Protocol (RTSP) 

establishes and controls either a single or several time-

synchronized streams of continuous media such as audio 

and video. It does not typically deliver the continuous 

streams itself, although interleaving of the continuous media 

stream with the control stream is possible. In other words, 

RTSP acts as a "network remote control" for multimedia 

servers be controlled is defined by a representation 

description. This memorandum does not define a format for 

a presentation description. 

There is no notion of an RTSP connection; instead, 

a server maintains a session labeled by an identifier. An 

RTSP session is in no way tied to a transport-level 

connection such as a TCP connection. During an   RTSP 

session, an RTSP client may open and close many reliable 

transport connections to the server to issue RTSP requests. 

Alternatively, it may use a connectionless transport protocol 

such as UDP. 

The streams controlled by RTSP may use RTP but 

the operation of RTSP does not depend on the transport 

mechanism used to carry continuous media. The protocol is 

intentionally similar in syntax and operation to HTTP/1.1 so 

that extension mechanisms to HTTP can in most cases also 

be added to RTSP. However, RTSP differs in a number of 

important aspects from HTTP:  Retrieval of media from 

media server: 

The client can request a presentation description 

via HTTP or some other method. If the presentation is being 

multicast, the presentation description contains the multicast 

addresses and    ports to be used for the continuous media. If 

the presentation   is to be sent only to the client via unicast, 

the client provides the destination for security reasons. 
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C. PUMA 

PUMA is a receiver initiated routing protocol in which 

receivers join a multicast group using special address (core 

in CAMP protocol or group leader in Multicast AODV 

protocol ).The flooding of data or control packets is reduced 

using special address (core of the group) by all sources. 

 
Fig. 6: PUMA [15] 

PUMA supports any source to send multicast 

packets addressed to a given multicast group [15]. PUMA 

does not need another unicast routing protocol because it 

can act as unicast protocol. PUMA implements a distributed 

algorithm to elect one of the receivers of a group as core of 

the group. The election algorithm used in PUMA is same as 

the spanning tree algorithm introduced by Perlman for 

internet works of transparent bridges. Within a finite time 

router can find multiple paths to the core. All nodes on 

shortest paths between any receiver and the core collectively 

form the mesh. A sender sends a data packet to the group 

along any of the shortest paths between the sender and the 

core. When the data packet reaches a mesh member, it is 

flooded within the mesh, and nodes maintain a packet ID 

cache to drop duplicate packets. PUMA uses single control 

message for all its functions, i.e. multicast announcement 

packet (MAP). Each MAP has a sequence number, group 

ID, core ID, distance to the core, mesh member flag, and a 

parent that states the preferred neighbor to reach the core. 

Successive Maps’ have a higher sequence number than 

previous multicast announcements sent by the same core. 

With the information contained in such announcements, 

nodes elect cores, the routes for sources outside a multicast 

group to unicast multicast data packets towards the group, 

notify about joining or leaving the mesh of a group and 

maintain the mesh. 

III. INVITATION OF A MEDIA SERVER TO CONFERENCE 

A media server can be "invited" to join an existing 

conference either to play back media into the presentation or 

to record all the subset of media in a presentation. This 

mode is useful for distributed teaching applications. Several 

parties in the conference may take turns "pushing the remote 

control buttons.  

Recent advances in computing technology, 

compression technology, high bandwidth storage devices, 

and high-speed networks have made it feasible to provide 

real- time multimedia services over the Internet. Real-time 

multimedia, as the name implies, has timing constraints. For 

example, audio and video data must be played out 

continuously. If the data does not arrive in time, the play out 

process will pause, which is annoying to human ears and 

eyes. Real-time transport of live video or stored video is the 

predominant part of real-time multimedia.  

In this paper, we are concerned with video 

streaming, which refers to real- time transmission of stored 

video. There are two modes for transmission of stored video 

over the Internet, namely, the download mode and the 

streaming mode (i.e., video streaming). In the download 

mode, a user downloads the entire video le and then plays 

back the video le. However, full le transfer in the download 

mode usually fears long and perhaps unacceptable transfer 

time. In contrast, in the streaming mode, the video content 

need not be downloaded in full, but is being played out 

while parts of the content are being received and decoded. 

Due to its real-time nature, video streaming typically has 

band- width, delay and loss requirements. However, the 

current best-eort Internet does not over any quality of 

service (QoS) guarantees to streaming video over the 

Internet.  

In addition, for multicast, it is difficult to 

efficiently support multicast video while providing service 

edibility to meet a wide range of QoS requirements from the 

users. Thus, designing mechanisms and protocols for 

Internet streaming video poses many challenges. 

IV. VIDEO ENCODING TECHNIQUE (SVC) 

SVC has capability of reconstructing lower resolution or 

lower quality signals from partial bit streams. Partial 

decoding of the bit stream allows are Graceful degradation 

in case part of bit stream is lost Bit-rate adaptation, Format 

adaptation, Power adaptation [5]. Beneficial for 

transmission services with uncertainties regarding are 

Resolution required at the terminal, Channel conditions or 

device types. It standardization has been to enable the 

encoding of a high-quality video bit stream that contains one 

or more subset bit streams The subset bit stream is derived 

by dropping packets from the larger bit stream. Scalable 

video coding (SVC) is one solution to the problems posed 

by the characteristics of modern video transmission systems. 

V. AREAS OF VIDEO STREAMING AND APPLICATIONS 

A. Video Compression 

Raw video must be compressed before transmission to 

achieve efficiency. Video compression schemes can be 

classified into two categories: scalable and non-scalable 

video coding. Since scalable video is capable of gracefully 

coping with the bandwidth fluctuations in the Internet we 

are primarily concerned with scalable video coding 

techniques. We will also discuss the requirements imposed 

by streaming applications on the video encoder and decoder. 

B. Application-layer QoS control 

To cope with varying network conditions and different 

presentation quality requested by the users, various 

application-layer QoS control techniques have been 

proposed. The application-layer techniques include 

congestion control and error control. Their respective 

functions are as follows. Congestion control is employed to 

prevent packet loss and reduce delay. Error control, on the 

other hand, is to improve video presentation quality in the 

presence of packet loss. Error control mechanisms include 
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forward error correction (FEC), retransmission, and error-

resilient encoding and error concealment. 

C. Continuous Media Distribution Services 

In order to provide quality multimedia presentations, 

adequate net- work support is crucial. This is because 

network support can reduce transport delay and packet loss 

ratio. Built on top of the Internet (IP protocol), continuous 

media distribution services are able to achieve QoS and 

efficiency for streaming video/audio over the best effort 

Internet. Continuous media distribution services include 

network altering, application-level multicast, and content 

replication.  

D. Streaming Servers 

Streaming servers play a key role in providing streaming 

services. To over quality streaming services, streaming 

servers are required to process multi- media data under 

timing constraints and support interactive control operations 

such as pause/resume, fast forward and fast backward. 

Furthermore, streaming servers need to retrieve media 

components in a synchronous fashion. A streaming server 

typically consists of three subsystems, namely, a 

communicator (e.g., transport protocols), an operating 

system, and a storage system. 

E. Media Synchronization Mechanisms 

Media synchronization is a major feature that distinguishes 

multimedia applications from other traditional data 

applications. With media synchronization mechanisms, the 

application at the receiver side can present various media 

streams in the same way as they were originally captured. 

An example of media synchronization is that the movements 

of a speaker's lips match the played-out audio.  

F. Protocols for Streaming Media 

 
Fig. 7: Streamline Media [16] 

VI. QUALITY OF SERVICE 

Quality of service (QoS) is an internetworking issue that has 

been discussed more than defined. We can informally define 

quality of service as something a flow of data seeks to 

attain. Although QoS can be applied to both textual data and 

multimedia, it is more an issue when we are dealing with 

multimedia. 

IP was originally designed for best effort delivery. 

This means that every user receives the same level of 

services. This type of delivery does not guarantee the 

minimum of a service, such as bandwidth, to applications 

such as real-time audio and video. Integrated Services, 

sometimes called In Server, is a flow-based QoS model, 

which means that a user needs to create a flow, a kind of 

virtual circuit, from the source to the destination and inform 

all routers of the resource requirement. 

 
Fig. 8: Quality of service [17] 

VII. LIMITATION OF VIDEO STREAMING 

 Sub Stream selection problem. 

 Channel capacity. 

 Limited receiver buffer size. 

 Sub Stream formation of Video stream. 

VIII. CONCLUSION 

WiMax with video streaming is mainly used for online 

watching of information in such type of networks. In this 

paper the multimedia element that is video was encoded 

using SVC and stream to through the multicast network. For 

communication, routing protocols are required. There are 

many real time routing protocols. Selection of right routing 

protocol for the above network environment is necessary 

part. Every routing protocol gives different performance 

with different parameter. So this paper helps new researcher 

for their work. 

IX. FUTURE SCOPE 

In future work a technique can be used which reduce the 

buffering time while video downloading and encryption 

technique can be used which reduce distort quality of video. 
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