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I. INTRODUCTION 
 

The real-time video over Internet has streamed using 

a protocol that provides packet-level control to 

streaming applications. This means that when a video 

is streamed, it is carried by User Datagram Protocol 

(UDP) and not by Transport Control Protocol (TCP) 

over internet.  

 

The non-open protocols are built typically on UDP 

top layer that includes Real Player’s Progressive 

Networks (PNM/PNA) protocol, Microsoft Media 

Server (MMS) protocol and Adobe’s Real Time 

Messaging Protocol (RTMP).  

 

These protocols are used rarely and it is replaced 

with open standard protocols like Real-time 

Transport Protocol (RTP). The RTP protocol uses UDP 

to transport the packet and it is independent from a 

transport protocol.  

 

The other transport protocols include Datagram 

Congestion Control Protocol (DCCP) and the Stream 

Control Transmission Protocol (SCTP). The RTP 

systems enable full access over retransmission of 

packets and it optimizes the multimedia streaming  

 

 

 

 

 

 

 

 

 

 

 

applications, where the packet loss leads to delay. 

The RTP usually suffers from the problem of non-

supportability of new media codes.  

 

Hence to make the new media codec a supportable 

one, a new payload format is designed as a standard. 

Further, RTP protocols are extended as Session 

Initiation Protocol (SIP) and Real Time Streaming 

Protocol (RTSP).  

 

The datagram streaming protocols often suffers from 

major problems as follows:  

 The control over packet level means the 

implementation is complicated and hence it should 

deal with flow control, congestion control, out-of-

order delivery, packet loss, etc.  

 The problems in transport protocols occur mainly 

due to network address translation routers and 

firewalls. This problem is same in UDP network, 

where the failure rate in VG Nett streaming service 

is to be 66% (Birkedal et al. 2007).  

 The infrastructure cost is another constraint that 

tends to significantly increase over content delivery 

networks, where it needs proper solutions for load 

balancing and caching (Ma et al. 2011). Due to 

such problem, most of the companies have 
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adopted Hyper Text Transfer protocol (HTTP) 

based progressive download streaming. This is 

considered as a step back than datagram 

streaming in terms of its simplicity and potential 

features.  

 Such method offers downloading of media streams 

in normal format (Huang et al. 2003) and allows 

playback while the video is downloaded. Such a 

straightforward HTTP implementation allows the 

passage through firewall with the support of 

Content Distribution Network (CDN) and it 

improves the performance in transparent web 

caching. The disadvantage of progressive 

streaming includes play out interruptions, large 

buffer size and no multicast option. On other hand, 

the datagram protocols suffers from non-

interactive streaming, which is an irrelevant one in 

present days. 

 

II. DYNAMIC ADAPTIVE HTTP 

STREAMING 
 

The adaptive HTTP video streaming is similar to 

progressive download streaming but the former 

video streaming splits the video stream into file 

segment sequences that can be downloaded 

individually rather than downloading a one larger file 

per stream (Carmel et al. 2002). In adaptive HTTP 

video streaming, the multimedia segments are split 

into same length segments.  

 

On other hand, the segments are split into video GoP 

that initiates with key frame. The initiation of key 

frame in video segments represents the past or 

future dependencies. Finally, the entire video 

segments are encoded and it is then hosted over a 

HTTP streaming server. The client makes sequential 

request to the multimedia segments and it is 

downloaded using HTTP progressive download.  

 

The video segments are sequentially played in 

regular order and the contiguousness of video 

segments leads to smooth video playback. The client 

machine controls the adaptation logic and it 

estimates the total streaming time of segments for 

increasing or decreasing the bit rate.  

 

The Figure 1 shows an example of switching of bit 

rate using a feedback controller. The transmission of 

original video data segments are given by thicker 

arrows. 

 
Fig 1. Client adaptation over DASH by omitting 

network delay. 

 

III. METHODOLOGY 
 

In streaming media applications the user has no 

need wait to download the entire content but can 

rather start playing the audio / video content. Since 

the internet works on best effort service model and 

streaming application requires delivery of packets in 

real time, it poses many challenges in system design.  

 

If the network bandwidth fluctuates and does not 

guarantee minimum throughput as per the 

requirement of quality of service, it may degrade the 

quality of experience, thereby necessitating the 

mechanism to support adaptive streaming. 

 

1. Traditional Approach: 

Traditionally the User Datagram Protocol (UDP) is 

used as transport protocol to stream media content 

because of its simplicity and efficiency of data 

transfer. However, the UDP protocol lacks reliability 

i.e., the datagram may be delivered out of order with 

no trace of lost datagram as it does not support 

mechanism for acknowledgement. It is left to the 

application program at the receiver to handle the 

problem of the out of order and the lost packets 

(Kcchao 2010).  

 

The Real Time Streaming Protocol (RTSP) is used for 

controlling streaming media at server through a 

client request. The client request consists of actions 

like play, pause, fast forward, fast reverse, etc., to 

facilitate control on streaming contents as per 
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viewing requirements. The RTSP helps in establishing 

media session while controlling the stream between 

the client and the server. The transfer of streaming 

media content is not directly carried out by the RTSP. 

Rather it uses the Real-time Transport Protocol (RTP) 

along with the Real-time Control Protocol (RTCP) for 

content delivery. The RTP and RTCP are designed 

and developed to work on the top of the UDP 

(Figure 2). 

 

 
Fig 2. Traditional Approaches: Multimedia over IP. 

 

IV. PROPSOED METHODOLOGY 
 

The various limitations work utilized some derivate 

for the estimation of capacity cost for course 

disclosure, way foundation lastly way kept up. At first 

utilized the conveyance work for the arrangement of 

hub in remote territory organizes. 

 

1. Steps 1: Distribution of data sample: 

Let us consider {𝑥∗ 𝑖, 𝑗 Ι 𝑖 = 1, 2,… . . , 𝑛 ; 𝑗 = 1, 2, … ,𝑝} 

is sample set of node for the distribution in given 

area used mapping function using equation (1) and 

(2) 

 

For the estimation of hop used these formulae 
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For the validation of the total hop used for the 

communication: 
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Where 𝑥𝑚𝑖𝑛  𝑗 the minimum value of is node 𝑗, and 

𝑥𝑚𝑎𝑥  𝑗 is the maximum value of node 𝑗.  

 

2. Step 2: Estimates the value of route cos 𝑹 𝒂 : 

{𝑥 𝑖, 𝑗 Ι 𝑗 = 1, 2 … . , 𝑝}is distributed into route  path  

get hope values 𝑧(𝑖) through distribuation 

𝑎 =   [𝑎 1 , 𝑎 2 ,… . . , 𝑎 𝑝 ] as: 
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The evaluation final path for the communication is 

determined by 𝑅(𝑎), shown as: 

zz DSF )(  (4) 

 

Where 𝑆𝑧 is the standard deviation of𝑧(𝑖); 𝐷𝑧is the 

threshold value; standard deviation 𝑆𝑧and local 

density 𝐷𝑧are defined in formula (5): 
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Defining 𝑑 𝑧 𝑘 , 𝑧 ℎ  as the absolute distance 

between the two mobile node 
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Where  

NhNk ...........,.........2,1;.........,.........2,1 
 

 

N n ≥ N ≥ 2 is evaluation level number or same 

mobility area? AndDq (q = 1, 2,…… , N) is used to 

describe the different group on the basis of hop 

count Gq ( q = 1, 2, …… , N),  

 

3. Step 3: Determining constraint established the 

communication in AODV, which gave the constraint 

conditions i.e.  
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But it did not specify a value range.  
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4. Step 4: Established the communication: 

The proposed architecture is modeled after the client 

server system, where the server captures the input 

video through a camera or stored content in 

database. On the expense of complexity at client, the 

server is relived from the major work i.e., flow of 

stream analysis. The media content is encoded 

initially in a standard quality and then streamed to 

the client. 

 

 As soon as the streaming starts, the client starts the 

buffering of media content and applies the proposed 

algorithm to estimate the rate of buffer filling. While 

the video stream is being played, the buffer fullness 

rate is sampled periodically and this chronological 

data acts as an input to the analysis model. If the 

buffer fullness is too high or too low, a feedback 

message is sent to the server to enable adjustment 

of the outgoing stream property.  

 

The server concurrently listens to the message from 

the client and adjusts the video parameters (video 

resolution, frame rate etc.) to enable matching with 

the maximum achievable quality. The architecture of 

the proposed client server based adaptive video 

streaming system is illustrated in Figure 3. 

 

 
Fig 3. Adaptive video streaming architecture. 

5. System Modules at Client: 

The system at client contains three modules. i. The 

first module establishes a TCP/IP connection with the 

server. It receives the data stream and decodes the 

content to play using the VLCJ framework. The data 

stream consists of the encoded video and different 

metadata to help decoder. ii. The second module 

monitors the data rate of the stream by packet 

capture using JPCAP (a Java network packet capture 

library). This information is used for estimating the 

buffer fullness at regular intervals. The analysis 

module basically employs a regression algorithm for 

analysis and prediction of the buffer state. 

 

The third module implements the feedback decision 

and formats the message as per the server 

requirements. Based on the predicted value by 

Module 2 and the channel conditions, an appropriate 

decision is sent as the feedback message to the 

server. Figure 4.2 provides the illustration of the 

client side modular implementation. 

 

 
Fig 4. Client side modular diagram. 

 

V. SIMULATION RESULT 
 

The PSNR was measured offline by comparing the 

received live webcam video on client side and the 

original captured video on the server. This was 

carried out by splitting the videos into frames and by 

comparing each frame on the server side with its 

corresponding frame on the client side.  

 

An average PSNR of 30.6923dB was observed using 

the proposed algorithm with a non-parametric 

exponential non-linear regression (PA), 20.44dB 
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without adaptation (WA) and 24.65456 dB using 

buffer algorithm based on buffer underflow 

probability (BUP) approach. The average PSNR of the 

proposed algorithm is 24.48% higher than the buffer 

underflow probability algorithm and 33.39% more 

than without adaptation. The PSNR values obtained 

for the different frames are listed in Table 1 along 

with its corresponding values are plotted in Figure 5. 

 

 
Fig 5. The Observed PSNR. 

 

Table 1. The PSNR Measurements. 

 
 

VI. CONCLUSION 
 

The current streaming systems involve making the 

client end adaptive or sending data with precautions 

to increase the efficiency and Quality of Experience 

(QoE) for the end user. The efficiency of streaming 

system gets reduced to a larger extent, when the 

video is transferred over wireless networks. In the 

second part of the dissertation new system 

architecture was proposed, in which the QoE is 

increased by adjusting the parameters of video at 

runtime i.e. dynamically adapting the parameters of 

streaming based on available bit rate capacity at 

client. The proposed Adaptive Client Server (ACS) 

algorithm used the concept of local maxima and 

local minima at client to identify its incoming bit-rate 

of streaming content.  

 

The client system was programmed for sampling and 

estimating the pattern of the incoming bit-rate and 

subsequently sends the status of data channel to the 

server in a predefined format. On the other hand, the 

main job of the server is to decode the feedback 

measures from the client and modify the quality 

parameters of the ongoing video session.  

 

Monitoring by client and listening for messages by 

the server are carried out continuously in a feedback 

loop, thereby making the streaming system adaptive 

in a real time. Performance analysis shows the 

achievement of an approximate increase of 25% in 

PSNR and 9% in SSIM by the proposed ACS 

algorithm the traditional approach for the live stream 

of video. 
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