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ABSTRACT 

 

For altering the network prerequisites most of the video participants fully relies upon logic i;e data rate 
adjustment which will modify data rate. In this paper there are three key things to do when in contrast to 

previous measurements i;e efficiency, fairness, stability. There is a problem known as bottleneck link which is 

identified when multiple data rate adaptive players watch a video. we have also mentioned about bitrate 

adaptation approach and three essential factors speed of transmission range, data rate choice and the process of 

chunk distribution. By this, everyone can discover the troubles of various countless negative interactions that 

occur as an effect of protecting the bitrate adaptation over HTTP. Based on appreciation of these techniques, we 

guide how to balance between fairness, stability and effectivity that will lead to robust video adaptation. 

Keywords: Adaptation, HTTP, DASH, Video 

 

I.  INTRODUCTION  
 

  Adjustment of data rate streaming is a method used in various multimedia streaming over 

networks [1]. While the previous most broadcast or audio streaming technologies utilized streaming protocols 

such as Real-time Transport Protocol (It is utilized for delivering audio and video over IP networks) with Real 

Time Streaming Protocol, today’s adjustment streaming technologies [2,3,4] mostly based on HTTP networks 

such as the Internet. There are three key activities which need to achieve the goals:  

 Fairness: This activity is used for better fairness amongst adjustment of HTTP video streams. This 

activity relies totally on altering a fixed and uniform broadcast segment request price of each stream, to 

both a per session unique or random request rate. 

 Efficiency:To maximize user experience most of players must pick out the maximum possible bitrates. 

 Stability:  Everyone should keep away from unnecessary bitrate switches which will have an effect on 

the user experience.  
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The root causes of these issues are confined when compared to previous measurements. To unravel these issues, 

we have three key activities: (1) For ―chunk‖ to be downloaded we want to time table the precise video, (2) for 

each chunk we need to pick out bitrate, and (3) Bandwidth estimation.  

By seen instances, we shown how to compromise a space in spot known as FESTIVE algorithm. we show that 

over logic is convenient to enforce FESTIVE, the use of Open Source Media Framework. We compared 

FESTIVE algorithm with numerous real time situations which will fluctuate bandwidth and number of users. 
Compared with preceding alternatives, fairness is increased by way of 40%, stability is improved by way of 

50%, efficiency is extended via at least 10%. FESTIVE is strong in bandwidth increase and the availability of 

bitrates, and number of participants sharing a bottleneck. 

 

 

II. BACKGROUND AND MOTIVATION 
 

We start with an abnormal state diagram how the HTTP adaptive video streamingworks and call 

attention to vital contrasts regarding to a TCP- level control rationale. At that point, it actually defines 

measurements to catch the ―3‖ key necessities that of fairness, efficiency, and stability, and assess how great the 

present condition of-craftsmanship video players achieve 

A. Video Streaming using adaptive Http   
Initial Internet video innovations (like ―Apple QuickTime, Adobe Flash RTMP‖) depended on 

association situated video transport protocols. As appeared in Figure 1(a), these protocols have a session 

reflection amidst the customer and the server, that both keep up per-session state and utilize an (exclusive) 

stateful control protocol to deal with the information conveyance. The new age of Internet video advances, for 

example, ―Microsoft SmoothStreaming [5], Apple's HLS [6], and Adobe's HDS [7]‖, be that as it may, are 

HTTP-based adaptive streaming protocols 

A video is made encoded at multiple discrete bitrates for HTTP adaptive streaming. Each stream of bitrate is 

broken into several segments of 2 - 10 secs or "chunks." The ith chunk from one bitrate stream is regulated from 

another bitrate stream in the video time line to the ith chunk so that at each chunk barrier a video player can 

switch smoothly to a different bitrate. As shown in Figure 1(b), adaptive streaming protocols based on HTTP 

[13] differ in several important elements from conventional connection-oriented video transmission protocols. 
Firstly, as this traffic can navigate NATs [8] and firewalls, clients employ the standard HTTP protocol that 

provides more omnipresent reach. 

 
Figure 1: Contrast between connection-oriented streaming and http adaptive video streaming 

Secondly, the servers are commodity webservers or caches; the use of current CDN and server technology was a 

important driver for fast growth and low cost. Third, the use of HTTP suggests that industry and service 

provider equipped caches automatically improve efficiency and reduce network burden. At last, a client 

independently collects each chunk and carries out the session status of the playback while servers do not need to 

maintain any status [12]. This allows the client to get chunks from various servers: allowing load-balancing and 
fault tolerance on both CDN (multiple servers) and client (multiple CDNs). [9,10] 

In a restricted sandbox environment such as Flash or Silverlight, the client-side video player usually implements 

the adaptive logic. The adaptive aspect raises because the player makes use of the observed latency for each 

chunk and the chunk size to guess the available network bandwidth. These calculations are used to select an 

appropriate bitrate to be downloaded for the next chunk. The player manages to maintain a sufficient buffer for 

video playback to decrease rebuffering, which can indirectly affect customer engagement [11] 
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B. Behaviour of today’s solutions   
Based on the metrics, we analyze the behavior of existing business solutions— SmoothStreaming, 

Akamai HD [14], Netflix [15], and Adobe OSMF [16]. In doing so, we make assumptions the measurements 

from previous work that isolated study 1 or 2 of these players and show that these issues are higher ubiquitous. 

 
Figure 2: Behavior of actualRealtime players (ss stands for SmoothStreaming) 

 

 
Figure 3: Visualization of Smooth-Streaming with regarding to unfairness and instability 

 

Table 1: SmoothStreaming’s quality worsens with an increasing number of players.We also see similar 

pattern with other players too. 

 

# players BW (bps) Unfairness Inefficiency Instability 

5 5M 0.140 0.184 0.0537 

11 11M 0.180 0.230 0.0648 

19 19M 0.235 0.343 0.0909 

 

 

A setup with 3 players sharing a junction link with a stable three Mbps information measure with default player 

settings is considered. Each player runs on a 2.8 GHz desktop on a separate Windows machine and approach the 
corresponding demo website. The unfairness, inefficiency and instability are shown in Figure 2. We see that the 

players from Akamai and Adobe are very unstable, but they are all so very unfair. In order to provide some 

context for what this unfairness index means, Figure 3 shows a time series of the three SmoothStreaming 

players ' bitrates which visually confirms that the allocation is quite unfair even for the best player in the above 

result In addition, Table 1 shows that as the no. of players fighting for the bottleneck link increases, the 

problems get worse. Here we assume a stable bottleneck of N[ 1 Mbps] with a N player setup. For simplicity, 

we only show the SmoothStreaming result because in our previous experiment it was the best individual player 

across all three metrics. 
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III. Design 
 

A. Chunk Scheduling 
The network determined throughput for each chunk and offers the feedback for the player. There are two 

choices for chunk scheduling:  

1) After preceding chunk downloaded the next chunk to be downloaded immediately 

2) Download the chunk time to time so that it fulfils the player buffer. By each approach there is an alternate in 

issues that we are highlighted in the next headings.  

Immediate download: This helps us to avoid the future buffering events. This is no longer an usable option 

because live content material will not support future chunk. 

Periodic download: This helps us to uphold a uninterrupted playback buffer to reduce rebuffering of the video. 

Randomize download: We introduce randomize scheduler to improve the periodic strategy. Constant target 

buffer is nothing however expected value instead of giving the expected buffer we will be giving randomized 

chunk 

 

B. Bitrate selections Units 

Selecting a chunk scheduling policy making sure that player biased based on any priorities choosing 

bitrate selection diverging the fair allocation regardless of their bitrates. 

Choosing the highest feasible bitrate l than that of the estimated bandwidth is a logical technique. We indicate 

this as stateless approaches because it only takes into account the estimated bandwidth without taking into 

consideration the current bitrate or whether It build two way its bitrate. 

 

C. Deferred update 
We treat the bitrate only for the reference and postponement of the previous section the certain switch based 

on a systematic trade-off amidst efficiency fairness and stability. In particular, we calculate how close the 
current (bcur) and the reference bitrate calculated from the earlier analysis (bref) are to the efficient or stable 
allocation. 

Scoreefficiency (b)=| (b/min (wbref ))-1| 

The price of stability for a given bitrate b depends on how many bitrate switches the player has recently 
undergone. Let n denote the last k = 20 seconds of the no. of bitrate switches. Then the metric of stability is, 

Scorestability (b) + α × scoreefficiency (b)   

 

D. Bandwidth Estimation  

 The performance noticed by a player is not a decent estimate of the available capacity for each chunk. We 

suggest two guidelines for constructing a more robust estimator of bandwidth. Firstly,instead of using the 

instantaneous throughput we use a smoothed value calculated in smaller chunks. We use the last 20 samples in 

our current prototype.5 Second, we need to make this smoothing robust to aberration. For example, if a chunk 

has a very low or very high efficiency, aberration bias the use of the arithmetic mean. For this purpose, over the 

last 20 samples, we utilize the harmonic mean. The reason this approach has to be used is binal. 

Firstly, the harmonic mean is more suitable when calculating the average rate that is the case with the estimation 
of the throughput. Secondly, larger outliers are also more robust. This is particularly relevant in our randomized 

scheduler context. With a randomized scheduler, the estimated throughput will be larger if a certain chunk is 

less competitive. The harmonic mean minimizes the effect of anomalies in such cases. 

 

 

IV. ESTIMATION 
Evaluation is divided intofour level:  

1. We compare FESTIVE's performance against commercial players (emulated). 

2. Each component is evaluated as —estimation of harmonic bandwidth, random chunk scheduling, selection 

of stateful and delayed bitrate. 

3. We compare Each component with FESTIVE’S overall performance 

Wherever possible, we developed based on commercial players and OSMF.However automating 
experiments with different players on different machines is difficult due to delay is accessing the code, it is 

difficult to carry out controlled experiments with the real commercial 

players.However, the proprietary nature of the client / server code makes difficult for these players analyse head 
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to headThe use of commercial players in particular combines external effects: network (e.g.. bottleneck with wid

e area) and server-side effects (e.g., CDN load), w.r.t video encoding/decoding issues, and plug-

performance of players  

 

A. Commercial Players Vs other players 

Implementation of OSMF: 
First, at the top of the OSMF framework, for comparing we use videos and real implementation processes with 

the present logic of OSMF adjustment. Here we are considering setting up a 3 Mbps bottleneck link with three 

players with showing no efficiency, stability and justice of FESTIVE versus the logic of OSMF. We notice that 

on two out of three metrics, our implementation outperforms OSMF. Inefficiency is high, we guess that this is 

because of FESTIVE parameters that are tailored to Smooth Streaming size of the chunk and data rate levels 

 

Figure 4: Contrast betweenactual OSMF player and OSMF player with FESTIVE. 

Other players: 

 Lengths of chunk and bitrate levels may vary across commercial players. FESTIVE, the emulated players and 

the real players are compared to each other. For each results the bitrate levels and chunk lengths are used to 

recognize on player websites. Our main objective is to compare FESTIVE with each commercial player 

individually and also compares FESTIVE performance to commercial players with an average amount of value 

over 15 runs. For every case, a lower metric performance is better. And demonstrate the work of commercial 

players for references with an equal set of 3 players and we also having the access of smooth-streaming server 

implementation.   

 
Figure5:Contrast between FESTIVE, emulated commercial players, and the actual commercial players 

with 3 players using a bottleneck link of 3 MbpsSS->smooth streaming Local SS->local smooth streaming 

serveremu-X->conservative emulation of the “X” commercial player 
 

B. Validation of Component 

Bandwidthestimator: 

We Getdownto by comparing the accuracy of four strategies for estimating bandwidth: arithmetic mean, median
, EWMA, and harmonic mean. To calculate the estimated bandwidth, each method uses the observed k= 20 prev

ious chunks. We extract the chunk throughputs observed from the actual Smooth Streaming for this analysis. 
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We also manually confirmed that if an outlier is a new observed throughput, the harmonic mean is effective. 

Therefore, for the rest of this section, we consider the baseline algorithm with a harmonic bandwidth estimator. 

Chunk scheduling: 
The main player uses selection of stateless bitrate, instant update, harmonic estimation of bandwidth, and 

regular chunk scheduling. We consider a modified baseline that uses randomized scheduling instead, but holds 

back the other components. Chunk scheduling that shows the perceived bandwidth for one run for the three 
players over time. 

Stateful bitrate selection: 
The main aim of the stateful bitrate selection approach is to make sure that different players eventually converge 

to a fair allocation. To validate this, we utilize ten players sharing a 10 Mbps bottleneck link. Each player selects 

a start time randomly in the interval of[ 0; 30] seconds. 

 Figure compares the efficiency and fairness achieved through three player settings:  

(1) fixed scheduler with stateless selection (baseline), 

(2) randomized scheduler with stateful selection. 

(3) randomized scheduler with stateless selection. 

Delayed Update: 

This parameter provides a way to adjust the trade-off between efficiency and stability. We examine this trade-

off with different number of players and variability in bandwidth 
Positioning Figures and Tables: Place figures and tables at the top and bottom of columns. Avoid placing them 

in the middle of columns. Large figures and tables may span across both columns. Figure captions should be 

below the figures; table heads should appear above the tables. Insert figures and tables after they are cited in the 

text. Make them bold (figure and table title). 

C. Robustness 

Bandwidth Variability: In this the players are going to occur within 30seconds and we are giving the 

information of the 15 runs per parameter to the user. This is focused on the 10-video players with an 10MBPS 

bandwidth is expected. By using below equation, we are taking a constant value randomly and we expecting the 

value for bottleneck bandwidth because for every 20sec there will be varying in bandwidth. 

 Compete players: In this we are going to select the bandwidth at 10MBPS and there will be varying of 

competitor players from 4 to 40. After the first player starts, the other players are appearing randomly within for 

first 30seconds.For every run, the median and errors are reported over 15 runs for FESTIVE. 

Available bitrates: In this we are checking the robustness for the available bitrate levels. And there will be 10 

available bitrate levels {bi = gi · 350Kbps}i=0,...9,,where g indicates the bitrate gap i.e. how it separates the 

bitrate levels. The value of g is near to 1 means occurring of gaps between the consecutive levels are small and 

oppositely for g large. 

 

V. RELATED WORK 

 

A. Players to be measured: 
The problem which we identified is when the players share the bottleneck hyperlink this will analyse 

the fairness, efficiency and stability of the video. In response to bandwidth variation we targeted on the 

bitrate switching of the players. 

B. Quality metrices: 

This describes the traits of the video such as overall performance and quality level. The video gives 

best user to appear as aware of the practical knowledge of the quality. When there are unexpected 

modifications in bitrate and buffering of video the user experience will turn out to be sensitive. In this 

paper we are lookup for proper QoE metrices. For the better understanding we are introducing 
FESTIVE. 

 

 

 

C. Player optimizations:  
By the assist of more than one connection or multiple solutions we are improving the throughput and 

reducing the bandwidth of the video. The FESTIVE continues on the single TCP interconnect together 

and doesn’t need any changes for server infrastructure. The other strategies can use better bandwidth 

and stability of the video. 

D. Transfer the solutions through server and network:  

Here it makes use of the server rather than the client bitrate, for keeping off the burst TCP 

modifications the network connection. We are concentrating on the client-side mechanism without 
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altering any network or servers. From these mechanisms we can improve the overall performance of 

the video. 

E. Video coding:  
This is a content representation format for storage or transmission of digital video. The different 

explanation of coding provides extra stylish humiliation of video quality. 

 

VI. CONCLUSION 

We are revisiting the networking problem of useful resource sharing and adaptation. These issues as 

solutions in the network and transport layer. Some factors which makes the problem different and challenging 

for HTTP based video delivery: a couple of timescales of visual adaption, granular access control and the 

network feedback. In this we have undertaken a sensible bearing of the work inside the constraints this 

motivates the video visitors which doesn’t modify any network and CDN server infrastructure. When the 

different players play for a bottleneck hyperlink which leads to the trouble of inefficiency, unfairness and 

instability. To overcome these problems, we are designing the bitrate choice technique 
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