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i 

 

Abstract 

Recently, there has been a significant rise in the Hyper-Text Transfer Protocol (HTTP) video 

streaming usage worldwide. However, the knowledge of performance of HTTP video 

streaming is still limited, especially in the aspect of factors which affect video quality. The 

reason is that HTTP video streaming has different characteristics from other video streaming 

systems. 

In this thesis, we show how the delivered quality of a Flash video playback is affected 

by different factors from diverse layers of the video delivery system, including congestion 

control algorithm, delay variation, playout buffer length, video bitrate and so on. We 

introduce Quality of Delivery Degradation (QoDD) then we use it to measure how much the 

Quality of Delivery (QoD) is degraded in terms of QoDD. The study is processed in a 

dedicated controlled environment, where we could alter the influential factors and then 

measure what is happening. After that, we use statistic method to analyze the data and find 

the relationships between influential factors and quality of video delivery which are 

expressed by mathematic models. 

The results show that the status and choices of factors have a significant impact on the 

QoD. By proper control of the factors, the quality of delivery could be improved. The 

improvements are approximately 24% by TCP memory size, 63% by congestion control 

algorithm, 30% by delay variation, 97% by delay when considering delay variation, 5% by 

loss and 92% by video bitrate. 

 

Keywords: Quality of Delivery, QoD, Quality of Delivery Degradation, QoDD, 

influential factors, congestion control algorithm, TCP memory size, delay, delay variation, 

playout buffer length, video bitrate. 
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1 Introduction 

Recently, Hyper-Text Transfer Protocol (HTTP) [1] video streaming is one of well-known 

systems to provide videos to users as seen in the large number of audiences. However, the 

knowledge of performance of HTTP video streaming is still limited, especially in the aspect 

of factors which affect video quality. The reason is that HTTP video streaming has different 

characteristics from other video streaming systems. 

In this work, we study the factors that cause video artifacts of HTTP video streaming in 

temporal domain. Such video artifacts could influence Quality of Delivery (QoD). Despite 

the fact that many video artifacts affect QoD, only video artifacts which lead to extra 

required time to finish video playback are concerned in our study. Therefore, we always 

consider the extra required time to finish HTTP video streaming when talking about QoD in 

this work. 

To gain the knowledge which was previously mentioned, we develop a new metric 

namely Quality of Delivery Degradation (QoDD) to quantify QoD in numerical method, and 

investigate factors which potentially influence QoD. After that, relationships between 

influential factors and QoD are revealed through empirical experiments. 

Experiment results show that Transmission Control Protocol (TCP) [2] memory size, 

TCP Congestion Control Algorithm (CCA), Delay Variation (DV), playout buffer length and 

video bitrate are the influential factors, and there are relationships between the influential 

factors and QoD which can be expressed by mathematic models. 

The knowledge derived from this research could expand the limited knowledge of 

performance of HTTP video streaming, and could provide a guideline for video quality 

optimization. 

1.1 Motivation 

HTTP video streaming is widely used today [3, 4]. Examples of some popular video content 

publishers are YouTube [5], Dailymotion [6] and Metacafe [7]. These video content 

publishers are improving their service quality to retain user stickiness in order to increase 

revenues [8, 9]. As QoD has a significant impact on user satisfaction [10], for example, only 

5% of enhancement in customer retention could raise profit 25% to 85% [11], hence, it is 

worthwhile to identify and explore which factors can affect QoD. 

1.2 Research Questions 

Question 1 How to quantify QoD? 

 

Question 2 What are factors which influence QoD? 
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Question 3 How is QoD affected from changing TCP memory sizes? 

 

Question 4 How is QoD affected from changing TCP congestion control 

algorithm? 

 

Question 5 How is QoD affected from changing delay variations? 

 

Question 6 How is QoD affected from changing playout buffer lengths? 

 

Question 7 How is QoD affected from changing video bitrates? 

 

Question 8 Is there a relationship between TCP memory sizes and QoD? And can 

we model it, if any? 

 

Question 9 Is there a relationship between delay variation and QoD? And can we 

model it, if any? 

 

Question 10 Is there a relationship between playout buffer length and QoD? And 

can we model it, if any? 

 

Question 11 Is there a relationship between video bitrate and QoD? And can we 

model it, if any? 

1.3 Research Methodology 

To answer the previously proposed RQs, we conduct the following methods to acquire 

knowledge and answer the RQs. First, we perform literature review to find QoD related 

video artifacts, and inherit Initial Buffering Time (IBT), Mean Duration of Re-Buffering 

events (MDRB) and Re-Buffering Frequency (RBF). Then we develop a metric, QoDD, to 

quantify QoD from IBT, MDRB and RBF. Later, we study previous works to explore factors 

which affect QoD by investigating mathematic models of IBT, MDRB and RBF. So we 

could answer RQs 1–2. This is detailed in Chapter 3. 

RQs 3–7 are preliminarily answered by experiments to reveal relationships between 

influential factors and QoD. Briefly, we change numerical values of influential factors and 

observe IBT, MDRB and RBF. After that, we perform post processing to get QoDD and 

models. This is how we analyze experiment results and answer RQs. Details about the 

experiment design and post processing can be found in Chapter 4 and 5. 

RQs 3–11 could be completely answered by further post processing. Shortly, data 

modeling on IBT, MDRF, RBF and QoDD can derive mathematic models which represent 

the relationships between influential factors and QoD. Besides, we also supplement result 

analysis by plotting the relationship models so that visual result analysis is possible.  

1.4 Related Works 

Previous works usually correlate impact of Quality of Service (QoS) on user perceived video 

quality with subjective evaluation, Mean Opinion Score (MOS) [12]. Research in [13] finds 

the relationship between network QoS and MOS. But the subjective evaluation is resource 

extensive and requires careful control over factors. Failing to do so will lead to inaccurate 
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result. One alternative evaluation method is objective evaluation such as Peak Signal-to-

Noise Ratio (PSNR). Nevertheless, PSNR is an inappropriate method to evaluate video 

quality of HTTP video streaming. The reason is that the video quality artifacts in HTTP 

video streaming are usually not picture artifact, but the additional time required to complete 

video playback. One work suggests that video qualities can be classified into two domains: 

spatial and temporal qualities [14]. These two can be observed at application layer and are 

named Quality of Presentation (QoP) and QoD respectively. 

A research [15] develops new full-reference metrics for video quality evaluation. 

Despite the high accuracy offered by full-reference paradigm, the Internet always comes 

with limited bandwidth and cannot transmit full-reference information along with video 

stream. Otherwise video stream and full-reference influence each other and lead to 

inaccurate video quality evaluation. Another study [16] proposes non-reference metric to 

quantify video quality. However, the metrics is designed to evaluate over all video quality, 

not only temporal quality. Works in [13, 17] propose non-reference metrics for evaluation of 

temporal quality which represent startup delay and pause of video playback. However, [14] 

suggests other possible artifacts which are hack and break in addition to other artifacts. 

Identification of influential factors is usually limited in network layer. Packet loss is 

often seen as an influential factor within this research domain. Some works [16, 18, 19] 

investigate artifacts of packet loss on video quality. Interestingly, study in [13] introduces 

DV into consideration. In spite of these network factors, one research [20] reveals various 

factors located on different layers also influencing video quality. These factors are, for 

examples, protocol, memory, and configuration. However the research does not deeply 

investigate all proposed factors and leaves them uninspected. 

Although many works have well-done investigated factors and video quality, User 

Datagram Protocol (UDP) [21] was widely used as underlying protocol in their experiments 

as it is an ideal way to send video stream. For example, research in [18, 13] relates factors to 

video quality using UDP as transmission protocol. However the result of these works cannot 

characterize properties of HTTP video streaming as HTTP has packet loss recovery 

mechanism provided by TCP. In [19], research investigates pause-related video quality using 

TCP protocol. 

One study [22] suggests various video player models and investigates performance of 

them with HTTP video streaming system. The work also performs experiments and explores 

artifact of packet loss and delay on re-buffering frequency and average re-buffering time. 

However, the work uses a simple model based simulator which is not suitable to represent 

some real video content publisher such as YouTube. Research in [23] introduces non-

reference metrics to evaluate temporal quality of HTTP video streaming which are IBT, RBF 

and MDRB. Startup delay is evaluated by IBT while pause is evaluated by RBF and MDRB.  

1.5 Aim and Objective 

Aims 

1. Develop a technique to evaluate QoD 

2. Explore factors which influence QoD 

3. Investigate relationships between the factors and QoD 
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Objectives 

1. Develop a metric to quantify QoD 

2. Develop a practical technique to determine and quantify QoD 

3. Develop a video player for QoD quantification 

4. Explore factors which influence QoD 

5. Conducting experiments to reveal relationships between the influential factors and 

QoD 

6. Develop an automatic system to assist empirical experiments 

7. Analyze results of the experiments 

1.6 Thesis Outline 

Chapter 1 gives an overview of this research. Topics are developed to describe boundary of 

research, show importance of study and hint direction of the work. Chapter 2 describes 

background information of the research. The knowledge shall assist readers to understand the 

concept of QoD and HTTP video streaming. Chapter 3 provides a methodology to answer 

RQs 1–2 as well as the foundation of experiments. The chapter explains in detail how QoD 

quantification is developed and what influential factors are. Chapter 4 presents experiment 

design to preliminarily answer RQs 3–7. The chapter explains how experiments are 

conducted and how required components and tools are developed. Chapter 5 explains post 

processing to completely answer RQs 3–11. The chapter introduces how models of 

relationships between influential factors and QoD are developed. Chapter 6 presents 

experiment results, which are plots of the models, together with result analysis. Chapter 7 

draws conclusions of research and re-answers all the RQs again. Besides, discussion and 

future work are proposed at the end. 
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2 Background 

2.1 Video Streaming 

There are two methods to transmit a stored video over the Internet, downloading and 

streaming [24]. The first method needs a long time to “download before play” while 

streaming indicates “play while downloading” (also known as “video on demand”) [25]. 

Considering streaming, there are two techniques usually used on the transport layer, UDP 

based video streaming and TCP based video streaming (particularly HTTP/TCP video 

streaming). Below is an overview of those two streaming methods. 

2.1.1 Classical UDP Streaming 

UDP video streaming relies on just-in-time data delivery and rendering. It could use low 

bandwidth to transmit video. However, these unreliable streaming protocols, such as RTSP 

over UDP, usually lead to degradation of picture quality and rendering distortions which are 

noticeable to the user. It cannot guarantee very high quality delivery of their videos which is 

desired by video content providers [26]. Additionally, the requirement of four UDP channels 

[27, 28, 29] will consume more server resources, and will make it complicated to design and 

implement the network. This scenario is shown in Figure 1 (simplified from [26]). Although 

CDNs could support RTSP and other UDP based streaming [30], in addition to dedicated 

resources, most firewalls are configured to block the dynamic UDP ports required by 

protocols like RTSP [31]. 

 

Server Client

RTSP

Audio  -  RTP  
Audio - RTCP

Video  -  RTP  
Video - RTCP

 

Figure 1 RTSP/RTP Connection Setup 

2.1.2 HTTP Video Streaming 

Unlike previous streaming protocols, HTTP has some primary advantages – data integrity, 

omnipresence, and wide firewall friendliness. Initially, it provided only straight download-

and-play (Figure 2a [26]) for videos where the entire file had to be downloaded before 

playback would begin. HTTP progressive download based video streaming could be used to 

make full use of the benefits and avoid the unnecessary download time. This HTTP over 
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TCP [3, 32] streaming method is able to provide those advantages as well as getting the 

media started play before it has been completely received [33, 34]. Figure 3 shows a 

YouTube video under playing while downloading is in progress. 

 

Figure 2 Video Delivery Methods 

 

Now
Played

Downloaded

The Whole Video

 

Figure 3 Progressive Download 

Some new techniques, such as dynamic transcoding and client-side / server-side paced 

download (Figure 2c,d), are trying to combine the low bandwidth usage of RTSP (Figure 2b) 

with the data integrity of HTTP. Dynamic transcoding is very flexible, which gives the 

possibility to change the video bitrate during the transmission to make full use of the 

bandwidth and try to avoid congestion problem at the same time [35]. However, some of the 

hybrid solutions are currently not worth the cost of design and implementation, and 

additional pre-processing is also required [26]. 
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2.2 Quality of Delivery 

2.2.1 What is Quality of Delivery 

In [36], Quality of Delivery (QoD) is described as the quality of delivered data. However, 

such definition is too general since the quality of delivered data has many aspects such as 

correctness, ordering, latency. Considering HTTP video streaming system where TCP is an 

underlying transport protocol, latency should be the main aspect in quality determination 

since incorrectness and out-of-ordering of delivered data are not existent at TCP-session 

layer. Another definition of QoD is derived from [14] by defining it as the capability of 

delivering data on time. Such definition is narrower than the previous one which makes it 

more suitable to study. Moreover, it also relates QoD with the latency of delivered data 

which is the major effect of using TCP as transport protocol. Therefore, we apply this 

definition to our research. In addition, we also improve the definition to make it more 

suitable for video quality study by defining QoD as the capability of delivering video frame 

on time. 

From the definition which is previously mentioned, limited QoD results in the delay of 

delivered video frames that consequently causes non-smooth video motion since video 

frames are delayed from original source. Examples of video artifacts as results of limited 

QoD are jitter, jerkiness and freezing which are detailed in Chapter 3. Figure 4a illustrates 

occurrence of freezing. 

 

Time
freezing

 

(a) 

Time

 

(b) 

Figure 4 Examples of Video Artifacts 

 

Note that not all temporal artifacts are results of limited QoD. One example of temporal 

artifacts which is not a result of limited QoD is flickering. To go into detail, flickering is a 

phenomenon that the light amplitude between video frames varies. Figure 4b illustrates 

occurrences of the flickering. 

It is worthwhile to mention that the concept of QoD can apply to other streaming 

technologies which have similar characteristics when being compared with video streaming. 

One of these streaming technologies which can apply the concept of QoD is audio streaming. 

This is because delayed IP packets causes non-smoothness of audio playback in quite the 

same way as it happens in video streaming. 

The video artifacts’ influence on QoD contains two parts, QoDA (QoD by application) 

and QoDN (QoD by network) [36] as shown in Figure 5. To go into detail, QoDA is described 
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as the result of handling data by the application while QoDN is described as the result of 

handling data by the network. Figure 6 illustrates the previously mentioned explanation. 

QoD

QoDA QoDN

 
Figure 5 QoDN and QoDA 

Client 
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Video 
Playout

 

Figure 6 Delays of Data Processing 

 

However, with the high performance of CPU and high reliability of software today, it is 

likely that the effect of application’s performance is far less than the effect of QoDN. 

Therefore, QoD is mainly influenced by QoDN. One research proposes that network 

performance in terms of loss, jitter of delay, reordering and capacity assignment handover, 

influences QoD as shown in Figure 7 [14]. 

 

QoP

picture 
distortion

hack

loss, jitter, reordering

QoE

QoD

startup 
delay

pause breakArtifacts:

Factors 
(Causes):

bit error
capacity assignment 

handover
 

Figure 7 Overview of Video Quality Relationship 

 

2.2.2 How Quality of Delivery is Affected 

Figure 8 shows the QoE hourglass model (simplified from [36, 37]), which could be used to 

match specific networking layers with corresponding video quality layers. 
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Application interface

Application layer

Network

layer

QoE

QoP

QoDN

Access method

Network technology

QoDA

Transport layer

QoS

Link layer

Physical layer

 
Figure 8 QoE Hourglass Model 

However, there are mismatches when making use of this model together with the 

relationships in Figure 5 and Figure 7. Hence, we modify the hourglass model and get a new 

basic QoD hourglass model in Figure 9a and our own QoD hourglass model in Figure 9b. 

Figure 9a is for a system where the network condition could influence QoP directly, for 

example, lossy streaming. Figure 9b is for HTTP video streaming scenario since the data 

integrity could be guaranteed by HTTP/TCP protocol suits. 

 

Application layer

Network

layer

QoE

QoP

Access method

Network technology

QoDA

Transport layer

QoS

Link layer

Physical layer

QoDN

QoE

QoP

Access method

Network technology

QoDA

QoS

QoDN

(a) (b)  
Figure 9 QoD Hourglass Model 

2.2.3 Why Study Quality of Delivery 

QoD depends on QoS and it is at higher level than QoS. The concept of QoD includes more 

factors and gets closer to users. For example, QoS is usually measured in the aspects of delay, 

loss rate, and bandwidth etc. [38] By contrast, QoD could be quantified by checking the 

startup delay, pauses, and breaks [14] and so on. QoS parameters are easy to measure, but 

they are far away from the user level. Hence, there is a need for the mapping from QoS level 

to near-user level. 

Besides QoS, QoE is another term increasingly used [39] to evaluate how much the 

whole service system’s quality is satisfying users. Although QoE provides the highest level 

value in video quality analysis, using QoE to quantify video quality brings up two concerns. 

The first is that QoE relies on human opinion (Figure 10) which has low reliability. For 

example, the score may vary from person to person when using the Mean Opinion Score 

(MOS) method [12]. Reducing the variation should be carried out through taking more 

samples. However, this is not always possible in most research because of limited budget 

and resources. The second concern is that the environment and other factors are also 
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influencing QoE besides the factors this project is interested in. For example, MOS may be 

lower due to time of day when subjective candidates are getting tired from work. Some 

procedures are developed to reduce these artifacts. However, some hidden factors may exist, 

and not explored yet. These concerns suggest that QoE is not suitable in this project where 

resources are limited. 

 

 Hardware

Application

Observation point of QoD Observation point of QoE

 

Figure 10 Different Observation Points of QoD and QoE 

In summary, QoD is more reliable than QoE and closer to users than QoS. Besides, it 

may cost only a small quantity of resources to measure QoD. These reasons make QoD the 

best trade-off choice to study video quality in our work though it could not reflect users’ 

final subjective satisfaction. Nevertheless, we have not found one definition that provides an 

objective manner which could quantify QoD yet. 
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3 QoD Quantification and Influential 

Factors 

In this chapter, we establish knowledge to answer the first two RQs: (1) How to quantify 

QoD? (2) What are the factors which cause QoD? To response these questions, we 

investigate video artifacts which influence QoD and scope video artifacts to study. After that 

we establish metrics to quantify the scoped video artifacts by applying IBT, RBF and 

MDRB. Then, we develop a metric, namely QoD Degradation (QoDD), to quantify QoD in 

an objective manner. At last, we reveal that DV, TCP memory size, playout buffer length, 

and video bitrate are influential factors which cause QoD. The first RQ is answered by the 

development of QoDD.  The second RQ is answered by the introduction of influential 

factors. The knowledge of this chapter provides bases for revealing the relationships between 

influential factors and QoD through empirical experiments which can be found in the next 

chapter. 

3.1 QoD and Related Video Artifacts 

Despite the fact that many video artifacts are results of limited QoD, only some are 

concerned in this research. We only focus on video artifacts which cause waiting time during 

video playback for the three following reasons. The first reason is that the waiting time is a 

result of limited QoD. This is because limited QoD increases time interval when delivering 

video frames. The second reason is that the waiting time significantly impacts user 

satisfaction [40]. The third reason is that observation of the waiting is possible at application 

layer since various functions are available for monitoring the waiting time. 

The result of the waiting time is that there is extra required time added to playback 

duration. To go into detail, the extra required time is a period of time which video player 

waits for a certain video frame to arrive. For example, freezing unexpectedly increases time 

interval between video frames. The phenomenon then requires video player to wait until the 

freezing frame is completely delivered which consequently adds extra required time to 

complete video playback to playback duration. 

Flickering, jerkiness and jitter are also major video artifacts found in video streaming 

[41]. Flickering is a fluctuation of light magnitude at different temporal positions. Jerkiness 

is a temporal visual freezing due to dropping video frame by video encoder. Jitter is a 

temporal visual freezing due to skipping video frame by decoder or frame loss in 

transmission process. Besides these artifacts, research in [14] suggests other four temporal 

video artifacts, namely hack, startup delay, pause and break. To explain further about each 

artifact, hack is a temporal visual freezing without human intervention. Startup delay is the 

extra required time before video playback can begin. Pause is quite similar to the hack but it 

occurs in longer time period than the hack, and human likely reacts to such artifact. Break is 



Chapter 3 QoD Quantification and Influential Factors 12 

 

 

 

a permanent visual termination. From the previously mentioned video artifacts, only hack, 

startup delay, pause and break artifacts are concerned in this research since occurrences of 

flickering, jerkiness and jitter do not add extra required time to video playback duration. In 

addition, hack artifact is also neglected because the observation of a very short period of 

time is not possible without the support from extra tool. 

In conclusion, startup delay, pause and break are related video artifacts which are 

concerned in this research. In the next section, quantification of these artifacts will be 

discussed. 

3.2 Quantification of Artifacts 

In this section, we are presenting metrics to quantify startup delay, pause and break artifacts 

so that extra required time can be evaluated. The process shall begin with exploring previous 

works to inherit their metrics. Later, the inherited metrics are improved so that startup delay, 

pause and break artifacts can be completely evaluated. 

Previous works have developed various frameworks for video artifacts quantification. 

However, most of them focus on spatial issues and picture quality, which does not 

correspond to the concept of QoD. Several works concentrate on temporal issue, delay of 

video playback. One of them [42] develops a new metric, pause intensity, which is a product 

of pause event number per unit time and pause duration, to quantify pause artifact of TCP 

video streaming. Besides, research in [23] also introduces new metrics to evaluate temporal 

quality of HTTP video streaming. The metrics are IBT, RBF, and MDRB. Looking in detail, 

the IBT quantifies startup delay artifact by indicating the required time for filling playout 

buffer before playback is able to start; MDRB quantifies pause artifact by indicating the 

average time required for refilling playout buffer when the re-buffering event occurs; and the 

RBF quantifies the pause artifact by indicating the frequency of re-buffering events. 

Therefore, the total period of pause artifact can be evaluated by product of MDRB, RBF and 

video length. 

We decide to inherit the metrics from [23] to quantify startup delay and pause artifacts. 

The aforementioned metrics are chosen because they can quantify three from four artifacts 

while the metric from [42] can quantify only one from four artifacts. Another advantage of 

inheriting the metrics from [23] in comparison with the metric from [42] is that the metrics 

independently provide magnitude and time period of re-buffering event rather than their 

product. This information will provide more understanding about QoD [17]. 

Since the inherited metrics have not been able to evaluate break artifact yet, we improve 

their metrics so that break artifact can be evaluated. To do so, we propose that the break 

artifact can be determined by defining the thresholds of IBT and MDRB as two hours. The 

reason behinds this is that TCP requires at least two hours to get break artifact. Because in a 

strong network outage, TCP will cut down a connection due to the timeout of keep-alive 

timer. The keep-alive timer is usually set to two hours in most implementation [43]. 

In conclusion, we use IBT, RBF and MDRB metrics to quantify startup delay, pause 

and break artifacts. The waiting time in terms of extra required time can be computed 

according to Eq. 1. 
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 Eq. 1 

Where: 

X = total extra required time [second] 

IBT = initial buffering time [second] 

RBF = rebuffering frequency [Hz] 

MDRB = mean duration of a rebuffering event [second] 

L = total video length [second] 

3.3 QoD Quantification 

As previously mentioned, only extra required time in video playback is concerned in this 

research, magnitude of extra required time is a good indicator of level of QoD. We call such 

level of QoD as degradation of QoD. To go into detail, the longer extra required time, the 

higher level of degradation of video quality in temporal domain. 

To compute degradation of QoD, we develop a new metric, namely QoD Degradation 

(QoDD) to present degradation of QoD due to occurrence of extra required time. QoDD is 

defined as the amount of extra required time (X) to complete video playback in proportion of 

video length (L). The definition formula is shown in Eq. 2. 

 

         
 

 
 

 

Eq. 2 

 

Where: 

X= total extra required time [second] 

L = video length [second] 

 

 

In an ideal case, the extra required time, X, is equal to zero. Hence, the highest level of 

QoDD is zero. In such case, an audience will not experience any buffering while watching 

video. In practice, however, the extra required time exists. In such case, the audience will 

experience some buffering while watching video and perceives lower video quality than in 

the ideal case. Eq. 3 presents QoDD in terms of IBT, RBF, MDRB and video length. 
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Eq. 3 

Where: 

IBT = initial buffering time [second] 

RBF = rebuffering frequency [Hz] 

MDRB = mean duration of a rebuffering event [second] 

L = total video length [second] 

 

It is important to mention that, for valid QoDD comparison between different cases, the 

same video length and video content should be applied. Otherwise, dissimilar workloads are 

given, which causes invalid comparison between different cases. In general, the exact same 

video file should be used on the different cases for valid comparison to ensure the same 

workload. 

By developing QoDD, we can determine QoD in an objective manner. In the next 

section, we are going to discuss artifacts which influence QoD since occurrences of these 

artifacts increase the extra required time to complete video playback and degrade QoD. 
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3.4 Exploration of Influential Factors 

Evidences of influential factors are found in mathematic models of IBT, RBF, and MDRB. 

These equations are proposed in [23]. The equations of IBT, MDRB and RBF are shown in 

Eq. 4 – Eq. 6. In these equations, playout buffer length, empty threshold of playout buffer, 

average TCP throughput, video bitrates, and video length are variables. Therefore, the 

fluctuating magnitude of these variables changes the values of IBT, RBF, and MDRB which 

exhibits influences QoD in terms of QoDD. 
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Eq. 4 

 
 

Eq. 5 

 
 

Eq. 6 

Where: 

BF = a playout buffer length threshold which causes a FULL signal [second] 

BE = a playout buffer length threshold which causes an EMPTY signal [second] 

V = video bitrate [bit per second] 

BW = average TCP throughput [bit per second] 

L = total video length [second] 

 

 

Based on the conclusions above, we explore influential factors by investigating what 

cause changes of the variables in the functions. We discard some variables in the writing as 

they rarely altered or their fluctuations do not correspond to system variance. Empty 

threshold of playout buffer is the first variable to be neglected. The reason is that the empty 

threshold often cannot be modified. For example, Adobe does not provide any method to 

configure the empty threshold [44]. The second variable to be discarded is video length as it 

depends on video material, but it is not related with system performance. 

In conclusion, we explore influential factors by concentrating on investigating factors 

which cause changes to threshold (BF), average TCP throughput (BW), or video bitrates (V). 

The exploration shall begin with factors in the network-stack layer to a factor in the network 

layer. At last, factors in the application layer are revealed. 

3.4.1 TCP Memory Size 

At the network-stack layer, various implementations of TCP result in differences of average 

TCP throughput. The research in [45] shows that size of TCP socket buffer size greatly 

correlates with TCP throughput. This is because the size of TCP socket buffer regulates 

sending windows by limiting advertised receiver window and limiting sending buffer space. 

The work also reveals that if the size of TCP socket buffer is correctly configured, TCP 

throughput is on a high level which is close to maximum link capacity. However, if the size 

is poorly chosen, the throughput is limited by maximum sending window size, or from burst 

of TCP flow. In addition, the research in [46] illustrates that tuning size of socket buffer on 
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both client and server are more effective than tuning only one side. However, socket buffer 

size is limited by TCP memory size since Linux kernel 2.4 [47].Therefore, TCP memory size 

influence average TCP throughput. The relationship between TCP memory size and average 

TCP throughput is shown in Eq. 7. 

3.4.2 TCP Congestion Control Algorithm 

Apart from TCP memory size, various implementations of TCP Congestion Control 

Algorithms (CCAs) bring about heterogeneous TCP throughput. Examples of such case are 

found in [48, 49]. The reason which causes diverse throughput is that CCA manipulates the 

size of congestion window, and different algorithms provide different ways to control. As a 

result, sending window size is diverse from one algorithm to another, which consequently 

results in heterogeneous throughput. The relationship between TCP memory size, congestion 

window size and average TCP throughput is shown in Eq. 7. 
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Eq. 7 

Where: 

BW = average TCP throughput [byte per second] 

RTT = connection round-trip time [second] 

Swnd = sending window size [byte] 

Wcon = sender congestion window size [byte] 

Wack = receiver acknowledged window size [byte] 

Sbuf = sender socket buffer size [byte] 

Rbuf = receiver socket buffer size [byte] 

Rmem = TCP read memory [byte] 

Wmem =  TCP write memory [byte] 

 

3.4.3 Delay Variation 

By investigating at network layer, Delay Variation (DV) significantly causes changes in TCP 

throughput. The research in [50] reveals that high degree of DV causes spurious TCP 

timeout which consequently induces unnecessary data retransmission. The phenomenon of 

unnecessary data retransmission occurs because the packet with extra high delay exceeds 

Retransmission Time-Out (RTO) timer. The packet is then treated as packet loss which 

triggers retransmission and reduces sending windows size. In order to mitigate the effect of 

such phenomena, increasing tracked packets’ Round-Trip Time (RTT) to increase DV has 

been proved to regain some throughput since RTO timer is raised higher [51]. Figure 11 

illustrates unnecessary retransmission which is caused by a high-delay packet and spurious 

timeout. 
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Figure 11 Spurious Retransmission 

3.4.4 Playout Buffer Length  

At application layer, various designs of video player lead to different video quality. One 

research proposes several models of video player from simple stalling model, which has very 

short length of playout buffer, to YouTube model, which has a longer playout buffer [22]. 

Their experiments reveal that the number and duration of re-buffering events change when 

playout buffer length is changed. Similar results are found in [52] where long length of 

playout buffer reduces probability of re-buffering event while increasing re-buffering 

duration. 

3.4.5 Video Bitrate 

Another factor in application layer which greatly influences video quality is video bitrate. 

The higher bitrate, the more data needed to fill the playout buffer (given a fixed buffer length, 

for example, 3 seconds), so the more time to start play or resume from rebuffering. Today, 

many video content publishers offer various video bitrates to users. Examples can be found 

on YouTube [5] and Metacafe [7] where choices of video bitrate (in terms of resolution) are 

provided to users. 

In conclusion, TCP memory size, TCP CCA, DV, playout buffer length and video 

bitrate are influential factors of QoD. Other factors are neglect in the writing since they are 

rarely altered or their fluctuations do not correspond with system variance. To provide a 

clear picture of the influential factors, [36] categorizes these factors into different layers. 

Figure 12 illustrates these new proposed factors according to our QoD hour glass model 

(Figure 9, page 9). 
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Figure 12 Factors and the QoD Hour Glass Model 

Up to now, we developed a technique to quantify QoD and got influential factors which 

degrade QoD. Furthermore, the RQs 1–2 are answered. In the next chapter, empirical 

experiments are designed to investigate the relationships between the influential factors and 

QoD. 
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4 Experiment Design 

In this chapter, we study relationships between influential factors and QoD in terms of 

QoDD so that RQs 3–7 can be preliminarily answered. To do so, we design experiments to 

observe the magnitude of IBT, MDRB, RBF and QoDD when influential factors are varied. 

In brief of experiment design, three main computers are used to delivery video. These are a 

streaming server where video files are stored, a network emulator for emulating network 

factors and a client where video files are played. Figure 13 illustrates the aforementioned 

three main computers and their connections. 

 

ClientNetwork emulatorStreaming server
 

Figure 13 Basic Experiment System 

The design process begins with “Parameter Space” where influential factors are 

factorized, and experiments are defined. After that, test bed and tools which are required to 

fulfill the experiments are chosen or developed. Finally, a new developed video player for 

QoD quantification is validated through performance evaluation. 

4.1 Parameter Space 

Here we design the parameter space for a series of experiments as shown below. 

4.1.1 Experiment 1: TCP Memory Size 

This experiment tries to answer RQ 3. 

To observe how TCP memory size affects QoD, we increase TCP-write-memory size on 

server and TCP-read-memory on client from 16 KB to 64 MB while fixing other TCP 

memories at 250 KB. There are two main reasons for choosing such TCP memory sizes. The 

first reason for fixing other TCP memories at 250 KB is that other TCP memories, which are 

TCP-read-memory on server and TCP-write-memory on client, do not involve in downlink 

throughput as described in [45]. The second reason for setting 16 KB as a minimum size is 

that it is the default initial TCP memory size in Linux kernel 2.6 [47]. Table 1 on page 21 

reviews previously mentioned configurations. The rest of configurations are set according to 

baseline 1 which is shown in Table 2 on page 22. 
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4.1.2 Experiment 2: TCP Congestion Control Algorithm 

This experiment tries to answer RQ 4. 

To observe how different TCP CCAs affect QoD, we change TCP CCA from the 

default CUBIC to Reno, Highspeed, Westwood, Hybla, Illinois, Scalable, Vegas, Veno, BIC, 

CTCP, HTCP and YEAH. The reason behind choosing such TCP CCAs is that these 

algorithms are dominantly available on Internet today [53]. However, we have to exclude 

CTCP from this experiment since the website which provides a required patch for enabling 

CTCP on Linux is not available during the project time [54]. Besides, LP is available by 

default on Ubuntu 10.04 in addition to previously mentioned algorithms. 

In addition, the research in [55] found that some CCA performed better than others 

under a specific delay, DV and loss. Therefore, we also changes one-way DV for each 

direction between 0–50ms and loss between 0–1% in order to observe relationships between 

these three factors. It is worth to note that we always mean the same “one-way” 

configuration for both directions unless with other statements. Table 1 reviews previously 

mentioned configurations. The rest of configurations are set according to baseline 2 which is 

shown in the Table 2. 

4.1.3 Experiment 3: Delay Variation 

This experiment tries to answer RQ 5. 

To observe how different levels of DVs affect QoD, we increase DV from 0ms to 50ms. 

In addition, we also change delay between 1 and 245ms in order to observe how various 

levels of delay together with DV affect QoD. It is important to note that TCP-write-memory 

sizes of server and TCP-read-memory size of client are set to 1 MB since we observed from 

previous experiment that QoD is low when the sizes are set to 1MB. Table 1 reviews 

previously mentioned configurations. The rest of configurations are set according to baseline 

2 which is shown in the Table 2. 

4.1.4 Experiment 4: Playout Buffer Length 

This experiment tries to answer RQ 6. 

To observe how TCP playout buffer length affects QoD, we change playout buffer 

length between 1 second and 6 seconds. The reason for choosing such playout buffer lengths 

is that the YouTube uses 3 seconds in its video player [23]. Moreover, we observes that a 

playout buffer length which is shorter than 1 second is not suitable for being used since it 

generates unexpected NetStream signals which do not correspond with a state diagram 

shown in Figure 13. Therefore, we investigate playout buffer length between 1–6 seconds. 

In addition, we also change random loss rate and DV together with changes of playout 

buffer length so that we can observe relationships between these three factors. To do that, we 

separate this experiment into two sub-experiments. In the first sub-experiment, we change 

loss between 0–1% together with changes of playout buffer length between 1–6s. For the 

second sub-experiment, we change DV between 0–10ms together with changes of playout 



Chapter 4 Experiment Design 20 

 

 

 

buffer length between 1–6 seconds. Table 1 reviews previously mentioned configurations. 

The rest of configurations are set according to baseline 3 which is shown in the Table 2. 

4.1.5 Experiment 5: Video Bitrate 

This experiment tries to answer RQ 7. 

To observe how video bitrate affects QoD, we change video resolution between 360P, 

480P, 720P and 1080P in order to produce video bitrates of 378, 624, 1426 and 3364 Kbps. 

The reason for choosing such video resolution is that we observe that YouTube offers those 

resolutions to user. 

Furthermore, we also change random loss rate and DV together with changes of video 

bitrate so that we can observe relationships between these three factors. To do that, we 

separate this experiment into two sub-experiments. In the first sub-experiment, we change 

loss between 0–1% together with the changes of video resolutions which were previously 

described. For the second sub-experiment, we change DV between 0–14ms together with the 

changes of video resolutions. Table 1 reviews previously mentioned configurations. The rest 

of configurations are set according to baseline 3 which is shown in the Table 2. 
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Table 1 Parameter Space 

Factors Experiment Number Independent Variables 
Control 

Variables 

TCP memory size Experiment 1: TCP memory sizes 

 TCP-write-memory 16 KB – 64 MB [by 16KB, 32KB, 64KB, 128KB, 256KB, 512KB, 

1MB, 4MB, 8MB, 16MB, 32MB, 64 MB]  

 TCP-read-memory 16 KB – 64 MB [by 16KB, 32KB, 64KB, 128KB, 256KB, 512KB, 1MB, 

4MB, 8MB, 16MB, 32MB, 64 MB] 

Baseline 1 

TCP CCA 

Experiment 2.1: TCP CCAs with different levels of random 

loss rate 

 Reno, Highspeed, Westwood, Hybla, Illinois, Scalable, Vegas, Veno, BIC, CUBIC, HTCP, 

YEAH and LP. 

 Random loss 0 – 1% [0%, 0.2%, 0.4%, 0.6%, 0.8%, 1.0% for both directions] 

Baseline 2 
Experiment 2.2: TCP CCAs with different levels of DV 

 Reno, Highspeed, Westwood, Hybla, Illinois, Scalable, Vegas, Veno, BIC, CUBIC, HTCP, 

YEAH and LP 

 DV 0 – 50 ms [10, 20, 30, 40, 50 ms for both directions] 

Delay Variation Experiment 3: DVs with different levels of delay 

 DV 0 – 50 ms [1, 4, 7, 10, 13, 16, 19, 22, 25, 28, 31, 34, 37, 40, 43, 46, 49 for both 

directions] 

 Delay 1 – 245 ms [1, 11, 21, 31, 41,50, 65, 80, 95,110, 125, 140, 155,170, 185, 200, 215,230, 

245 ms for both directions] 

Playout buffer length 

Experiment 4.1: Playout buffer length with different levels of 

loss rate 

 Playout buffer length 1 – 6 seconds 

 Random loss 0 – 1% [0, 0.2%, 0.4%, 0.6%, 0.8%, 1.0% for both directions] 

Baseline 3 

Experiment 4.2: Playout buffer length with different levels of 

loss rate 

 Playout buffer length 1 – 6 seconds 

 DV 0 – 10 ms [0, 2, 4, 6, 8, 10 ms for both directions] 

Video bitrate 

Experiment 5.1: Video bitrate with different levels of loss rate  

 Video resolution 360P (378Kbps), 480P (624Kbps), 720P (1426 Kbps) and 1080P 

(3364Kbps) 

 Random loss 0 – 1% [0, 0.2%, 0.4%, 0.6%, 0.8%, 1% for both directions] 

Experiment 5.2: Video bitrate with different levels of loss rate 

 Video resolution 360P (378Kbps), 480P (624Kbps), 720P (1426 Kbps) and 1080P 

(3364Kbps) 

 DV 0 – 14 ms [0, 2, 4, 6, 8, 10 ms for both directions] 
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Table 2 Experiment Baselines 

4.2 Development of Test Bed and Tools 

After the decision of tuning parameters, this subchapter discusses about components and 

tools to conduct and measure the previously designed experiments. 

4.2.1 Test Bed 

Though there are three main computers involved in video delivery process which was 

mentioned before, additional two computers are designed to support experiments. Therefore, 

total five computers are designed to use in our study. These computers are streaming server, 

network emulator, client, measurement point (MP), and experiment controller.  

To go into detail of each computer, the streaming server is set up with Nginx version 

1.2.0. The reason for choosing Nginx is that it consumes lower memory and is more efficient 

than Apache [56]. The low memory consumption of Nginx is critical in our experiment since 

our streaming server has quite small amount of RAM. 

The client is setup with a video player for QoD quantification. More details about the 

video player can be found in section 4.2.2. 

The network emulator is set up with NetEm. There are two reasons for choosing NetEm. 

The first reason is that it is built into Linux kernel. Therefore, no additional software is 

required. The second reason is we experience that NetEm could work in an accurate way [57, 

58] and it provides higher accuracy for random loss rate when being compared with KauNet. 

Distributed Passive Measurement Infrastructure (DPMI) version 0.7.6 is installed on the 

MP computer [59]. There are two reasons for choosing DPMI. Firstly, DPMI provides higher 

time accuracy than general tcpdump since DPMI is built with high-precision hardware 

Control variables Configurations 

Baseline 1 

Server 

 CCA: CUBIC 

 TCP-write-memory size: 250 KB 

 TCP-read-memory size: 250 KB 

 Ubuntu 10.04 

Client 

 CCA: CUBIC 

 TCP-write-memory size: 250 KB 

 TCP-read-memory size: 250 KB 

Video 

 Playout buffer length: 3 seconds 

 Video resolution: 1080P 

 Video file: Sintel.flv 

Network condition 

 One-way delay: 200ms for each direction 

 Link bandwidth: 10 Mbps 

Others 

 Repetition of each test: 32 times, otherwise 

specified 

Baseline 2 

 Based on Baseline 1 

 Replace TCP-write-memory size on server with 

1MB 

 Replace TCP-read-memory size on client with 

1MB 

Baseline 3 
 Based on Baseline 2 

 Replace CCA on server side with Hybla 
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timestamp clock [59, 60]. Secondly, we could get support from DPMI developers so that the 

modification of DPMI to match project requirement is more convenient than using other 

alternative tools. 

In addition to the previously mentioned four computers, we also setup another computer 

to be an experiment controller. The controller is setup with our “automatic experiment 

controller” which is detailed in section 4.2.3. 

Clocks on all the computers are properly synchronized with a GPS-NTP server. All the 

computers are set up with Ubuntu 10.04 32 bit, except MP which is setup with Crux 2.6. The 

hardware specification of streaming server and client can be found in Table 3 below. 

Table 3 Server and Client Specification 

Server Client 

CPU: Intel Celeron 700 MHz 

RAM: 384 MB 

Network Card: D-Link DFE-530TX REV-

A3-1 10/100 PCI Ethernet Adapter 

OS: Ubuntu 10.04 32 bit (server version) 

CPU: AMD Athlon 64 X2 5000+ 1GHz 

RAM: 2 GB. 

Network Card: D-Link DFE-530TX REV-

A3-1 10/100 PCI Ethernet Adapter 

OS: Ubuntu 10.04 32 bit (desktop version) 

 

For networking information, the network is setup with a 10 BASE-T full-duplex 

connection which offers a maximum bandwidth of 10Mbps. Two wiretaps (VSS monitoring 

10/100 1x1) are installed on the network so that more accurate one-way measurement is 

possible. Figure 14 illustrates all aforementioned components together with the network 

setup. It is notable that the experiment controller is not shown in the figure since it is not 

directly involved in the experiments and result. 

At this point, computers and network are setup. In the next paragraph, we are going to 

choose a video streaming platform for the experiments. 

 

Client

(Ubuntu 10.04

with Adobe Flash player)

Network emulator

(NetEm)

Streaming server

(Ubuntu 10.04

with Nginx) 

MP

(DPMI)

Wiretap Wiretap

10 Mbps

Tap links

 

Figure 14 Complete Experiment System 

Despite many video platforms have been developed to offer video streaming over HTTP 

(for example, QuickTime, Adobe Flash, Silverlight, and HTML5), not all the platforms are 
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widely available today. One video platform which has been available and widely used for a 

long time is Adobe Flash [61]. The availability of Adobe Flash can be seen from supports by 

popular video content publishers such as YouTube, Vimeo and Metacafe. Though some of 

these video content publishers are evolving their systems to support HTML5 together with 

Adobe Flash, the development of HTML5 has not completed yet [62] and may require many 

years to be done. For the aforementioned reasons, Adobe Flash is chosen to be a multimedia 

framework in this research. 

With regard to video delivery method, we apply progressive download because it 

provides simpler implementation than the one produced by HTTP dynamic streaming since 

progressive download does not require extra software installed on server side [63] as 

required by HTTP dynamic streaming [64]. 

In the following sections we are presenting development of two tools which are used in 

the experiments. The first tool is a video player for QoD quantification. The second tool is an 

automatic test system for assisting empirical experiments. 

4.2.2 Development of Video Player for QoD Quantification 

In order to quantify QoD, a video player is developed for quantification of startup delay and 

pause artifacts in terms of IBT, MDRB and RBF. To develop the video player, Adobe-

Apache Flex [65] is chosen as a development tool for developing the video player, based on 

Adobe Flash technology. The benefit of using such development tool is that it is publicly 

available throughout the Internet while the other tool, namely Adobe Flash CS5, is only 

available for commercial purpose. 

Development of video player begins with writing a code in ActionScript3 (AS3), 

followed by compiling the code to an “swf” file (the player) with Apache Flex SDK. Usually, 

the completed video player is embedded to an HTML webpage which is later executed and 

run in a web browser.  

However, in this research, we decide to run the video player on Adobe Flash debugger 

instead of web browser. Since the debugger offers trace generation which is useful to track 

video player operation, and making use of debugger could get rid of the influence of the 

browsers. For more details about software versions, Flex version 4.6 and Flash debugger 

version 11.2 are used in this research. 

With regard to coding, the main classes which are used to implement a video player are 

NetConnection, NetStream and StageVideo classes. To go into detail of each class, the 

NetConnection class is used to establish a two-way connection between client and server. 

The NetStream class is used for accessing video content over an established connection. The 

StageVideo class provides decoding and visualization of video picture. To code a simple 

video player, a NetConnection object is constructed first. Secondly, the NetStream object is 

constructed over the NetConnection, and then the object is attached to StageVideo. Finally, 

NetStream.play() is executed to begin video playback. Code 1 is an example of basic video 

player code which is previously described. 
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Code 1 

nc = new NetConnection(); 

nc.connect (null); 

ns = new NetStream(nc); 

vid.attachNetStream ( ns ); 

ns.play("http://.../vdo.flv"); 

 

To track startup delay and pause artifacts, NetStatusEvent class that contains signals and 

informs playback status is used. To get the signals, an event listener must be attached to 

NetStream object and passes inherited signals to another function for further processing. 

Table 4 shows the signals and corresponding playback status. Code 2 shows an example of 

getting playback signals. 

Measuring IBT and MDRB can be achieved by the following processes. Measuring IBT 

by reading a timestamp before executing NetStream.Play(), and reading another timestamp 

after receiving NetStream.Buffer.Full. Then IBT is the time difference between these two 

timestamps. Measuring MDRB could be done by reading a timestamp after receiving 

NetStream.Buffer.Empty, and reading a timestamp after receiving NetStream.Buffer.Full. The 

time difference is added to a total re-buffering time counter. Besides, the counter of re-

buffering events is also increased for every received NetStream.Buffer.Empty event. The 

MDRB is an average of time differences between the empty-full timestamp pair of each re-

buffering event. Such procedures are briefly described in Table 5. The flowing diagram of 

overall process is illustrated in Figure 15. It is important to note that in Figure 15 we observe 

unexpected behaviors that the NetStream.Buffer.Full and NetStream.Buffer.Empty may 

repeat their state when playout buffer length is not set properly. However, with a playout 

buffer which is not less than 1s and careful detection in the coding, we don’t experience such 

case during the experiment. 

Table 4 Adobe Flash Signals and Status 

Signals Playback Status 

NetStream.Play.Start Video streaming has started 

NetStream.Play.Stop Video streaming has stopped 

NetStream.Buffer.Empty 
Data in playout buffer reach the low threshold and 

video playback is pause 

NetStream.Buffer.Full 
Data in playout buffer reach the high threshold and 

video playback is resume 

NetStream.Buffer.Flush 
Steaming is completed. All video data is resided in 

playout buffer 

 

Code 2 

ns.addEventListener(NetStatusEvent.NET_STATUS, statusHandler); 

function statusHandler(event:NetStatusEvent):void{ 

    trace(event.info.code); 

} 
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Table 5 Artifacts, Metrics and Procedures 

Artifacts Metrics Procedures 

Hack Not available due to limitation of study (described in Chapter 3) 

Startup 

Delay 
IBT 

1. Record a timestamps when executes NetSream.play() 

2. Record another timestamp when receive 

NetStream.Buffer.Full.  

3. Calculate the time difference for IBT. 

Pause 

MDRB 

1. Record a timestamps when receives NetStream.Buffer.Empty 

while playing video 

2. Record another timestamp when receiving 

NetStream.Buffer.Full. 

3. Calculate the time difference for increasing the total re-

buffering time. 

4. Count number of NetStream.Buffer.Empty signals 

5. Once video playback is complete, calculate MDRB from the 

total re-buffering time by the number of 

NetStream.Buffer.Empty signals 

RBF 

Once video playback is complete, calculate RBF from the number 

of NetStream.Buffer.Empty signals by video length 

Break 
IBT & 

MDRB 
Observe thresholds of IBT and MDRB not to exceed 2 hours 

 

 

Start

Execute: 
NetStream.play()

Get: 
NetStream.Buffer.Full

Get: 
NetStream.Buffer.Flush

End

① 

Get: 
NetStream.Buffer.Empty

②

③

① is measured as initial buffering 
time;
② is counted as a rebuffering event;
②->③ is measured as rebuffering 
time.

Calculate & Store
IBT, MDRB, RBF

 
Figure 15 NetStream Diagram 
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4.2.3 Development of Automatic Test System 

Since this research is based on empirical experiments, it is found that a lot of manual 

operations are required to be done in order to perform the experiments. Examples of such 

operations are setting configurations, monitoring system and collecting experiment results. 

Nevertheless, there is limited man power to handles such operations in this research. 

Therefore, it is necessary to develop an automatic system so that all experiments can be done 

within available man power. 

From the aforementioned need, in the research, an application named experiment 

controller is developed to assist the experiments. The experiment controller is designed to 

provide automatic tasks handling so that experiments require lower human intervention than 

before. Besides, the software also improves reliability of performing experiment since 

computers has higher reliability than human being, especially when repeating actions [66]. 

Tasks which are handled by the experiment controller are preparing database, 

distributing experiment configurations and saving results of the experiment to database. To 

go into detail about preparing database, the experiment controller reads a configuration file 

then creates a table in database. In the next process, each row in the table is filled with a 

unique test number, and each column is filled with experiment configurations. Experiment 

configurations are loss rate, delay, DV, playout buffer length, video bitrate, TCP memory 

size and TCP CCA. For details about distributing experiment configurations, experiment 

controller reads experiment configurations from database, and then sends to other computers 

over a control network. On each computer, there is a manager application, an additional 

application designed for task handling, which receives the experiment configurations and 

applied such configuration to its machine. 

To go into detail about manager applications, we develop the following managers to 

assist experiment controller: TCP configuration manager, MP manager and emulator 

manager. The TCP manager takes responsibilities for adjusting TCP memory size and 

changing TCP CCA. The applications are installed on webserver and client. MP manager is 

responsible for enabling data capturing. Emulator managers take responsibilities for setting 

loss rate, setting delay and setting DV. The player manager will restart the player for every 

video playback. Apart from these managers, the video player also communicates with the 

experiment controller to receive playout buffer length and video bitrate configurations, and 

to send results of the experiment back to experiment controller once each test is done.  

To implement the experiment controller and their related managers, Perl 5 is used. The 

reason for choosing Perl is that it is a scripting language so that modification of these 

applications is more convenient than choosing other languages. In addition, Perl is ready to 

use without extra installation on Ubuntu 10.04. 

For more information about implementation, the TCP memory size is adjusted via 

commands “sysctl -w net.ipv4.tcp_rmem” and “sysctl -w net.ipv4.tcp_wmem”. The minimum, 

default and maximum values of TCP memory are assigned to be the same value in order to 

force OS to only use the given size regardless of server memory and connection performance 

[47, 67]. Emulating delay and DV are done by setting one-way delay and one-way DV on 

down and up links. Such settings are done via commands “tc qdisc add dev ethX parent 1: 

handle 10: netem delay ${delay}ms ${DV}ms distribution normal loss ${loss}%”. Playout 
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buffer length is set via NetSteam.bufferTime. Video files are encoded to different resolution 

from frame-pictures using software FFmpeg. 

In conclusion, the experiment controller and their related managers are developed in this 

project in order to reduce manual operation required to perform experiment. The design is 

illustrated in Figure 16. 

 

TCP config 
manager 

(server side)

MP 
manager

Emulator 
manager

TCP config 
manager 

(client side)
Video player

Controller

Database

Player 
manager

 

Figure 16 Automatic Test System 

4.3 Validation of Video Player Performance 

In this section, we evaluate a developed tool to ensure suitability of experiment design which 

will bring about quality of experiment result. To go into detail, there are two concerns which 

are found by using our video player. The first one is that performance of Adobe Flash 

debugger is currently unknown. The second concern is that timestamp accuracy of Adobe 

Flash is never revealed before. These concerns bring about evaluation of correctness of IBT, 

MDRB and RBF since these metrics depends on the performance of video player and 

timestamp accuracy. To clear the aforementioned concerns, two experiments are conducted. 

The performance of Adobe debugger when being compared with web browser is examined 

in one experiment while the timestamp accuracy of Adobe Flash is inspected in the other one. 

4.3.1 Performance of Adobe Debugger 

The reason why Adobe Flash debugger may show different performance from realistic 

system, a web browser, is that the debugger normally handles more activities than a normal 

application. Such extra activities are code debugging, log generation and resource 

monitoring. Debugger application therefore runs slower than normal application, and may 

provide unreliable performance on time sensitive tasks such as measuring IBT, MDRB and 

RBF. 

To investigate the performance of Adobe Flash debugger when being compared with 

web browser, two different systems are set up. The first system runs video player application 

in a web browser, Firefox version 10.9.8 with Adobe Flash plugin version 11.10.98. For the 

second system, it runs the video player application on Adobe Flash debugger version 11.2. 

Besides, other configurations are set up according to baseline 1 which can be found in Table 

2 (page 22). For further details, video playback is repeated 750 times. Average and Standard 

Deviation (SD) of IBT, MDRB and RBF of each system are computed and shows in Table 6 
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below. The result shows that the performance of Flash debugger is different from the 

performance of web browser plugin. 

Table 6 Web Browser and Flash Debugger 

Players 
IBT[ms] MDRB[ms] RBF[HZ] 

Mean SD Mean SD Mean SD 

Web Browser 4216.48 49.09 2432.00 60.51 0.01 0 

Flash Debugger 4207.03 61.19 2931.78 72.46 0.01 0 

4.3.2 Accuracy of Timestamp Function 

Since measurement of IBT and MDRB are implemented using Adobe’s timestamp function, 

it is necessary to ensure accuracy of the timestamp function since inaccurate timestamp 

brings about untrustworthiness measurement. 

Research in [68] develops a method to evaluate timestamp accuracy of application by 

referencing with high accuracy timestamp system, named DPMI (detailed in Section 4.2.1). 

We apply the aforementioned method since access to DPMI is available. To implement the 

method, three applications are developed. These applications are packet sender, packet 

receiver and network observer. Sequences of verification process are described as follows. 

The sender sends out one packet every 10ms for 1 500 000 packets (the packets which 

cannot be distinguished by the player are discarded). To go into detail, the number of 

generated packet is 100 times of the number of packets for each video which is used in this 

research. The receiver records all the generated packets, generates timestamp of each packet. 

Then we calculate the Inter-Packet Time (IPT) between every two continuous packets (IPTr, 

a). The network observer reads high-accuracy timestamp from MP and then calculates the 

time interval at link layer (IPTr, l) using high accuracy timestamp. At last, the timestamp 

accuracy (  ) is calculated by equations Eq. 8 - Eq. 10 [68]. The result shows that each 

timestamp’s accuracy error is 22ms. 

Figure 17 illustrates the aforementioned process. Figure 18 shows   of each IPT pair as 

well as the statistics of  . Figure 19 provides the distribution of  . 

 

                                 

 
                                   

 

    |            |  |            | 

Eq. 8 

 

Eq. 9 

 

Eq. 10 
Where: 

  = side (sender / receiver) 

  = layer (application / link) 

K = packet index number 

T = a timestamp of one packet [ms] 

  = difference of one IPT pair (application layer IPT and corresponding link layer IPT) [ms] 

   = timestamp accuracy [ms] 
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Figure 17 Accuracy of Timestamp Function 

 
Figure 18   of Each IPT Pair 

 
Figure 19 Distribution of   

At this phase, experiments are completely designed. A video player for QoD 

quantification is evaluated. Then the designed experiments will be conducted. The 

experiment results are IBT, MDRB and RBF. However, these data could not completely 

answer RQs 3–11 since QoDD and models of relationships do not exist. In the next chapter, 

we are going to discuss post processing which generates QoDD and models using IBT, 

MDRB and RBF. 
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5 Post Processing 

In this chapter, we discuss about post processing which is used to develop QoDD and models 

of relationships. The post processing is a crucial operation in this research since the data 

which are derived from the experiments cannot yet answer the RQs 3–11. Therefore, the post 

processing is required for further analysis on the derived data so that the RQs can be 

properly answered. 

Briefly, only timestamps of video playback status are gain during the experiments. The 

timestamps are then computed for metrics, which are IBT, MDRB and RBF, inside the video 

player. After that, the metrics are stored into a database for post processing. Later, the post 

processing calculates QoDD from the stored metrics, and all the aforementioned metrics are 

models to establish the relationships between influential factors and QoD. By doing so, the 

RQs 3–11 are completely answered. Furthermore, plots of the relationship models are also 

plotted at the end of post processing to provide easier visual analysis on experiment results. 

The Figure 20 illustrates the previously mentioned procedures. 
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Figure 20 Post Processing 

The information in this chapter begins with data modeling to explain how the 

relationships between influential factors and QoD are revealed using numerical methods. 

Together with data modeling, plotting of models are explained and verification of models are 

discussed at the end. 

5.1 Data Modeling 

When there is one predictor, 2D plotting is used. Sometimes, there are two predictors. 

Therefore, we generate 3D scatter plots. However, it is hard to analyze the patterns or trends 

in the scatter plots. Fortunately, the visual information can be greatly enhanced by 

computing and plotting smoothed response surface [69]. Therefore, modeling the 

relationships in the data is done first which is then followed by analyzing the model and the 

surface instead of analyzing the original scatter plots directly. 
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There are many modeling methods separated into two categories, parametric regression 

analysis [70] and non-parametric regression analysis [71]. The data-driven non-parametric 

regression analysis, for example, Artificial Neural Network (ANN) modeling [72] could 

provide more flexibility [73]. But the relationships given by them could not be known and 

are unspecified, and are not convenient to be calculated [71, 73]. On the other hand, the 

parametric regression continues to be one of the most useful tools in the quantitative analysis 

phase [72]. In this paper, the parametric regression is used so we and any other researchers 

could get the models and analyze them more easily in a quantitative way. 

5.2 Parametric Regression Analysis 

There are two kinds of parametric regression analysis. One is linear regression, the other one 

is non-linear regression. When the true relationships are unknown and the finality is to 

adequately represent the response in the experimental domain, making use of general linear 

regression is more suitable for the project [74]. 

In statistics, linear regression models often take the form of Eq. 11 [70, 75, 76, 74, 77, 

78]. The response y is modeled as a linear combination of (not necessarily linear) functions 

of the predictors, plus a random error  . The             are the coefficients. Error   is 

assumed to be uncorrelated and distributed with mean 0 and constant (but unknown) 

variance. 

1 1 2 1 1 2

00 10 1 11 2 1 1 220 21 222 2
0

1( ) ( ) ( )
j

n

n j
j

n jy x x x x x x x x       



        

( 0,1,2,...)n   

Eq. 11 

This polynomial model is selected under linear regression considering our project’s 

situation and the previous discussion. There are two reasons for selecting this model. Firstly, 

it could generally represent complicated relationship [79]. Polynomials are widely used in 

situations where the response is curvilinear, as even complex nonlinear relationships can be 

adequately modeled by polynomials over reasonably small ranges of the x's. Secondly, it is 

mathematically simple. The polynomial model is in fact Taylor Series Expansion. It is easy 

to alter the order (degree) of one model [80]. 

When considering the order, on one hand, the lack of fit is not serious enough to alter a 

model, especially when the model is used for explanation instead of prediction [81]. On the 

other hand, the plot of a good regression model should have a random style [82]. Otherwise, 

there is high possibility that the assumptions of regression analysis are violated [83]. Ideally, 

the model residuals are randomly independently distributed. That is, the residuals should 

have no particular trend / pattern / autocorrelation [84, 85]. But detecting such an 

autocorrelation is difficult; thus the Durbin-Watson statistic (DW) is generally used [86]. 

There are two statistic values derived from DW:     and   . The higher the    , the less 

autocorrelation obtained [78, 87]. So the best regression analysis result has “the smallest 

    value” without “ ” correlation coefficient in the regression analysis result, as the 0 

coefficient is meaningless [88]. 
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5.3 Implementation and Demonstration 

As the calculation is time-consuming, Matlab is used to get the regression analysis results 

instead of manual computation. The used function is named “       ” which implements 

the least-square method to perform the regression. Then the response surface is plotted by 

using the function “surfc”. 

In practice, the “      ”function in Matlab is being used to process DW statistic: 

“                        ”. Where “   ” is the array of the residuals, “ ” is the 

design matrix of the empirical data [78, 87]. 

For example, Figure 21 is the experimental data, it seems that there are two groups of 

data, but it is not easy to see the patterns clearly. 

 

 
Figure 21 Original Experimental Data 

Figure 22a shows the response surface calculated by regression analysis having the 

order of 3, where the               . The Corresponding residual case plot is shown 

in Figure 22b. There are obvious repetition patterns / similarities (marked by black bars) in 

the plot. The values have a period around 20. 

When the order increases to 6, the regressed response surface becomes Figure 22c, 

where              . The new residual case plot (Figure 22d) does not show clear 

patterns. 
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Figure 22 Demonstration of Regression 
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6 Results, Analysis and Verification 

In this chapter, results of experiments are presented as models of relationships between 

influential factors and QoD. Besides, analyses of the results are also developed under the 

relationship models. The presented results are complete answers to RQs 3–11. The summary 

of experiment results can be found in Table 9 in Appendix B. 

6.1 Experiment 1: TCP Memory Size 

Figure 23a-c show the data of IBT, RBF and MDRB, when TCP memory size is changed 

between 16KB-64MB. The goodness of fit is measured by R2, coefficient of determination, 

which is 0.9988 for the model of IBT, 0.9914 for the model of RBF, 0.9976 for the model of 

MDRB, and 0.9987 for the model of QoDD. The equations which express the relationships 

can be found in Appendix A. Note that one black point means a single test for each 

configuration, that is, no repetition in this experiment. 

The models in Figure 23a-d reveal that TCP memory influences QoD since levels of 

IBT, MDRB, RBF and QoDD change when there are changes of TCP memory size as 

described in the following sentence. Reducing TCP memory size below 250 KB sharply 

increases value of all metrics while increasing TCP memory size over 250 KB slightly 

decreases value of all metrics. The rising value of all metrics corresponds to the suggestion 

found in [45], which states that a TCP socket buffer size which is smaller than Bandwidth 

Delay Product (BDP) limits maximum throughput of connection. The limited throughput 

consequently slows down buffering process which produces higher IBT, MDRB, RBF and 

QoDD. However, the research cannot explain why a TCP memory size, larger than BDP, 

offers lower IBT, MDRB, RBF and QoDD than the level which a TCP memory size at BDP 

can provide. One possible explanation is that actual TCP socket buffer size is smaller than 

TCP memory size as described in Linux manual [47]. This explanation however needs 

further investigations since the actual socket buffer size is not logged during the experiment. 

Besides, the confirmation of influence, Figure 23a, b, and d exhibits that a size of TCP-

write-memory affects IBT, MDRB and QoDD differently from the same size of TCP-read-

memory can do so. This is because in the models of the Figure 23a, b, and d, there is a slope 

on the left edge which is steeper than the one on the right edge. Furthermore, Figure 23a-d 

reveal that the lowest level of IBT, MDRB, RBF and QoDD can be achieved only when size 

of TCP-write memory and TCP-read memory are augmented at the same time. Increasing 

only one type of memories is not sufficient to gain the lowest level of them. 

The results of the experiment suggest that managing TCP memory size is a way to 

improve QoD. In order to achieve the lowest QoDD, TCP-write-memory size and TCP-read-

memory size should be set to be larger than BDP. The results of this experiment reveals that 

setting TCP-write-memory size to 1MB together with setting TCP-read-memory size to 1MB 
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yields the lowest QoDD at 0.05 while setting the memory size to BDP yields QoDD at 0.07. 

Increasing TCP memory size can be implemented in Linux kernel 2.6 by augmenting default 

and maximum values of tcp_wmem and tcp_rmem, to force operating system to allocate 

memory size which is larger than BDP [47, 67]. The values should be set as high as possible 

in order to handle high BDP connection. In addition, minimum value of tcp_wmem and 

tcp_rmem should be judged carefully in order to retain QoD at a high level in case operating 

system operates on memory pressure mode. 

 

 

(a) 

 

(b) 

 

(c) 
 

(d) 

Figure 23 TCP Memory Size 

Though the lowest QoDD can be gained only when the sizes of TCP-write-memory and 

TCP-read-memory are increased at the same time, however, access to client is usually 

limited; hence adjusting TCP-read-memory size is almost impossible. Figure 24 shows 

QoDD in another way, for example, the red one is fixing TCP-read-memory at BDP while 

changing TCP-write-memory from 64 KB to 64 MB. The result shows that increasing only 

TCP-write-memory size over BDP still reduces QoDD at almost the same level as increasing 

sizes of the both memories. 

Apart from sizing TCP memory, the result of the experiment hints another clue that auto 

tuning TCP memory size on modern OSes is an important technique to retain high QoD as 
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they can adjust TCP memory size according to a connection’s BDP, and proactively prevent 

QoD from being trapped in a low level [46]. Examples of OSes with auto tuning functions 

are Windows Vista, Linux kernel 2.6 and OSX 10.5. Therefore, these modern OSes are 

likely to offer higher QoD than the level their preceding versions provide. 

 

 
Figure 24 TCP Memory Size and BDP 

6.2 Experiment 2: TCP Congestion Control Algorithms 

6.2.1 Subject to Different Levels of Loss Rate 

Figure 25a-d reveal that CCA is another influential factor which influences QoD. This is 

because a certain algorithm shows different IBT, MDRB, RBF and QoDD from the other 

CCAs, and the difference is more noticeable as the loss rate increases. 

To go into details, Figure 25a shows that, at loss rate of 0%, most of TCP CCAs provide 

IBT at 2.6 seconds with the exception of Hybla which provides IBT at 2.3 seconds. The 

evidences also show that almost all TCP CCAs develop higher IBT, RBF, MDRB and 

QoDD when the loss rate augments, except BIC which swings IBT at the loss rate between 

0.8% and 1%. This suggests that BICu and Yeah do not provide linear IBT degradation as 

the loss rate increases. 

Figure 25a-d reveal that Hybla always provides the lowest IBT, RBF, MDRB and 

QoDD during the whole experiment. At the loss rate of 1%, Hybla provides 4.29 seconds of 

IBT, 0.08 Hz of RBF and 5.39 seconds of MDRB which are equal to 62%, 61% and 65% of 

relative improvement when being compared with CUBIC which provides 11.36 seconds of 

IBT, 0.21Hz of RBF and 15.62 seconds of MDRB. Hybla also provides the smallest 

variation as it has the smallest error bars when being compared to other TCP CCAs. These 

evidences suggest that Hybla provides the highest QoD and the highest reliability among 

other TCP CCAs. Note that in contrast with Hybla, LP always provides the lowest QoD 

during the whole experiment. This is probably because LP is designed for low priority data 

transfer [89]. 

The result of the experiment suggests that upgrading CCA greatly improves QoD. For 

example, the result shows that upgrading from Reno to Hybla reduces QoDD by 4 at loss 

rate of 1%. Furthermore, the result hints that various operating systems will offer different 
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QoD since they support only certain algorithms. For example, Linux supports Hybla while 

Windows does not support. Apart from that, the results of the experiment suggests that 

applying Hybla on server will offer better QoD than the level that other algorithms can 

provide on lossy link. Such lossy link is typically found in wireless, mobile, and satellite 

networks. 
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Figure 25 TCP CCA (Different Loss Rates) 

6.2.2 Subject to Different Levels of DV 

Figure 26a-d shows that, under a network with DV, most of TCP CCAs produce quite the 

same level of IBT, MDRB, RBF and QoDD, except Westwood which produces distinctly 

high level of IBT, MDRB, RBF and QoDD when being compared with other algorithms. The 

reason behind the high QoDD of Westwood is probably because Westwood detects network 

congestion from frequency of ACK [55]. Such frequency is biased due to influence of DV. 

Besides that, some TCP CCAs do not gradually develop higher IBT, MDRB, RBF and 

QoDD when DV augments, except Reno, HTCP, Hybla, Illinois and Veno. 

Apart from the previous analysis, Figure 26a also reveals that Hybla always gains the 

lowest IBT and the smallest variation of IBT when being compared with other algorithms. 

For example, at 50ms of DV, Hybla produces 4.8 seconds of IBT while CUBIC produces 7.3 

seconds of IBT. This suggests that Hybla shows 34% of relative difference of IBT when 

being compared with CUBIC. In addition, Figure 26b-c expose that Westwood, HTCP, 

Scalable, LP, and YEAH cause unanticipated re-buffering events as they develop higher 
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RBF and MDRB while other TCP CCAs do not cause any re-buffering event, and maintain 

RBF and MDRB at level of zero. 

The result of experiment suggests that using Westwood should be avoided in network 

with high DV for the three reasons. The first reason is that Westwood produces non-linear 

IBT degradation as DV augments. The second reason is that Westwood generates 

unanticipated re-buffering event. The third reason is that Westwood produces the highest 

QoD when coping with DV. 
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Figure 26 TCP CCA (Different DVs) 

6.3 Experiment 3: Delay Variation 

Figure 27a-c show the data of IBT, RBF and MDRB, of which DV is changed from 1-49ms, 

and of which (one-way) delay is changed from 1-245ms. The goodness of fit is measured by 

R2, coefficient of determination, which is 0.826 for the model of IBT, 0.878 for the model of 

RBF, 0.87 for the model of MDRB, and 0.863 for the model of QoDD. The equations which 

express the relationships can be found in Appendix A. Note that one black point means a 

single test for each configuration, that is, no repetition in this experiment. 
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Figure 27 DV (Different One-Way Delays) 

Figure 27a-d reveal that high IBT, RBF, MDRB and QoDD usually occur in a certain 

area where proportional delay and DV maintain in a specific ratio. For instance, at 40ms of 

DV and 245ms of delay, IBT is at 13 seconds. But when the delay is increased to 110ms, 

IBT is at 2.8 second. To enhance the analysis, Figure 28a-d are developed to represent plots 

with Coefficient of Variation (CV), defined as a ratio of DV to delay. 

Figure 28a-d show that CV which is higher than 0.6 produces extremely high MDRB, 

RBF and QoDD while lower CV maintains MDRB, RBF and QoDD around the level of 

zero. The research in [51] gives one possible explanation that high DV causes spurious TCP 

timeout which degrades TCP throughput. Our research then suggests that increasing delay 

will extend the TCP timeout period and thus amends such TCP throughput degradation. 

In addition to aforementioned explanation, the research in [90] also suggests another 

explanation describing that high DV leads to spurious fast retransmission since high DV 

causes out-of-order arriving packets. These out-of-order arriving packets may cause three 

duplicate ACKs which triggers TCP fast recovery process. However, this explanation cannot 

advise why increasing network delay lowers QoDD. Therefore, further investigations are 

required in order to explain such phenomena. 

The result of the experiment suggests that CV which is larger than 0.6 causes an adverse 

effect on QoDD, and thus should be avoided. In order to solve this problem, injection of 

extra delay to network can be a solution to mitigate such degradation as being exhibited in 

[51]. Furthermore, upgrading CCA to make use of TCP Eifel [91] or F-RTO [92] can be 

options to reduce QoDD, too. 
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Figure 28 CV 

6.4 Experiment 4: Playout Buffer Length 

6.4.1 Subject to Different Levels of Loss Rate 

Figure 29a-c show the data of IBT, RBF and MDRB, of which playout buffer length size is 

changed between 1 and 6 seconds, and of which loss rate is changed between 0 and 1%. The 

goodness of fit is measured by R2, coefficient of determination, which is 0.992 for the model 

of IBT, 0.979 for the model of RBF, 0.969 for the model of MDRB, and 0.994 for the model 

of QoDD. The equations which express the relationships can be found in Appendix A. 

Figure 29a-d demonstrate that at the network loss between 0 and 1%, increasing playout 

buffer length produces lower RBF but higher IBT, MDRB and QoDD. On the other hand, 

decreasing playout buffer length produces higher RBF while lower IBT, MDRB and QoDD. 

For example, at the loss of 1%, setting playout buffer length at 1 second produces 0.24361 

Hz of RBF, 2.062 seconds of MDRB and 0.51 of QoDD. Once increase playout buffer length 

from 1 second to 6 second, RBF is reduced to 0.0379 Hz but MDRB is increased to 10.412 

seconds and QoDD is increased to 0.591. In addition, increasing or decreasing the playout 

buffer length offers a trade between RBF with IBT, MDRB and QoDD. 

 



Chapter 6 Results, Analysis and Verification 42 

 

 

 

 
(a) 

 
(b) 

 
(c) 
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Figure 29 Playout Buffer Length (Different Loss Rates) 

The result of the experiment suggests that increasing playout buffer length indeed 

slightly produces higher QoDD at any loss rate. Therefore, the playout buffer length should 

be short as much as possible so that QoDD maintains in a low level. Despite the fact that 

short playout buffer length is desired, the playout buffer length should long enough to keep 

IBT, MDRB and RBF in a certain ratio since the research in [23] finds that proportional IBT, 

MDRB and RBF also has an impact on QoE in addition to QoD. In case a long playout 

buffer length may be desired, dual-threshold buffering technique [93] could be an interesting 

solution for maintaining IBT at a low level since the technique offers dynamic playout buffer 

length. 

6.4.2 Subject to Different Levels of DV 

Figure 30a-c show the data of IBT, RBF and MDRB, of which playout buffer length size is 

changed between 1 and 6 seconds, and of which DV is changed between 0-10ms. The 

goodness of fit is measured by R2, coefficient of determination, which is 0.996 for the model 

of IBT, and 0.996 for the model of QoDD. The equations which express the relationships can 

be found in Appendix A. 

Figure 30a-d show that, at the DV between 0–10ms, QoDD solely depends on IBT since 

there is no re-buffering event occurring, and increasing playout buffer length slightly 
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produces higher QoDD. The result of the experiment suggests that, in the network with the 

DV between 0–10ms, increasing playout buffer length only produces higher QoDD. 

 

 
(a) 

 
(b) 

 
(c) 

 
(d) 

Figure 30 Playout Buffer Length (Different DVs) 

6.5 Experiment 5: Video Bitrate 

6.5.1 Subject to Different Levels of Loss Rate 

Figure 31a-c show the data of IBT, RBF and MDRB, of which video bitrate is changed 

between 378–3364Kbps, and of which loss rate is changed between 0 and 1%. The goodness 

of fit is measured by R2, coefficient of determination, which is 0.978 for the model of IBT, 

0.924 for the model of RBF, 0.911 for the model of MDRB, and 0.919 for the model of 

QoDD. The equations which express the relationships can be found in Appendix A. 

Figure 31a-d demonstrate that reducing video bitrate drastically decreases IBT, MDRB, 

RBF and QoDD especially when loss rate is at a high level. The result of the experiment 

suggests that a high video bitrate produces higher QoDD than a low video bitrate. In order to 

maintain QoDD at a low level, the video bitrate should be low as much as possible. 

Reducing video bitrate can be implemented by various techniques. One common technique is 

lowering video resolution. However, lowering video resolution often degrades picture 

quality which causes an impact on QoE beside QoD .Another possible solution is upgrading 

video codec since modern video codec can provides a lower bitrate with the same or better 
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picture quality. Despite the fact that H.264 is currently one of the most widely accepted 

codec today, the research in [94] finds that H.264 requires a higher bitrate than the level need 

by VP6 for almost the same video quality. This may hint that upgrading from VP6 to H.264 

may not help reduce QoDD. 

 
(a) 

 
(b) 

 
(c) 

 
(d) 

Figure 31 Video Bitrate (Different Loss Rates) 

6.5.2 Subject to Different Levels of DV 

Figure 32a-d show the data of IBT, RBF and MDRB, of which video bitrate is changed 

between 378-3364Kbps, and of which loss rate is changed between 0 and 1%. The goodness 

of fit is measured by R2, coefficient of determination, which is 0.983 for the model of IBT, 

and 0.983 for the model of QoDD. The equations which express the relationships can be 

found in Appendix A. 

Figure 32a-d illustrate that, at the DV between 0–10ms, QoDD solely depends on IBT 

since there is no re-buffering event occurring, and reducing video bitrate slightly decreases 

QoDD. The result of the experiment suggests that with the DV between 0–10ms, reducing 

video bitrate would decrease QoDD. 
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Figure 32 Video Bitrate (Different DVs) 

6.6 Verification of Result Accuracy 

Based on the timestamp accuracy found in the previous chapter, errors of IBT, MDRB and 

QoDD in all the experiments are computed to verify reliability of the experiment results. 

From the fact that measuring IBT and MDRB involve with reading timestamp for two times, 

and each timestamp comprise 22ms of maximum possible error. Each measurement therefore 

contains 44ms of maximum possible error in its value. The minimum IBT in this project is 

1212ms which gives the maximum possible relative error of IBT as shown in Eq. 12: 

44
100% 3.63%

1212
   Eq. 12 

For RBF, we keep tracking the signals in the player and ensure no occurrence of wrong 

count. 

For MDRB, no matter how many rebuffering events in one single experiment, the 

accumulative maximum possible error will be divided by the count of rebuffering events. So 

the accuracy of MDRB is also 44ms which gives the maximum possible relative error of 

MDRB as shown in Eq. 13: 

44
100% 7.65%

575
   Eq. 13 

The calculation of the maximum possible relative error of QoDD is shown below: 
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Eq. 14 

 

Where: 

QoDD: the measured QoDD value; 

QoDD1: QoDD with max possible error. 

 

We apply this calculation for each single test and get the value as 4.40%. 

Table 7 provides the result of previous analysis. 

Table 7 Max Possible Relative Error 

Term Max Possible Relative Error [%] 

IBT 3.63 

RBF 0 

MDRB 7.65 

QoDD 4.40 
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7 Conclusions and Future Work 

Research develops the following five conclusions from the results of the experiment that 

were previously shown in the last chapter. First of all, a technique to quantify break artifact 

of HTTP video streaming is developed, and no experiment shows occurrence of break 

artifact. For the second conclusion, QoDD is proposed as a metric to quantify QoD. The 

third conclusion is that DV, TCP memory size, TCP CCA, playout buffer length and video 

bitrate are factors which affect QoD. The fourth conclusion is there are relationships between 

QoD and influential factors. The last conclusion is the relationships can be modeled. 

7.1 Answers to Research Questions 

Below are answers to RQs. It is important to note that QoD is referred in terms of QoDD. 

 

Question 1 How to quantify QoD? 

Ans. QoD can be quantify in numerical value by using QoD degradation 

(QoDD) 

 

Question 2 What are factors which influence QoD? 

Ans. Influential factors which cause QoD are TCP memory size, DV, TCP 

CCA, playout buffer length and video bitrate. 

 

Question 3 How is QoD affected from changing TCP memory sizes? 

Ans. QoD changes when TCP memory sizes are changed as described in 

the following two ways. Firstly, QoD is better when TCP memory 

size is increased from BDP. Secondly, QoD is worse when TCP 

memory size is reduced from BDP. 

 

Question 4 How is QoD affected from changing TCP congestion control 

algorithm? 

Ans. QoD changes when TCP CCA is changed as described in the 

following two ways. Firstly, QoD is changed to a specific level when 

a certain CCA is applied. Secondly, at loss rate between 0–1% and 

DV between 0–50ms, The best QoD is gained by applying Hybla on 

server side. 

 

Question 5 How is QoD affected from changing delay variations? 

Ans. QoD is worse when delay variation is increased from 0 to 50ms. 

 

Question 6 How is QoD affected from changing playout buffer lengths? 
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Ans. QoD is worse when playout buffer length is increased from 1 to 6 

seconds. 

 

Question 7 How is QoD affected from changing video bitrates? 

Ans. QoD is worse when video bitrate is increased from 378Kbps to 3364 

Kbps. 

 

Question 8 Is there a relationship between TCP memory sizes and QoD? And 

can we model it, if any? 

Ans. There is a relationship between TCP memory sizes and QoD. The 

equation which expresses such relationship can be found in Appendix 

A. The model which represents such relationship can be found in 

Figure 23d (page 36). 

 

Question 9 Is there a relationship between delay variation and QoD? And can we 

model it, if any? 

Ans. There is a relationship between DV and QoD. The equation which 

expresses such relationship can be found in Appendix A. The model 

which represents such relationship can be found in Figure 28d (page 

41). 

 

Question 10 Is there a relationship between playout buffer length and QoD? And 

can we model it, if any? 

Ans. There is a relationship between playout buffer length and QoD. The 

equation which expresses such relationship can be found in Appendix 

A. The model which represents such relationship can be found in 

Figure 29d (page 42) and Figure 30d (page 43). 

 

Question 11 Is there a relationship between video bitrate and QoD? And can we 

model it, if any? 

Ans. There is a relationship between playout buffer length and QoD. The 

equation which expresses such relationship can be found in Appendix 

A. The model which represents such relationship can be found in 

Figure 31d (page 44) and Figure 32d (page 45). 

7.2 Discussion 

Based on the analysis of the results, in this research, the following five suggestions to video 

content publishers are developed to improve QoD: 

 Considering increases of TCP memory size to be larger than minimum BDP 

 Considering upgrade of TCP CCA 

 Maintaining CV to be lower than 0.6 

 Avoiding setting excessive playout buffer length 

 Minimizing video bitrate while maintaining picture quality 
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Table 8 shows examples of the results derived from the experiment, corresponding to 

the aforementioned suggestions. 

However, the aforementioned suggestions are also derived with the following concerns: 

 Increasing TCP memory size reduces maximum number of connections per server 

since OS kernel has limited direct access/mapping to physical memory. In Linux 32 

bit, there is only 896 MB physical memory available for OS kernel [95, 96] 

 Upgrading TCP CCA may bring up other problems such as RTT-fairness, resource 

consumption and OS compatibility 

 Shortening playout buffer length causes more re-buffering events 

 Lowering video bitrate usually causes lower picture quality 

Table 8 Suggestions and Improvement 

Case Description 
Relative Improvement [%] 

IBT MDRB RBF QoDD 

1 
Increasing TCP memory to be 4 times as large as 

BDP 
23.5 0 0 23.5 

2 
At loss rate of 1%, upgrading CCA from CUBIC to 

Hybla 
62.3 65.5 61.6 63.1 

3 
At DV of 50ms, upgrading CCA from CUBIC to 

Hybla 
30.3 0 0 30.3 

4 
At DV of 40ms, increasing delay from 60 to 90ms 

(CV is changed from 0.83 to 0.56) 
65.0 100 100 97.3 

5 
At loss rate of 1%, reducing playout buffer length 

from 3 seconds to 1 seconds 
58.0 63.4 -190 4.91 

6 
At loss rate of 1%, reducing video bitrate from 

3364 Kbps to 378 Kbps 
54.4 100 100 92.2 

7.3 Future Work 

In addition to the proposed factors, other influential factors still remain and wait for future 

investigations. Examples of other influential factors which are found during research are 

bandwidth variation, loss pattern, TCP loss recovery technique, TCP slow-start threshold. 

Aside from the extension of influential factors, some video content publishers do not 

employ progressive download since other new methods provide better bandwidth efficiency, 

for example, HTTP paced download. Therefore, these video delivery methods should be 

taken into consideration together with the progressive download in order to cover more 

realistic implementations. 

Though in the research, it is found that Hybla offers the best QoD, other aspects of 

using Hybla for HTTP video streaming however have not been revealed yet . An example of 

other aspects is RTT fairness of Hybla on the Internet instead of just simulation. Therefore, 

further investigations of Hybla on HTTP video streaming may be required. 
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Appendix 

A. QoD Relationships 

 

Eq. 15 Relationship between TCP Memory Sizes and QoD 
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Eq. 16 Relationship between DV and QoD (Different One-Way Delay) 

 

Eq. 17 Relationship between Playout Buffer Length and QoD (Different Loss Rates) 
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Eq. 18 Relationship between Playout Buffer Length and QoD (Different DVs) 

 

Eq. 19 Relationship between Video Bitrate and QoD (Different Loss Rates) 

 

Eq. 20 Relationship between Video Bitrate and QoD (Different DVs) 

B. Summary of Experiment Results 

Table 9 shows the summary of experiment results. 
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Table 9 Summary of Experiment Results 

Experiment 

Number 
Detail IBT [ms] MDRB [ms] RBF [Hz] QoDD Condition 

Experiment 1: 

TCP memory sizes 

Increasing TCP-write-memory size from 16 Kb to 64Mb 9.30 to 3.00 2.72 to 0 0.050 to 0 0.533 to 0.0597 

Baseline 1 
Increasing TCP-read-memory size from 16 Kb to 64Mb 7.25 to 3.46 6.37 to 0 0.140 to 0 1.04 to 0.0586 

Increasing TCP-with-memory size along with increasing TCP-read-

memory size from 16 Kb to 64Mb 
9.29 to 2.67 8.65 to 0 0.160 to 0 1.56 to 0.0533 

Experiment 2.1:  

TCP CCAs with 

different levels of 

random loss rate 

Changing TCP CCA along with increasing one-way loss rate from 0 to 

1%. 

Min 2.37 

Max 19.9 

Min 0 

Max 28.3 

Min 0 

Max 0.250 

Min 0.0472 

Max 7.69 

Baseline 2 

At loss rate of 1%, changing TCP CCA 
Min 4.29 

Max 19.9 

Min 5.40 

Max 28.3 

Min 0.0824 

Max 0.250 

Min 0.53 

Max 7.69 

Experiment 2.2:  

TCP CCAs with 

different levels of DV 

Changing TCP CCA along with increasing one-way DV from 0 to 50 ms. 
Min 2.37 

Max 16.5 

Min 0 

Max 12.7 

Min 0 

Max 0.0618 

Min 0.0970 

Max 1.96 

At DV of 50 ms, changing TCP CCA 
Min 4.83 

Max 16.5 

Min 0 

Max 12.7 

Min 0 

Max 0.0618 

Min 0.0474 

Max 3.05 

Experiment 3:  

Delay variation 

Increasing DV from 1 to 49 ms along with increasing one-way delay from 

1 to 245 ms. 

Min 1.28 

Max 21.5 

Min 0, 

Max 19.1 

Min 0 

Max 0.240 

Min 0.0260 

Max 4.60 

At DV of 49 ms, increasing one-way delay from 1 to 245 ms. 
Min 5.47 

Max 21.5 

Min 0 

Max 19.1 

Min 0 

Max 0.240 

Min 0.109 

Max 4.60 

Experiment 4.1:  

Playout buffer length 

subject to different 

levels of loss rate 

Increasing playout buffer length from 1 to 6 seconds along with 

increasing loss rate from 0 to 1% 

Min 1.54 

Max 9.80 

Min 0 

Max 10.4 

Min 0 

Max 0.0379 

Min 0.0308 

Max 0.591 

Baseline 3 

At loss rate of 1%, increasing playout buffer length from 1 to 6 seconds 2.08 to 9.80 2.06 to 10.4 0.244 to 0.0379 
Min 0.544 

Max 0.591 

Experiment 4.2:  

Playout buffer length 

subject to different 

levels of DV 

Increasing playout buffer length from 1 to 6 seconds along with 

increasing DV from 0 to 10 ms 

Min 1.54 

Max 4.64 
Retain at 0 Retain at 0 

Min 0.0308 

Max 0.0927 

At DV of 10ms, increasing playout buffer length from 1 to 6 seconds 

along with increasing DV from 0 to 10 ms 
2.46 to 4.64 Retain at 0 Retain at 0 0.0491 to 0.0927 

Experiment 5.1:  

Video bitrate subject to 

different levels of loss 

rate  

Increasing from 378 to 3364 Kbps along with increasing loss rate from 0 

to 1% 

Min 1.22 

Max 4.57 

Min 0 

Max 5.48 

Min 0 

Max 0.0819 

Min 0.0244 

Max 0.540 

At loss rate of 1%, increasing video bitrate from 378 to 3364 Kbps 2.08 to 4.57 0 to 5.48 0 to 0.0819 0.0416 to 0.540 

Experiment 5.2: 

Video bitrate subject to 

different levels of DV 

Increasing video bitrate from 378 to 3364 Kbps along with increasing DV 

from 0 to 10 ms 

Min 1.22 

Max 3.24 
Retain at 0 Retain at 0 

Min 0.0244 

Max 0.0647 

At DV of 10ms, increasing from 378 to 3364 Kbps along with increasing 

DV from 0 to 10 ms 
1.82 to 3.24 Retain at 0 Retain at 0 0.0365 to 0.0647 
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