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ABSTRACT 

With the increase in demand for video streaming services on the hand held mobile terminals with 

limited battery life, it is important to maintain the user Quality of Experience (QoE) while taking the 

resource consumption into consideration. Hence, the goal is to offer as good quality as feasible, 

avoiding as much user-annoyance as possible. Hence, it is essential to deliver the video, avoiding any 

uncontrollable quality distortions. This can be possible when an optimal (or desirable) throughput 

value is chosen such that exceeding the particular threshold results in entering a region of unstable 

QoE, which is not feasible. Hence, the concept of QoE-aware sustainable throughput is introduced as 

the maximal value of the desirable throughput that avoids disturbances in the Quality of Experience 

(QoE) due to delivery issues, or keeps them at an acceptable minimum. 

The thesis aims at measuring the sustainable throughput values when video streams of different 

resolutions are streamed from the server to a mobile client over wireless links, in the presence of 

network disturbances packet loss and delay. The video streams are collected at the client side for 

quality assessment and the maximal throughput at which the QoE problems can still be kept at a 

desired level is determined. 

Scatter plots were generated for the individual opinion scores and their corresponding throughput 

values for the disturbance case and regression analysis is performed to find the best fit for the 

observed data. Logarithmic, exponential, linear and power regressions were considered in this thesis. 

The R-squared values are calculated for each regression model and the model with R-squared value 

closest to 1 is determined to be the best fit. Power regression model and logarithmic model have the 

R-squared values closest to 1.

 Better quality ratings have been observed for the low resolution videos in the presence of packet loss 

and delay for the considered test cases. It can be observed that the QoE disturbances can be kept at a 

desirable level for the low resolution videos and from the test cases considered for the investigation, 

360px video is more resilient in case of high delay and packet loss values and has better opinion score 

values. Hence, it can be observed that the throughput is sustainable at this threshold. 

Keywords: Quality of Experience, Quality of Service, 
Sustainable Throughput, Video Streaming. 
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1 INTRODUCTION 
 
This chapter provides an overview of the entire thesis document. It mainly focuses 

on the problem statement, aim and objectives of the thesis, research questions, 
expected outcomes, research methodology employed and split of work. An outline for 
the thesis document is provided. 

 
1.1 Problem Statement 
 

In the recent years, there has been a significant growth in the users of the video 
streaming services. Depending on the communication scenario i.e. fixed, wireless, 
mobile etc. different link technologies have different resource facilities and associated 
specifications [10]. Thus, the users may be provided different offered rates and error 
patterns such as losses, freezes etc depending on the operator and underlying 
technology. Such parameters influence the end-users’ QoE, which is defined as “the 
degree of delight or annoyance of the user of an application or service” [3]. The goal 
is to offer as good quality as feasible, avoiding as much annoyance as possible. In 
addition to the above parameters, factors like the battery lifetime and energy 
consumption have a strong impact on the user perception [12]. 

 
With the increase in popularity for video streaming it is crucial to maintain the 

quality to ensure user satisfaction and prevent user churn [9]. The video quality 
depends on the throughput achieved while transmitting the videos. With the increase in 
the amount of video data to be transmitted, this has a strong effect on the mobile 
networks. Hence, it is essential to deliver the video, avoiding uncontrollable quality 
distortions [8]. This can be made possible by choosing an optimal (or desirable) 
throughput value. Exceeding the particular threshold means entering a region of 
unstable QoE, which is not feasible for any quality-and-cost comparisons [10].  

 
The concept of QoE-aware sustainable throughput is thus introduced in [10] as the 

maximal value of the desirable throughput that avoids disturbances in the Quality of 
Experience (QoE) due to delivery issues, or keeps them at an acceptable minimum. It 
is introduced as the bit rate threshold value in order to enable the QoE and energy 
consumption comparisons for the video streaming solutions.  

 
The sustainable throughput Rs is the highest throughput that the application can 

use such that the disturbances, and any random sidekicks on QoE and energy 
consumption, are avoided [10]. Therefore, the upper bound on Rs is the weakest link 
which determines the overall QoE. 

 
Video streaming comprises of creating digital content using compression 

techniques and transmitting over the network. In video streaming, the QoE is 
influenced by various factors like video compression, video transmission and video 
reconstruction [13]. Several video compression techniques are used for streaming the 
videos with reduced size, so that less resources are consumed during transmission 
since transmitting a raw video over the network consumes a large amount of resources 
e.g. network bandwidth. When the network factors like packet loss and delay are 
present in the network, the quality of the video streamed is degraded with jerks, 
freezes and other video artifacts. The end-user however, is not interested in the video 
codec or the bit rate while streaming the video but rather considers the quality of the 
video. The thesis aims at measuring the sustainable throughput values of the videos 
streamed from the server to a mobile client in the presence of the network disturbances 
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like packet loss and delay, and providing a correlation model to investigate the 
relationship between mean opinion scores and the throughput values. A test video in 
different resolutions is streamed from the server to client, in the presence of different 
delay and packet loss levels.  

 
1.2 Aim and Objectives 

 
The thesis aims at measuring the values of sustainable throughput, when video 

streams of different resolutions are streamed over wireless links in the presence of 
network disturbances like packet loss and delay. The video streams will be collected at 
the client side for quality assessment and the maximal bitrates at which the videos can 
be streamed without any visible impairments will be determined. Regression analysis 
to investigate the better fit to the observed data values will be performed. This research 
work has the following objectives. 

 
 To get an understanding on the concept of sustainable throughput. 
 Streaming videos over the wireless links from server to the mobile client 

via a controlled traffic network. 
 To investigate the values of the sustainable throughput and analyze the 

results obtained from the experiment for the effect of packet loss and delay 
in a statistical manner. 

 Determining the sustainable throughput values and developing regression 
models from the observed experimental values. 

 
1.3 Research Questions 

 
The research questions for the thesis are as stated below. 
 

1. What is the impact of packet loss and delay on the quality of the test videos 
streamed when over the wireless network setup? 

2. What is the impact of the different packet loss and delay levels considered on the 
opinion scores of the end-user? 

3. What are the maximal throughputs at which the QoE problems can be kept at a 
desired level i.e. where can the throughput be said to be sustainable among the 
considered test videos? 

4. Which regression model among linear, exponential, logarithmic and power gives a 
better underlying distribution of the observed data values? 
 

1.4 Expected Outcomes 
 

 Thorough understanding of sustainable throughput and underlying concepts 
through a detailed literature study. 

 Designing the experimental setup with the suitable test videos and determining 
the quality degradation levels for the various test cases. 

 Experimentation to determine the maximum bitrates at which the videos can be 
streamed without visible impairments for the various disturbances. 

 Analysis of the obtained experimental results so as to determine the sustainable 
throughput values and provide apt regression models. 

 
1.5 Research Methodology 
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 A detailed literature review is performed in the early stage of the research on the 
concept of sustainable throughput, IQX hypothesis, Provisioning-Delivery 
Hysteresis, other related works, and QoS parameters like packet loss, delay etc., 
video streaming servers and quality assessment techniques. 

 The existing literature helped in identifying the key components for the 
experimental setup and provided an insight into considering the parameters in 
designing the experimental testbed. 

 In the next stage, the videos recommended by the standard groups that are 
encoded into H.264 for conducting the experiments are chosen. 

 Experimentation test bed is setup after the literature survey is done, taking into 
consideration the appropriate streaming server, traffic shaper and standard video. 

 During the experimentation packet loss and delays are introduced into the 
network using appropriate traffic shaper. 

 The selected test videos in the different resolutions are streamed from the server 
to client, in a controlled environment and the opinion scores of 40 users are taken. 

 The maximum bitrates at which the QoE problems can still be kept at a desired 
level are determined from the results collected and analyzed. 

 Regression analysis has been performed to investigate the trend in the observed 
data and determining a model that represents the underlying distribution of the 
observed data. 

 
1.6 Thesis Outline 

 
The thesis report is organized as follows. Chapter 2 gives the technical background 

on the concept of sustainable throughput, QoE and video quality assessment 
techniques. Chapter 3 gives the review of related works. Chapter 4 discusses the 
experimental settings and setup design. Chapter 5 deals with the results and analysis 
and Chapter 6 gives of the conclusions and future work. 

 
1.7 Split of Work 

 
Two thesis topics were designed for determining the sustainable throughput values 

for video streaming from server to mobile client. The experimentation setup for both 
the theses are the same and this thesis takes the results from student thesis [5] for 
analyzing the data, determining the sustainable throughput values and providing 
models to predict the QoE and QoS correlation. Though the data sources are shared, 
the data analysis is different for both the theses. 

 
Section Topic Contributors 
 
 
 
 
Chapter 1 

Introduction Hima Bindu Nutalapati 
Darisipudi Veeravenkata 
Naga S M 

1.1. Aim and Objectives Hima Bindu Nutalapati 
1.2. Research Questions Hima Bindu Nutalapati 
1.3. Expected Outcomes Hima Bindu Nutalapati 
1.4. Research Methodology  Hima Bindu Nutalapati 

Darisipudi Veeravenkata 
Naga S M 

1.5. Thesis Outline Hima Bindu Nutalapati 
Chapter 2 
 

Background Hima Bindu Nutalapati 
Darisipudi Veeravenkata 
Naga S M 

2.1. Quality of Experience Hima Bindu Nutalapati 
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2.2. Provisioning-Delivery Hysteresis  Hima Bindu Nutalapati 
Darisipudi Veeravenkata 
Naga S M 

2.3. QoE-aware Sustainable Throughput Hima Bindu Nutalapati 
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2.4. Video Streaming Hima Bindu Nutalapati 
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Darisipudi Veeravenkata 
Naga S M 

2.7. H.264 Hima Bindu Nutalapati 
Darisipudi Veeravenkata 
Naga S M 

2.8. VLC Media Player Hima Bindu Nutalapati 
Darisipudi Veeravenkata 
Naga S M 

2.9. Video Transmission Hima Bindu Nutalapati 
2.10. User Datagram Protocol Hima Bindu Nutalapati 
2.11. VLQoE Hima Bindu Nutalapati 

 2.12. Video Quality Assessment Hima Bindu Nutalapati 
 2.13. Regression Analysis Hima Bindu Nutalapati 
Chapter 3 Related Work Hima Bindu Nutalapati 
Chapter 4 Methodology Hima Bindu Nutalapati 

Darisipudi Veeravenkata 
Naga S M 

4.1 Experimental Settings Hima Bindu Nutalapati 
Darisipudi Veeravenkata 
Naga S M 

4.1.1 Video Parameters Hima Bindu Nutalapati 
Darisipudi Veeravenkata 
Naga S M 

4.2 Setup Design – wireless scenario Hima Bindu Nutalapati 
Darisipudi Veeravenkata 
Naga S M 

Chapter 5 Results and Analysis Hima Bindu Nutalapati 
Chapter 6 Conclusions and Future Work Hima Bindu Nutalapati 
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2 BACKGROUND 
 

This chapter aims at presenting the background knowledge related to the thesis 
work. It gives an overview of sustainable throughput and its underlying concepts, 
video QoE, video streaming, video compression and video quality assessment. 

 
2.1 Quality of Experience 

 
Quality of Experience (QoE) is defined as the degree of delight or annoyance of 

the user of an application or service. It results from the fulfillment of his or her 
expectations with respect to the utility and / or enjoyment of the application or service 
in the light of the user’s personality and current state [3]. It is the overall acceptability 
of the application or service, as perceived subjectively by the end user. In the context 
of communication services, it is influenced by content, network, device, application, 
user expectations and goals and context of use [12]. While the Quality of Service 
(QoS) deals with physical, measurable performance factors and application level 
factors, QoE deals with the users’ assessment of the system performance [9]. QoE 
assessment is conducted close to the end user in order to interpret the relationship 
between the impairments at the user interface and the subjective QoE. 

 
2.2 Provisioning-Delivery Hysteresis 

 
QoE ratings can be categorized as satisfaction ratings, which increase with the 

degree of user satisfaction or delight and dissatisfaction ratings, which grow with the 
degree of user dissatisfaction or annoyance. According to the definition of QoE, the 
two sides of QoE, i.e. the delight and annoyance coincide with the Provisioning-
Delivery Hysteresis (PDH) [8]. PDH demonstrates that the sensitivities of the QoE to 
the amounts of resources are pretty much different to whether QoE is built by the 
provisioning measures that contribute to delight, or is torn down by the delivery issues 
that contribute to annoyance. An illustration of the PDH is provided in Figure 1 [8].  

 
The upper branch is the resource-related branch, which is obtained by 

dimensioning, and can thus be used to control the quality. This provisioning branch of 
the PDH follows a logarithmic relationship according to the Weber-Fechner-Law [18]. 

 
QoEP∼ log(R) 
 

Due to its concave shape, it is well-suited for optimizations. It indicates that the 
growth of QoE over additional resources is initially rather intense, but it is getting 
smaller with higher amount of resources. This indicates that a multiplicative increase of 
the throughput yields an additive QoE improvement until QoE becomes saturated. A 
goodput ratio, that is the ratio of the available throughput and the desirable throughput 
less than 1 can be implemented in a controlled manner, for instance by choosing a lower 
video resolution, which comes along with reduced quality [8]. 
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Fig. 2.1 QoE provisioning delivery hysteresis [8] 

 
The delivery branch is related to success or failure of the service. It is observed in 

the context of quality distortion, such as data loss of rate. In contrast to provisioning, the 
delivery may not be controllable. The QoE-QoS relationship according is commonly 
known as IQX Hypothesis [9]. This indicates that an additive increase of the disturbance 
yields a multiplicative decrease of the QoE. It is shown that, for the same amount of 
resources R, the provisioning branch supersedes the delivery branch. Thus, it is 
preferable to ride the upper curve of the hysteresis i.e. the PDH provisioning branch in a 
controlled way, like for e.g. through adaptation of coding, resolutions and data rates 
than to being exposed to the PDH delivery branch due to bad network conditions and 
uncontrollable sidekicks on QoE. 

 
2.3 QoE-aware Sustainable Throughput 

 
In the previous section, the importance of riding the provisioning branch and 

avoiding the delivery branch as much as possible is explained. This is possible by 
choosing a reasonable target throughput Rtarget. In the communication sub-systems, the 
disturbances such as loss, jitter etc. tend to increase in frequency and size as the load 
increases, especially when Rtarget approaches the system’s capacity [8]. So, the 
sustainable throughput Rs is defined as the maximal value of the throughput Rtarget that 
avoids QoE disturbances due to delivery issues, or keeps them to an acceptable 
minimum [10]. 

 
The concept of this QoE-aware sustainable throughput is introduced as a means to 

maximize QoE provisioning without deteriorating it. It is used as a basis for power 
efficiency and QoE comparisons of the systems. It builds on the QoE provisioning-
delivery hysteresis [8]. A stochastic fluid flow model that allows for calculation of the 
sustainable throughput values is discussed in reference [10]. It discusses the key 
parameters for sustainable throughput, their impact and shows how to use sustainable 
throughput for comparing different mobile video streaming solutions. 

 
Rs = max{Rtarget|QoEP(Rtarget)−QoED(Rtarget)<δQoE} 

 
where,   

Rs is the sustainable throughput 
RTarget is the target throughput 
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QoEP is the QoE of the provisioning branch 
 QoED is the QoE of the delivery branch 

 δQoE - tolerance between provisioning and delivery to calculate sustainable 
throughput 
 

By referring to the sustainable throughput as a common baseline, different 
solutions become comparable in terms of both QoE and resource consumption. Thus, 
sustainable throughput plays a key role for dimensioning and optimization. 

 
2.4 Video Streaming 

 
Video streaming refers to the process of videos being transferred from a source to 

one or more destinations [20]. The video is usually streamed from server to clients. 
The video streaming is basically comprised of two fundamental activities: 

 
1. Creation of digital content using compression techniques. 
2. Content transmission over the network. 
 

The creation of digital content is done using compression techniques, as it is 
expensive to transmit a raw video over the network. Streaming a raw video over the 
network consumes more network resources as well as storage resources. Thus, video 
compression plays a key role in the process of video streaming. 

 
2.5 Video Compression 

 
Video compression refers to the process, where the raw video is compressed using 

various compression based algorithms and mechanisms. This is done in order to 
reduce the size of the videos, so as to ensure transmission of videos over a network 
without consuming more network resources [1]. Generally, in wired or wireless 
networks, an uncompressed video consumes more bandwidth and storage. Thus, 
increasing the end user cost with respect to bandwidth and data transmission capacity 
in the network. In order to maximize bandwidth utilization of the network while 
transmission of videos, it is indispensable to use video compression [19]. The video 
compression is done in two ways, namely lossless compression and lossy 
compression.  

 
Lossless compression: It is a technique in which no information is lost. The lossless 
compression technique can reduce the size of the video to a small extent. The videos 
compressed using lossless techniques are not suitable to be streamed over a network 
due to their large size.  

 
Lossy compression: Is a technique that compresses a video by discarding 
information. Thus, in lossy compression, some information is lost which leads to 
reduction in the size of video along with degradation of video quality [20].  
 
The main goal of video compression is to maintain a fine balance between video 
quality and size of the video. Several video codecs have been developed for this 
purpose. 

 
2.6 Video Codecs 

 
Video compression involves applying an algorithm to the source video to create a 

compressed file which is ready for the transmission or storage. The two components 
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involved in the compression of video are encoder and decoder, together called a 
CODEC. A codec has the capability of encoding and decoding. The raw video is 
compressed into small sized video that is transmittable over a network [1]. Some of the 
commonly used video codecs are H.265/HEVC, H.264/AVC etc. Several video coding 
techniques have been developed to provide high quality video streams using the 
available bandwidth [19]. 

 
2.7 H.264 

 
H.264 is a video compression technology that was jointly developed and 

standardized by ITU-T Video Coding Experts Group (VCEG) and ISO/IEC Moving 
Picture Experts Group (MPEG). It is also known as MPEG4 part 10 or AVC 
(Advanced Video Coding). It is quite complex and flexible. It has been developed to 
cover a wide range of video streaming services from mobile video streaming to hi-
definition video streaming or broadcasts [19]. H.264 compresses the video more 
effectively, when compared to previous H.26x standards. It has some optimized 
features such as utilization of temporal and spatial correlation, usage of entropy coder, 
which were taken from previous encoding standards [23]. Some of the important 
features of H.264 video codec are as follows: 

 
  It uses a 4x4 spatial block transform instead of 8x8 DCT as found in older 

video codecs. 
 An additional Hadamard transform (2x2 on chroma and 4x4 on luma) can be 

usually performed to obtain more compression in smooth regions. 
 Quarter sample motion vector accuracy. 
 In-the-loop deblocking filtering. 
 It houses latest enhanced entropy coding method namely Context Adaptive 
 Variable Length Coding (CAVLC) and Context Adaptive Binary Arithmetic 

Coding (CABAC). 
 Complex spatial prediction for intra frame compression has been introduced 

in H.264. 
 Multiple reference frames, allowing up to 16 reference pictures to be used 

unlike previous standards where 1 or 2 reference frames were used. 
 Network Abstraction Layer (NAL) which facilitates simple and effective 

video streaming over networks [20]. 
 

Special attention has been given by the developers to improve the robustness to 
data losses during video transmission. H.264 codec has three types of frames namely 
I-frame, P-frame, and B-frame. I-frame (Intra-frame) is independent and does not 
reference any other frames. P-frame (Predicted frame) is decoded predictively from 
the closest previous reference frame that can be either I-frame or P-frame. P frames 
are more compressible when compared to I frames. Finally, B-frame (Bi-directional 
frame) depends on both past and future frames for decoding and is the most 
compressed frame amongst the three frames [23]. Therefore, I-frame is the most 
important frame when compared to other two frames. 

 
H.264/AVC standard defines mainly three encoding profiles which are frequently 

used namely Main profile, Baseline profile and High profile. The baseline profile has 
less amount of video data compared to other profiles due to lower quality versions of 
the video. Baseline profile is suitable for video conferencing. Whereas the main 
profile and high profile are suitable for high- end video broadcast and video storage. 
These profiles are classified in levels indicating the limits of various parameters, 
namely video resolution, coding bit rate, max decoding speed and max frame size. 
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These profiles and levels are used as limits to encode/decode videos which targets 
respective classes of video communication applications [20]. 

 
2.8 VLC Media Player 

 
The Video Lan Client (VLC) media player is an open source which is released under 

the General Public License (GNU) and written by Video Lan Project. It is a packet-
based media player which has ability to play damaged, incomplete and unfinished 
video content. It can support several file formats including AVI, ASF, AAC, OGG, 
AIFF, MPEG, FFMPEG, REAL etc. VLC has the advantage to launch one or more 
interfaces i.e. it can play several audio or video files at the same time. It has a modular 
design to include modules for new file formats, codec or streaming method. The VLC 
player can include features like media and codec information. From this, one can 
know the codec information such as frame rate, bit rate, total number of frames in the 
file etc. One can also take snapshots of a video in VLC [22]. 

 
VLC has a remote control interface and acts as a streaming server via the media 

player. It can be controlled from a remote location and different interfaces, e.g. via 
HTTP. When the video is streamed, by using remote control interface the receiver can 
play or stop the video as required by receiver not a person. From the option playback, 
the video can be viewed at faster or slower rate. Furthermore, the video can be viewed 
frame by frame using advanced options, and subtitles can be added to the video. We 
can use firewire cable to monitor HDV camera video during playing. VLC can play 
ISO image files from disk image. VLC can also play all audio and video formats 
supported by libavcodec and libavformat. It can support H.264 or MPEG-4 as well as 
FLV or MXF file formats. It has modules for codec which are not based on FFMPEG 
libraries. 

 
2.9 Video Transmission 

 
The streaming protocols are designed to provide data transmission, network 

addressing and services between server and the client. The transport protocols are used 
as a communication medium between the streaming servers and the clients. TCP and 
UDP video streaming techniques are the majorly used ones at the transport layer. 

 
2.10 User Datagram Protocol 

 
The User Datagram Protocol (UDP) is connectionless transport protocol. It is 

suitable for a process that requires simple request-response communication with little 
concern for flow and error control mechanisms. UDP supports the multicasting 
capability and uses routing protocols like Route Information Protocol (RIP). It also 
performs limited error checking [20]. UDP does not provide guarantees to the upper 
layer protocol for message delivery and it does not retain state of the messages once 
they are sent. The lack of transmission delays make it suitable for real time 
applications like voice over IP, online games etc.  

 
2.11 VLQoE 

 
The VLQoE tool was developed by adding new functionalities to the VLC player 

source code in order to record the user data, picture display times and the perceived 
quality ratings while video streaming [12]. The smartphone based version of the tool 
consists of the video pane to display the video, control buttons like play / pause / 
rewind / forward, freeze button to indicate when a the user observes a freeze, and user 
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rating buttons to record the user feedback on the spot. When the user launches the 
player, a welcome message appears on the screen; after which the user is asked to 
enter information on his/her mobility, location, gender and age. The data that can be 
recorded using the VLQoE tool include the screen display information, screen touch 
events, rebuffering events, packets, interface type, service provider, signal strength, 
GPS coordinates, battery level and device id. 

 

 
Fig. 2.2 Snapshots from the VLQoE player 

 
 

2.12 Video Quality Assessment 
 
With the increase in the usage of various video based applications, has led to a 

fierce competition between service providers and also between developers to provide 
better quality than each other. This has given rise to the importance of assessment of 
video quality. Basically, the video quality assessment is done in two methods: 

 
1. Objective video quality assessment method based on mathematical calculations. 
2. Subjective video quality assessment method based on tests performed by users. 

 
The objective quality assessment methods provide instantaneous measurement of 

the video quality while the subjective assessment methods are time consuming. The 
objective video quality assessment methods are classified into 3 classes namely Full 
Reference (FR), Reduced Reference (RR) and No-Reference (NR). Generally, the FR 
methods are widely used for the objective quality assessments. A full-reference 
method is used when the original reference video is available for comparison. Some of 
the widely used metrics are SSIM, PEVQ, PSNR and MSE [4]. 

 
The subjective video quality assessment method is the most reliable video quality 

measurement method to evaluate the video service. It is the assessment of the video 
quality as perceived by the user. The subjective ratings of the same video differ from 
person to person. Mean Opinion Score (MOS) is the metric obtained from the user 
ratings of the test subjects according to the video quality perceived by them [1]. The 
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subjective video quality assessment method is employed for conducting the user 
experiments in this thesis.  

 
2.13 Regression Analysis 

 
Regression analysis is a statistical process to estimate the relationship among 

variables. It includes modeling and focuses on the investigating the relation between a 
dependent variable and one or more independent variables. It investigates the trend in 
the observed data and involves equations that minimize the distance between the data 
points and the fitted line. The regression analysis determines how well the equations 
represent the true underlying distribution of the data. The R-squared values measure 
how close the data are fitted to the regression line. The regression equation is said to 
be a better fit if the R-squared values are as close to 1 (high correlation) as possible. 
Four models linear, exponential, logistic and power correlation models are investigated 
for this thesis.  
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3 RELATED WORKS 
 
This chapter includes the relevant research works done on the concept of 

sustainable throughput, impact of the various impairments on the QoE of the video 
delivery, network based QoE estimation methods and QoE optimization.  

 
Ping Chung et al. [15] introduced sustainable throughput as the achievable 

throughput in a multi-hop WLAN scenario. It was the first paper to provide a 
quantitative analysis for the impact of hidden nodes and signal capture on sustainable 
throughput. The authors provided the analysis to estimate optimal offered load for a 
traffic flow.  

 
Sustainable throughput is considered as the maximal throughput that assures 

stability in a WLAN scenario in [25]. To understand how much throughput is 
sustainable when subjected to bounded delay moment requirements, the packet delay 
of the unsaturated WLAN is analyzed. The authors observed that when the offered 
load exceeds the saturation throughput, it may be sustainable for a short while but 
eventually becomes unsustainable for longer simulation runs.  

 
S. Akin and M. Fiedler [2] determined the reliable throughput values by 

developing analytical models for the mobile channels with focus on Automatic Repeat-
Request (ARQ). The effects of physical layer characteristics on the data link layer 
performance is investigated for the HARQ systems. The authors constructed a state 
transition model to identify the queue clearing probability at the transmitter and the 
packet loss probability at the receiver and determined the effective capacity for 
maximum data arrival rate at the queue under QoS constraints.  

 
The concept of QoE-aware sustainable throughput as the bit rate threshold value in 

the area of video streaming is introduced by Fiedler et al. in [10]. The paper defines 
sustainable throughput as the maximal throughput at which the QoE degradations can 
be kept from exceeding a quantifiable level. The QoE Provisioning-Delivery 
Hysteresis is used for defining the sustainable throughput. The paper contributes to a 
stochastic fluid flow model (FFM) for straightforward calculations of sustainable 
throughput values with focus on QoE, tele traffic and power modeling approaches. The 
sustainable throughput is considered at the maximal Constant Bit Rate (CBR) that 
allows in keeping the freeze probability and QoE degradation below the desired limits.  

 
The impact of the initial delays and freezes on the QoE of video delivery were 

studied in [11]. Initial delays are the waiting times before the service consumption 
while the freezes or the interruptions occur during the service consumption. Subjective 
tests were conducted which determine that the QoE of a waiting time depends on the 
application. The authors observed that the service interruptions are to be avoided from 
the end-user point of view as stalling results in a service interruption as opposed to the 
initial delay, which leads to a noticeable disturbance and a significant decrease in the 
user perceived quality. 

 
An M/M/1 model is used in [14] to investigate the impact of user profiles on the 

QoE of HTTP video streaming and a mean value analysis is performed. 
Recommendations for adapting the player parameters to optimize the QoE have been 
proposed for the best attainable QoE of each user. The M/M/1 model proposed by the 
authors in this paper is complementary to the fluid flow model based approach in 
reference [10]. 
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A network based QoE estimation method for a progressive video download is 
proposed in [7]. A Quality Monitoring (QMON) mechanism is developed which 
performs the QoE evaluation based on the number of stalling events and the duration 
that they last. This approach reveals whether the video throughput surpassed its 
sustainable value but doesn’t include direct calculation of the sustainable throughput 
value as discussed in [10]. 

 
The optimization of QoE for the video delivery is considered in references [6, 16]. 

Reichl et al. [16] proposed a HTTP Adaptive Streaming (HAS) heuristic for obtaining 
a higher QoE by dynamically adapting its behavior depending on the network 
conditions. The proposed approach has been validated with the numerical simulations 
using NS-3 for effectiveness. Devlic et al. [6] proposed a method to optimize the video 
content for the user population to reduce the perceptual quality degradation. The video 
optimization method proposed in the paper optimizes the video for viewing on the 
mobile device by reducing the video size according to the device, without perceived 
quality degradation. The authors observed that the optimization to individual user 
perception provide seamless QoE delivery across all users.  

 
The energy consumption of the smart phones while live video streaming is studied 

in [17]. The authors studied the energy consumption of the camera for video recording 
and streaming and have provided observations that the largest power draw in such case 
is when the camera is on but not recording. Frame bundling was proposed to reduce 
the power consumption due to wireless communication. 

 
Arun Vishwanath et al. [21] developed a power model to estimate the energy 

consumed by the routers and switches with high traffic flows. The paper dwells into 
explaining the estimation of the network-wide energy consumption and optimizing the 
network-wide routing for minimizing energy consumption. The authors of [24] 
proposed a theoretical measurement approach in order to estimate the energy 
consumption of a video flow through the mobile networks. Two power models for 
traditional networking elements and one for OpenFlow switches are proposed in this 
paper to calculate the energy consumption. 
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4 METHODOLOGY 
 
 This chapter describes the research methodology employed to fulfil the thesis 

goals and explains the experimental setup and video quality assessment based on the 
user study i.e. subjective assessment. 

4.1 Experimental Settings 
 
This section explains the experimental setup, to observe the effect of packet loss 

and packet delay variations on the quality of the video, from end-user perspective. In 
this experiment, the test video is streamed from the server on Ubuntu 16.04 over 
wireless link to the LG Nexus 4 android smartphone client via UDP.  

4.1.1 Video Parameters 
 
The test video sequence is the Big-Buck-Bunny video clip taken from the standard 

test media [http://trace.eas.asu.edu/yuv/]. It is taken in 4 resolutions 352x240 (240p), 
480x360 (360p), 858x480 (480p), and 1280x720 (720p) with frame rate 25fps and 
encoded with 500 kbit/s, 600 kbit/s, 800kbit/s, and 1000 kbit/s bitrates respectively. 
Frame rate is the rate at which the video system projects or displays the images 
(Frames) per second. It is measured in fps. The bit rate refers to the amount of 
information (number of bits) that the video will process in a given period of time. The 
duration of the video is reduced to 120 seconds for the convenience of subjective 
assessment. The results obtained from the short videos are termed to be consistent as 
the subjects’ rate the video based on the quality rather than the content. For longer 
videos, there is a chance the subject might focus on the content rather than the quality. 
The streamed video is displayed on the smartphone screen with a resolution of 
1280x768 pixels. 

4.2 Setup Design 
 
The experimental setup consists of a video streaming server, a video player at the 

client and a traffic shaper. VLQoE tool is installed in the mobile phone. The VLC 
streaming server is used to send the encoded video sequences to the client for 
subjective quality assessment. The video is streamed to the client using UDP protocol. 
The procedure to initiate streaming from the server is as follows. 

 
 Open VLC media player 
 Select ‘streaming’ option 
 Insert the file to be streamed 
 Click ‘stream’ to continue 
 Choose the protocol for streaming (UDP for this thesis) 
 Enter the IP and UDP port details of the client. 
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Fig 4.1. Experimental Setup 

 
NetEm traffic shaper belongs to the Traffic Control (TC) bandwidth provisioning 

package of Linux. NetEm is used for dropping some packets, to control the loss and 
variable delay of the traffic in the network when streamed from server to client. The 
parameters like delay, packet loss, duplication, re-ordering etc. can be configured 
using NetEm. Only delay and packet loss parameters are considered for this thesis. 

 
The packet loss is measured as the percentage of the packets lost at the destination 

with respect to the packets sent. The percentage of packet losses used in this thesis are 
0.1%, 0.2% and 1%, i.e. if the packet loss is set to 0.1%, the shaper in average drops 1 
packet for every thousand packets transmitted from the server to the client. The delay 
conditions under investigation are no delay, 200ms and 500ms delay i.e. if the delay is 
set to 200ms, NetEm adds a 200ms delay to all the outgoing packets. The streamer is 
installed on the Linux Ubuntu 16.04 and the shaper is also run on the same platform 
whereas the client is installed on the android device. Before starting the video 
streaming at the server, the client has to be ready by opening the VLQoE and choosing 
the network stream. This is essential because the client does not have the specific 
information as to when the video starts streaming at the server. 

4.3 Video Quality Assessment – User Study 
 
For the subjective part of the study, user experiments are conducted  with the 

thesis [5] on 40 test subjects from Karlskrona, Sweden. The subjective method referred 
to as Mean Opinion Score (MOS) was employed to determine the quality of the 
received streams. According to the ITU-T standard, MOS is classified into 5 quality 
groups namely Excellent (5), Good (4), Fair (3), Poor (2), and Bad (1). It can be said 
that excellent rating means the video quality impairment is imperceptible, good refers 
that the impairment is perceptible but not annoying, fair means that the impairment is 
slightly annoying, poor means that the video quality is annoying and bad means that 
the received video is very annoying. 
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Table 4.1: ITU-T Scale of Media Quality Impairment 
 
The user experiment was performed with 40 people: 26 male and 14 female 

subjects who have no experience in quality assessment. Each user watched the 
streamed videos on the smartphone client for 4 test videos and 6 test cases 
(total=6x4=24). The subjects were asked to hold the smartphone at a comfortable 
distance, and take a convenient position in a silent room. All the users streamed the 
same videos on the smartphone with portrait orientation, with the same screen 
brightness and sound turned on. The order of resolutions and sequences of the different 
video clips was randomized. A total of 360 videos (40 usersx24 videos per user) were 
rated for overall-quality on a five-level MOS scale after the completion of each video. 
Also, the details of the test subjects like age, gender, and occupation were collected 
after the experiments. The collected data from the MOS scale is color-coded as 
follows. A sample is shown in fig 4.2. 

 
 

 
Fig.4.2 Color coded sample user data 

 

Scale Quality Impairment Color indicated 
5 Excellent Imperceptible Green 
4 Good Perceptible, but not annoying Green 
3 Fair Slightly annoying Yellow 
2 Poor Annoying Red 
1 Bad Very annoying Red 
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5 ANALYSIS AND DISCUSSION 
 

This chapter gives a detailed description and analysis of the results obtained from 
the previous chapter. The results give the subjective assessment of the various test 
videos in the presence of different delays and packet loss values. The individual MOS 
scores for each resolution and test case scenario have been taken from the subjective 
quality assessment results from [5]. The following test case scenarios were taken into 
account for the experimentation purpose. 

 
 240px video with no delay, 200ms delay, 500ms delay, 0.1% packet loss, 

0.2% packet loss and 1% packet loss. 
 

 360px video with no delay, 200ms delay, 500ms delay, 0.1% packet loss, 
0.2% packet loss and 1% packet loss. 
 

 480px video with no delay, 200ms delay, 500ms delay, 0.1% packet loss, 
0.2% packet loss and 1% packet loss. 
 

 720px video with no delay, 200ms delay, 500ms delay, 0.1% packet loss, 
0.2% packet loss and 1% packet loss. 
 

Once the data is collected, the mean scores for all the test cases are calculated using 
the following formulae. 

 
Average Value: 

 
The average value is calculated using 

 

 
 

Where, 
  is Mean, 
  is sum of all data values, 
  is number of all data values. 

 
 

Standard deviation: 
 
The standard deviation is calculated using 

 
 

 
Where, 

  is Standard deviation, 
  is Variance, 
  is Mean, 
  is each data value, 
 is number of all data values. 
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Confidence Intervals: 
 
The confidence interval is calculated as 

                             

                                 
 

Where, 
 

  = average; series as an estimator for µ, 

 = estimation of the variation of the mean , 
  = percentile of the Normal distribution, 

  = half-size of the confidence interval. 
 

The individual opinion scores from the user experiments carried out as described 
in the previous chapter are taken into consideration for the test videos in 240px, 360px, 
480px and 720px resolutions under all the test conditions. Scatter plots were generated 
for all the test cases plotting the throughput values against the opinion scores obtained 
from the users. The average application level bitrates for the different resolutions and 
the average MOS values for the different packet loss levels is as shown in the table 
5.1. 

 
Test Video 
Resolution 

Throughput 
(kbps) 

0% Loss 0.1% Loss 0.2% Loss 1% Loss 

240px 437.315 4.050 3.550 3.100 2.750 
360px 988.217 4.175 3.625 3.025 2.375 
480px 1777.330 3.475 3.025 2.400 1.675 
720px 3988.999 3.000 2.375 1.675 1.075 

Table 5.1. Average bitrates for the test videos with average MOS values 
 

The average MOS values, standard deviation and 95% confidence intervals of 40 
test subjects for the all the videos of 240px resolution under delay and packet loss 
conditions are tabulated in table 5.2. 

 
MOS – 
240px 

0ms 
delay 

200ms 
delay 

500ms 
delay 

0.1% loss 0.2% loss 1% loss 

Average 
Value 

4.05 3.45 3.725 3.55 3.1 2.75 

Standard 
Deviation 

0.552 0.639 0.554 0.554 0.379 0.439 

Confidence 
Interval 

0.171 0.198 0.172 0.172 0.117 0.136 

Table 5.2. 40 Users Mean Opinion Score – 240px case 
 

The average MOS values, standard deviation and 95% confidence interval values 
of 40 test subjects for the all the videos of 360px resolution under delay and packet 
loss conditions are tabulated in table 5.3. 
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MOS – 
360px 

0ms 
delay 

200ms 
delay 

500ms 
delay 

0.1% loss 0.2% loss 1% loss 

Average 
Value 

4.175 3.825 3.25 3.625 3.025 2.375 

Standard 
Deviation 

0.675 0.501 0.494 0.667 0.768 0.540 

Confidence 
Interval 

0.209 0.155 0.153 0.207 0.238 0.167 

Table 5.3. 40 Users Mean Opinion Score – 360px case 
 

The average MOS values, standard deviation and 95% confidence interval values 
of 40 test subjects for the all the videos of 480px resolution under delay and packet 
loss conditions are tabulated in table 5.4. 

 
MOS – 
480px 

0ms 
delay 

200ms 
delay 

500ms 
delay 

0.1% loss 0.2% loss 1% loss 

Average 
Value 

3.475 3.475 2.8 3.1 2.4 1.675 

Standard 
Deviation 

0.751 0.64 0.823 0.545 0.744 0.616 

Confidence 
Interval 

0.233 0.198 0.255 0.169 0.231 0.191 

Table 5.4. 40 Users Mean Opinion Score – 480px case 
 

Table 5.5 depicts the average MOS values, standard deviation and 95% confidence 
interval values of 40 test subjects for the all the videos of 720px resolution under delay 
and packet loss conditions. 

 
MOS – 
720px 

0ms 
delay 

200ms 
delay 

500ms 
delay 

0.1% loss 0.2% loss 1% loss 

Average 
Value 

3 3.25 2.9 2.925 1.675 1.075 

Standard 
Deviation 

0.599 0.543 0.744 0.572 0.764 0.267 

Confidence 
Interval 

0.186 0.168 0.231 0.177 0.237 0.083 

Table 5.5. 40 Users Mean Opinion Score – 720px case 
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Fig. 5(a) Average MOS ratings of 40 users for test videos under delay cases 

 
Fig. 5(a) depicts the average Mean Opinion scores of the test videos under all the 
delay conditions. It can be observed that the 240px and 360px videos have better user 
ratings than the 480px and 720px resolution videos. The degradation of the user 
opinion score is due to the freezes and jerks observed while streaming the higher 
quality videos. 
 

 
Fig. 5(b) Average MOS ratings of 40 users for test videos for packet loss cases 

 
Fig. 5(b) shows the average Mean Opinion scores of the test videos under the packet 
loss conditions. It can be observed that the 240px and 360px videos have better user 
ratings than the 480px and 720px resolution videos. The lower quality videos suffered 
a degradation in the opinion scores for the 1% packet loss case. The degradation of the 
user opinion score is due to the frequent and long freezes observed while streaming the 
videos. 

 

5.1 Scatter Plots 
 
Scatter plots provide a visual representation of the correlation or the relationship 

between two variables. For this thesis, scatter plots were made for the throughput 
values against the corresponding opinion scores for all the test cases. Each dot on the 
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scatter plot represents one observation from the data set. The figures of individual 
scatter plots have been plotted in the following sub sections for each resolution under 
each test case. 

 
5.1.1 Scatter Plot– 0ms delay 
 

 
Fig. 5.1. Scatter plot of 240px video under no delay condition 

 
Figure 5.1 depicts the scatter plot of the 240px test video when streamed from 

server to client under no delay conditions. The opinion scores of the users are taken on 
the y-axis and the corresponding throughputs on the x-axis. 27 of the 40 users 
considered for the test study have rated the 240px video good (4) due to the 
impariments in the video during start up. 7 users rated the video excellent (5) as there 
are no impairments in the streamed video. 6 users found the quality impairments 
slightly annoying and rated it fair (3). 

 

 
Fig.5.2. Scatter plot of 360px video under no delay condition 

 
Figure 5.2 depicts the scatter plot of the 360px test video streamed from server to 

client under no delay conditions. The opinion scores of the users are taken on the y-
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axis and the corresponding throughputs on the x-axis. 12 of the 40 users rated the 
video excellent (5) as there are no visual impairments in the streamed video. 24 users 
considered for the test study have rated the 360px video good (4) due to the jerks 
observed in the video during startup. 3 users found the quality impairments slightly 
annoying due to the jerks during the transmission and rated it fair (3). 1 user has 
provided poor (2) rating for the annoyance due to a freeze occurance. 

 

 
Fig.5.3. Scatter plot of 480px video under no delay condition 

 
Figure 5.3 is the scatter plot of the 480px test video streamed from server to client 

under no delay conditions. The opinion scores of the users are taken on the y-axis and 
the corresponding throughputs on the x-axis. Only 3 of the 40 users rated the video 
excellent (5) as there are no visual impairments in the streamed video while 14 users 
rated the quality good (4) due to the perceptible yet not annoying jerks during the 
video startup. 20 users found the quality impairments slightly annoying due to the 
jerks during the transmission and rated it fair (3). 3 user has provided poor (2) rating 
for the annoyance due to a freeze occurance. 

 
 

 
Fig.5.4. Scatter plot of 720px video under no delay condition 
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Figure 5.4 is the scatter plot of the 720px test video streamed from server to client 
under no delay conditions. The opinion scores of the users are taken on the y-axis and 
the corresponding throughputs on the x-axis. Only 1 of the 40 users rated the video 
excellent (5) as there are no visual impairments in the streamed video while 4 users 
rated the quality good (4) due to the perceptible yet not annoying jerks during the 
video startup. 32 users found the quality impairments slightly annoying due to the 
jerks during the transmission and rated it fair (3). 3 user has provided poor (2) rating 
for the annoyance due to a freeze occurances during transmission. 

 

5.1.2 Scatter Plot – 200ms delay 
 

 
Fig.5.5. Scatter plot of 240px video under 200ms delay condition 

 
The scatter plot of the 240px test video streamed from server to client when 200ms 

delay is introduced is as shown in fig.5.5. Only 1 of the 40 users rated the video 
excellent (5) as there are no visual impairments in the streamed video while 20 users 
rated the quality good (4) due to the presence of a few jerks during the video 
transmission. 19 users found the quality impairments slightly annoying due to the jerks 
during the transmission and rated it fair (3).  
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Fig.5.6. Scatter plot of 360px video under 200ms delay condition 
 

Figure 5.6 shows the scatter plot of the 360px test video streamed from server to 
client under 200ms delay. Only 2 of the 40 users rated the video excellent (5) as there 
are no visual impairments in the streamed video while 29 users rated the quality good 
(4) due to the perceptible yet not annoying occasional jerk during the video startup. 9 
users found the jerks in the video and an occasional freeze slightly annoying during the 
transmission and rated it fair(3). 

 

 
Fig.5.7. Scatter plot of 480px video under 200ms delay condition 

 
The scatter plot of the 480px test video streamed from server to client under 

200ms delay is shown in fig. 5.7. 3 of the 40 users rated the video excellent (5) as there 
are no visual impairments in the streamed video while 16 users rated the quality good 
(4) due to the perceptible yet not annoying jerks during the video startup and 
transmission. 24 users found the quality impairments slightly annoying due to the jerks 
during the transmission and rated it fair (3). 

 

 
Fig.5.8. Scatter plot of 720px video under 200ms delay condition 
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The scatter plot of the 720px test video streamed from server to client under 
200ms delay is shown in fig. 5.8. Only 1 of the 40 users rated the video excellent (5) as 
there are no visual impairments in the streamed video while 1 user rated video poor (2) 
due to the jerks and freezes. 16 users rated the quality good (4) due to the perceptible 
yet not annoying jerks while 24 users found the quality impairments slightly annoying 
due to the jerks during the transmission and rated it fair (3). 

 
5.1.3 Scatter Plot – 500ms delay 

 

 
Fig.5.9. Scatter plot of 240px video under 500ms delay condition 

 
The scatter plot of the 240px test video streamed from server to client under 

500ms delay is shown in fig. 5.9. 3 of the 40 users rated the video excellent (5) as there 
are no visual impairments in the streamed video while 16 users rated the quality good 
(4) due to the perceptible yet not annoying jerks during the video startup and 
transmission. 24 users found the quality impairments slightly annoying due to the jerks 
during the transmission and rated it fair (3). 

 
 

 
Fig.5.10. Scatter plot of 360px video under 500ms delay condition 
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Figure 5.10. shows the scatter plot of the 360px test video streamed from server to 
client in the presence of 500ms delay. 1 of the 40 users rated the video excellent (5) as 
there are no visual impairments in the streamed video while 8 users rated the quality 
good (4) due to the perceptible yet not annoying jerks during the video startup and 
transmission. 31 users found the quality impairments slightly annoying due to the jerks 
during the transmission and rated it fair (3). 

 

 
Fig.5.11. Scatter plot of 480px video under 500ms delay condition 

 
Figure 5.11 is the scatter plot of the 480px test video streamed from server to 

client under 500ms delay condition. 6 of the 40 users rated the video quality good (4) 
due to the perceptible yet not annoying jerks during the video startup. 24 users found 
the quality impairments slightly annoying due to the jerks during the transmission and 
rated it fair (3). 6 users provided poor (2) rating and 4 users rated the video bad (1) for 
the annoyance due to frequent jerks and freeze occurances during transmission. 

 
 

 
Fig.5.12. Scatter plot of 720px video under 500ms delay condition 

 
The scatter plot of the 720px test video streamed from server to client under 

500ms delay condition is shown in fig 5.12.  9 of the 40 users rated the video quality 
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good (4) due to the perceptible yet not annoying jerks during the video startup and 
transmission. 18 users found the quality impairments slightly annoying due to the jerks 
during the transmission and rated it fair (3). 13 users provided poor (2) rating owing to 
the frequent jerks and freezes throughout the video. 

 
 
 

5.1.4 Scatter Plot – 0.1% Packet Loss 
 

 
Fig.5.13. Scatter plot of 240px video under 0.1% packet loss condition 

 
The scatter plot of the 240px test video streamed from server to client under 0.1% 

packet loss condition is shown in fig 5.13. Only 1 of the 40 users found rated the video 
excellent (5) while 20 users rated the video quality good (4) due to the perceptible yet 
not annoying jerks during the video startup. 19 users found the quality impairments 
slightly annoying due to the jerks during the transmission and rated it fair (3). 

 

 
Fig.5.14. Scatter plot of 360px video under 0.1% packet loss condition 

 
Figure 5.14 shows the the scatter plot of the 360px test video streamed from server 

to client under 0.1% packet loss condition. 4 of the 40 users rated the video quality 
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excellent while 17 rated good (4) due to the perceptible yet not annoying jerks in the 
transmission. 19 users found the quality impairments slightly annoying due to the jerks 
during the transmission and rated it fair (3). 

 
Fig.5.15. Scatter plot of 480px video under 0.1% packet loss condition 

 
The scatter plot of the 480px test video streamed from server to client under 0.1% 

packet loss  is shown in fig. 5.15. Only 1 of the 40 users rated the video excellent (5) 
as there are no visual impairments in the streamed video while 5 users rated the quality 
good (4) due to the perceptible jerks during the video startup and transmission. 31 
users found the quality impairments slightly annoying due to the jerks during the 
transmission and rated it fair (3) while 3 users rated poor (2) due to the freezes and 
jerks throughout. 

 
 

 
Fig.5.16. Scatter plot of 720px video under 0.1% packet loss condition 

 
The scatter plot of the 720px test video streamed from server to client under 0.1% 

packet loss  is shown in fig. 5.16. 4 of the 40 users rated the video quality good (4) due 
to the perceptible jerks during the video startup and transmission while 31 users found 
the quality impairments slightly annoying due to the jerks during the transmission and 
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rated it fair (3). 5 users rated poor (2) and 1 user rated bad (1) due to the freezes and 
jerks throughout the video playout. 

 
 
5.1.5 Scatter Plot – 0.2% Packet Loss 

 

 
Fig.5.17. Scatter plot of 240px video under 0.2% packet loss condition 

 
The scatter plot of the 240px test video streamed from server to client under 0.2% 

packet loss  is shown in fig. 5.15. 5 of the 40 users rated the video quality good (4) due 
to the preseence of some jerks during the video startup and transmission. 34 users 
found the quality impairments slightly annoying due to the jerks during the 
transmission and rated it fair (3) while 1 user rated the quality poor (2) due to an 
occasional freeze. 

 
 

 
Fig.5.18. Scatter plot of 360px video under 0.2% packet loss condition 

 
Figure 5.18 shows the scatter plot of 360px test video streamed from server to 

client under 0.2% packet loss condition. 12 of the 40 users rated the video quality good 
(4) due to the preseence of some jerks during the video startup and transmission. 17 
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users found the quality impairments slightly annoying due to the jerks during the 
transmission and rated it fair (3) while 11 users rated the quality poor (2) due to  the 
freezes and jerks throughout the transmission. 

 

 
Fig.5.19. Scatter plot of 480px video under 0.2% packet loss condition 

 
Figure 5.19 shows the scatter plot of 480px test video streamed from server to 

client in the presence of 0.2% packet loss. 1 of the 40 users rated the video quality 
good (4) due to the preseence of some jerks during the video startup and transmission. 
20 users found the quality impairments slightly annoying due to the jerks during the 
transmission and rated it fair (3) while 14 users rated the quality poor (2) and 5 rated 
bad (1) due to the freezes and jerks throughout the transmission. 

 
 

 
Fig.5.20. Scatter plot of 720px video under 0.2% packet loss condition 

 
The scatter plot of 720px test video streamed from server to client in the presence 

of 0.2% packet loss is as shown in fig. 5.20. 7 users found the quality impairments 
slightly annoying due to the jerks during the transmission and rated it fair (3) while 13 
users rated the quality poor (2) and a majority of the people i.e. 20 rated the quality 
bad (1) due to the frequent freezes and jerks during the transmission. 
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5.1.6 Scatter Plot – 1% Packet Loss 
 

 
Fig.5.21. Scatter plot of 240px video under 1% packet loss condition 

 
Figure 5.21 shows the scatter plot of 240px test video streamed from server to 

client in the presence of 1% packet loss. 30 of the 40 users found the video quality 
slightly annoying during the transmission due to the freezes and rated it fair (3) while 
10 users rated the quality poor (2). 

 

 
Fig.5.22. Scatter plot of 360px video under 1% packet loss condition 

 
The scatter plot of 360px test video in fig. 5.22 when streamed from server to 

client is in the presence of 1% packet loss. 1 of the 40 users found the video quality 
good (4) while 12 users found the quality slightly annoying during the transmission 
due to the freezes and rated it fair (3) while the remaining 27 users rated the quality 
poor (2) due to the frequent freezes. 
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Fig.5.23. Scatter plot of 480px video under 1% packet loss condition 

 
The scatter plot of 480px test video when streamed from server to client for 1% 

packet loss condition is shown in fig. 5.23. Only 3 of the 40 users found the video 
quality Fair (3) while 22 users rated the quality poor (2) and 15 users rated the quality 
bad (1) due to the frequent freezes. 

 
 

 
Fig.5.24. Scatter plot of 720px video under 1% packet loss condition 

 
The scatter plot of 720px test video when streamed from server to client for 1% 

packet loss condition is shown in fig. 5.24. Only 2 of the 40 users rated the quality 
poor (2) and the remaining 38 users rated the quality bad (1) due to the many and 
frequent freezes. 

 
 

5.2 Regression Analysis 
 
Regression analysis is a statistical process for investigating the relation between 

variables. It uses the existing data and mathematical statistics to establish a functional 
relationship between the variables i.e., trend in the data. It involves an equation that 
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minimizes the distance between the fitted line and the data points. The model is said to 
fit the data well if the differences between the observed values and the model’s 
predicted values are small. R-squared is the statistical measure of how close the data 
are fitted to the regression line. It is also known as the coefficient of determination. 
The R-squared value is always between 0 and 100%, where 0% indicates that the 
model explains all the variability of the response data around its mean. The closer the 
correlation values are to 1 the better a fit the regression equation is to the data values. 
To select the type of correlation model that explains the relationship between the mean 
opinion score and the throughput values, we first investigated four correlation models 
namely linear, exponential, logarithmic and power models for the disturbance case. 
Then, we choose the ones with the highest correlation coefficient in most cases. In 
terms of regression, the correlation model between the mean opinion score and the 
throughput is good if the determination coefficient (R2) is close to 1. 

 
5.2.1 Linear Regression 

 
For the linear regression analysis, a straight line depicts the linear trend in data. 

The trend in the data with regression lines and equations are shown in fig.5.25. 
Initially a scatter plot is generated for the disturbance part of the data in table 5.1. The 
linear regression line is added to the generated plot by adding a linear trendline. The 
trendline depicts the values predicted by the model. The corresponding equations and 
R-squared values for the different levels of packet loss are as shown in the fig.5.25. 
The closer the R-squared value to 1, the better the fit of the regression line. From the 
figure it can be observed that the models prediction does not match the observed 
values. Especially the 0% loss case and 1% loss case, the predicted values are very 
much different than the observed values, thus resulting in low R2 values. 

 

 
Fig.5.25. Linear Regression – Loss condition 

 
5.2.2 Exponential Regression 

 
For the exponential regression analysis, the trend in the data with regression lines 

and equations are shown in fig.5.26. Initially a scatter plot is generated from the data 
in table 5.1. and the regression line is added to the generated plot for the disturbance 
case by adding an exponential trendline. The corresponding equations and R-squared 
values for the different levels of packet loss are as shown in the fig.5.26. The closer the 
R-squared value to 1, the better the fit of the regression line. From the figure it can be 
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observed that the R-squared value is higher for all the cases except the 0% packet loss 
condition, and the predicted values of the model are much closer to the observed 
values unlike in the linear case. This contributes to the higher R2 values for the 0.1% 
and 0.2% packet loss cases. 

 

 
Fig.5.26. Exponential Regression – Loss condition 

 

5.2.3 Logarithmic Regression 
 
The logarithmic regression analysis has been performed by considering the average 

values of the mean opinion score and the throughput  R(kbps) values from the 
experimentation results tabulated in table 5.1 for the disturbance case. The trend in the 
data with regression lines and equations are shown in fig.5.27. The logistic regression 
line is added to the generated plot by adding a logarithmic trendline. The 
corresponding equations and R-squared values for the different levels of packet loss 
are as shown in the fig.5.27. It can be observed that the models’ predicted data and the 
observed data alost match. The R-squared values are almost equal to 1 for the 0.1% 
and 0.2% packet loss cases and are relatively higher for the other loss cases when 
compared to the linear and exponential regressions. Hence, the logarithmic regression  
can be considered to represent the likely trend in our observed data. 

 

 
Fig.5.27. Logarithmic Regression – Loss condition 
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5.2.4 Power Regression 

 
For the power regression analysis, the trend in the data with regression lines and 

equations are shown in fig.5.28. Initially a scatter plot is generated from the data in 
table 5.1. The power regression line is added to the generated plot by adding the power 
trendline. The corresponding equations and R-squared values for the different levels of 
packet loss are as shown in the fig. below. The closer the R-squared value to 1, the 
better the fit of the regression line. From fig.5.28, it can be clearly observed that the R-
squared value is almost equal to 1 for all the loss cases considered. Also, the models’ 
predicted data and the observed data points are almost the same. The R2 values for all 
the cases are the closest to 1 when compared to the other regression models 
investigated for the thesis. Hence, the power regression model can be considered to 
represent the trend in our observed data as the power equations generated by this 
model minimize the distance between the data points and the fitted line.  

 

 
Fig.5.28. Power Regression – Loss condition 

 
With the help of the regression models, it is possible to examine how well the equations 

represent the true underlying distribution of the data. In general, none of the fitted distributions 
will probably be correct, but a distributiion that is accurate enough for the intended purpose of 
the model is determined. From the regression models considered for the thesis, it can be 
observed that the predicted data of the logarithmic regression is very much closer to the 
observed data, and the predicted values and the observed values are almost the same for the 
power regression model. 
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6 CONCLUSION AND FUTURE WORK 
 

For this thesis work, the results of the experiments show the variation in the user 
QoE for the videos of 4 different resolutions in the presence of different packet loss 
and delays. The experimentation testbed was setup with a streaming server and a 
mobile client and the video sequences streamed over the wireless link were rated with 
opinion scores of 40 test subjects according to the network impairments experienced 
by the user. The user ratings of the 4 test videos with 240px, 360px, 480px and 720px 
under no delay, no loss, 200ms delay, 500ms delay, 0.1% packet loss, 0.2% packet 
loss and 1% packet loss for the wireless scenario were taken from thesis [5] and are 
analyzed in this thesis.  

 
 From the observations of all the video test cases, it is noted that best quality 

ratings are observed for low resolution videos in the presence of packet loss and delay 
for the considered test videos in wireless scenario. The videos with low network 
disturbances are observed to have higher opinion scores and the quality of the videos 
in the presence of delay is higher compared to the quality when packet loss is 
introduced. It is also observed that, the low resolution videos are more resilient to 
quality impairments as the jerks or freezes and the stop and go behavior seen by the 
user are comparatively lower than those of high resolutions. For the ideal case, the 
quality grows with the throughput. Collisions on the air or other traffic can account to 
a disturbance in the transmission resulting in quality degradations. The codec can also 
have an impact on the behavior observed. It can be seen that the QoE disturbances can 
be kept at a desirable level for the low resolution videos and from the test cases 
considered for the investigation, 360px video has the highest quality ratings in all the 
test cases and is more resilient in case of high delay and packet loss values and has 
better opinion score values. Hence, it can be observed that the throughput is 
sustainable at this threshold. This is the maximum value that gives the maximum 
quality, i.e. something that can be sustainable. The quality is still high enough in this 
case and when it is increased, we enter the unstable region. 

 
Scatter plots were generated for the individual opinion scores and their 

corresponding throughput values and regression analysis is performed to find the best 
fit. Four types of regressions namely, logarithmic, exponential, linear and power were 
considered in this thesis. The R-squared values are calculated for each regression 
model and the value closest to 1 is determined to be the best fit. Power and 
logarithmic regression models showed the highest R-squared values for all the packet 
loss cases considered in the thesis, minimizing the distance between the data points 
and the fitted line. 

 
For the future work, QoE models can be developed taking complex traffic 

conditions into consideration. The concept of sustainable throughput can be extended 
for comparing the video streaming solutions taking Quality of Experience and Energy 
efficiency into account. The experimentation is performed only on Wi-Fi scenario due 
to time constraint. One potential could be to carry out the experiments taking mobile 
network into consideration. The regression analysis showed the logarithmic and power 
regression models to be highly likely to estimate the underlying distribution of the 
observed values. Best measure of the model depends on the researchers’ objectives 
and hence often more than one model are deemed useful. More data samples can be 
taken into account for investigating the validity of these models. From the regression 
analysis, throughput and the disturbance can be seen as multiplicative parameters. 
Investigations can be done as to whether they vary as the power of one another. 
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LINKING TO RESEARCH QUESTIONS: 
 

1. What is the impact of packet loss and delay on the quality of the test videos 
streamed when over the wireless network setup? 
 

Ans: It can be observed that for the test videos of the 4 different resolutions i.e. 240px, 
360px, 480px and 720px, with the increase in the loss percentage, there is a 
degradation in the user opinion scores. Better quality ratings are observed for the low 
resolution videos (240px and 360px) in the presence of packet loss and delay. In the 
case of less packet loss, lower resolution videos (240px and 360px) have better 
opinion scores than that of the higher resolution (480px and 720px) videos. In the 
presence of delays, lower resolution videos (240px and 360px) have higher opinion 
scores than those of the values in the packet loss case as the annoyance due to 
impairments like freezes and jerks is much higher for high quality videos. The 
degradations can be accounted to the wireless network. In the ideal situation, quality is 
ever growing over the throughput but the collisions on the air or other traffic can 
account to a disturbance in the transmission resulting in quality degradations. The 
observed behavior might also vary depending on the codec considered. 

 
2. What is the impact of the different packet loss and delay levels considered on the 

opinion scores of the end-user? 
 

Ans: With the increase in the percentage of packet loss, degradations were observed in 
the end-user QoE. The level of degradation in the user QoE is high for the high 
resolution videos (480px and 720px) than the low resolution videos because the high 
resolution videos had more quality impairments namely jerks and freezes than low 
resolution ones. With the increase in delay, the opinion scores of the high resolution 
videos is lower compared to the low resolution videos (240px and 360px), which 
indicate that high quality videos are more susceptible to quality degradations than the 
low resolution videos. Among the test videos, 360px video had the highest quality 
ratings for the considered test cases. 

 
3. What are the maximal throughputs at which the QoE problems can be kept at a 

desired level i.e. where the throughput can be said to be sustainable among the 
considered test videos? 
 

Ans: The maximal throughput is the value of throughput at which the QoE problems 
can still be kept at a desired level, i.e. the uncontrollable degradations in the quality 
are avoided. From the results, it can be observed that the throughput of the video with 
high resistance to the network disturbances i.e. 360px is sustainable. This is the 
maximum value that gives the maximum quality. When the throughput is further 
increased, the quality degradations become uncontrollable. Hence, this will be the 
threshold to maintain in order to avoid triggering the QoE problems. 
 
4. Which regression model among linear, exponential, logarithmic and power gives a 

better underlying distribution of the observed data values? 
 

Ans: Four regression models are considered to observe the distribution of the observed 
data values for the disturbance case. From the regression models considered for the 
thesis, it can be observed that the predicted data of the logarithmic regression is very 
much closer to the observed data, and the predicted values and the observed values are 
almost the same for the power regression model. The R-squared values for the power 
model are the closest values to 1, indicating a high correlation. 
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APPENDICES 
 

APPENDIX A 
 
A.1 Network Configuration 
 
For the proper network configurations of the device, the configuration settings are changed 
at /etc/network/interfaces in the terminal. The laptop is now configured as 
 Auto eth0 
 iface inet eth0 dhcp 
 
 Auto eth1 
 iface inet eth1 dhcp 
 
The following commands are then entered to know the device IP address 
 # sudo ifdown –a && sudo ifup –a 
 
Restart to the networking service under Linux using 
 #sudo /etc/init.d/networking restart 
 
A.2 Emulator Commands 
 
Packet Loss: 
 
 #tc qdisc add dev wlp6s0 root netem loss X% 
 #tc qdisc change dev wlp6s0 root netem loss X% 
 #tc qdisc del dev wlp6s0 root 
 
Delay: 
 
 #tc qdisc add dev wlp6s0 root netem delay Yms 
 #tc qdisc change dev wlp6s0 root netem delay Yms 
 #tc qdisc del dev wlp6s0 root  
 
Where X is the packet loss and Y is the delay value. 
 
A.3 VLC Media Player Installation 
 
 #sudo apt-get update 
 #sudo apt-get upgrade 
 #sudo apt-get install vlc 
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APPENDIX B: RESULTS OF THE USER EXPERIMENTS 
 

 
Mean Opinion Score -- 40 users -- Impairment scale 

 
       U1-
23/M no delay 200ms 500ms loss 0.1% loss 0.2% loss 1% 

240px  4 4 4 3 4 3 

360px 4 4 3 5 2 3 

480px 2 3 4 4 3 1 

720px 2 5 4 3 3 1 

       U2-
22/M no  200ms 500ms loss 0.1% loss 0.2% loss 1% 

240px  4 3 3 3 3 3 

360px 4 4 3 4 4 2 

480px 3 5 4 4 3 2 

720px 2 4 4 3 2 1 

       U3-
23/M no  200ms 500ms loss 0.1% loss 0.2% loss 1% 

240px  4 3 4 4 3 3 

360px 4 3 3 3 2 2 

480px 4 4 1 3 2 3 

720px 3 3 4 3 1 1 

       U4-21/F no  200ms 500ms loss 0.1% loss 0.2% loss 1% 

240px  4 2 4 4 3 2 

360px 4 4 3 3 3 2 

480px 3 3 3 2 3 3 

720px 3 3 2 4 1 1 

       U5-
22/M no  200ms 500ms loss 0.1% loss 0.2% loss 1% 

240px  4 3 5 4 3 3 

360px 5 4 4 3 4 2 

480px 3 3 1 3 2 1 

720px 2 3 4 2 1 1 

       U6-
23/M no  200ms 500ms loss 0.1% loss 0.2% loss 1% 

240px  4 3 4 4 3 3 

360px 4 3 4 3 3 2 

480px 4 3 3 3 2 1 

720px 3 4 3 4 1 1 

       U7-
22/M no  200ms 500ms loss 0.1% loss 0.2% loss 1% 

240px  4 2 5 4 2 3 
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360px 2 4 4 3 4 4 

480px 4 4 3 2 3 2 

720px 3 3 3 3 1 1 

       U8-23/F no  200ms 500ms loss 0.1% loss 0.2% loss 1% 

240px  4 4 3 3 3 3 

360px 4 4 3 4 3 2 

480px 3 3 3 3 3 2 

720px 2 3 3 2 2 1 

       U9-23/F no  200ms 500ms loss 0.1% loss 0.2% loss 1% 

240px  4 4 3 3 3 2 

360px 3 4 3 3 4 2 

480px 2 3 3 3 3 2 

720px 3 3 3 3 2 1 

       U10-
23/M no  200ms 500ms loss 0.1% loss 0.2% loss 1% 

240px  4 4 3 3 3 3 

360px 4 4 3 4 4 3 

480px 2 3 3 3 4 2 

720px 3 3 4 3 2 1 

       U11-
22/M no  200ms 500ms loss 0.1% loss 0.2% loss 1% 

240px  4 3 4 3 3 2 

360px 4 4 3 4 3 3 

480px 3 4 1 3 2 2 

720px 3 3 3 3 1 1 

       U12-
24/M no  200ms 500ms loss 0.1% loss 0.2% loss 1% 

240px  4 4 4 3 4 3 

360px 4 3 3 4 2 2 

480px 3 3 3 4 3 1 

720px 2 4 4 3 3 1 

       U13-
22/F no  200ms 500ms loss 0.1% loss 0.2% loss 1% 

240px  3 3 4 3 3 2 

360px 4 4 3 4 2 2 

480px 4 3 4 3 1 1 

720px 3 3 3 3 1 1 

       U14-
23/M no  200ms 500ms loss 0.1% loss 0.2% loss 1% 

240px  4 3 4 3 3 3 
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360px 4 4 3 4 3 2 

480px 5 4 4 3 1 2 

720px 3 3 4 3 1 1 

       U15-
22/F no  200ms 500ms loss 0.1% loss 0.2% loss 1% 

240px  4 3 4 3 3 3 

360px 3 4 3 4 2 2 

480px 3 3 3 3 3 1 

720px 3 3 3 3 1 1 

       U16-
23/M no 200ms 500ms loss 0.1% loss 0.2% loss 1% 

240px 5 4 4 4 3 3 

360px 4 4 4 3 4 2 

480px 4 3 3 3 2 2 

720px 3 3 3 3 2 1 

       U17-
22/F no 200ms 500ms loss 0.1% loss 0.2% loss 1% 

240px 4 4 4 3 3 3 

360px 5 4 3 3 4 2 

480px 4 4 2 3 3 2 

720px 3 3 2 2 2 1 

       U18-
22/F no 200ms 500ms loss 0.1% loss 0.2% loss 1% 

240px 5 4 4 4 3 3 

360px 5 5 3 4 3 3 

480px 4 3 3 3 3 1 

720px 3 3 2 3 2 1 

       U19-
21/F no 200ms 500ms loss 0.1% loss 0.2% loss 1% 

240px 3 3 4 3 3 3 

360px 4 4 5 5 4 2 

480px 4 5 2 5 3 2 

720px 3 4 2 3 2 1 

       U20-
21/M no 200ms 500ms loss 0.1% loss 0.2% loss 1% 

240px 4 3 3 4 3 3 

360px 5 4 3 3 4 2 

480px 3 4 1 3 3 3 

720px 3 3 2 3 3 1 

       U21-
22/M no 200ms 500ms loss 0.1% loss 0.2% loss 1% 
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240px 4 4 4 4 3 3 

360px 5 4 4 3 3 2 

480px 5 3 3 3 2 1 

720px 4 3 3 4 1 1 

       U22-
22/M no 200ms 500ms loss 0.1% loss 0.2% loss 1% 

240px 4 4 4 4 3 3 

360px 5 3 4 4 3 3 

480px 4 4 3 3 3 2 

720px 4 3 3 2 3 2 

       U23-
22/M no 200ms 500ms loss 0.1% loss 0.2% loss 1% 

240px 3 4 3 3 4 3 

360px 4 4 3 4 4 2 

480px 3 3 3 3 3 2 

720px 3 3 2 3 2 1 

       U24-
21/F no 200ms 500ms loss 0.1% loss 0.2% loss 1% 

240px 4 3 4 4 3 2 

360px 5 4 3 4 2 3 

480px 3 5 2 3 1 2 

720px 2 3 2 3 1 1 

       U25-
22/F no 200ms 500ms loss 0.1% loss 0.2% loss 1% 

240px 4 4 4 4 3 3 

360px 5 3 3 5 2 2 

480px 3 3 3 4 3 1 

720px 3 4 2 3 3 1 

       U26-
23/F no 200ms 500ms loss 0.1% loss 0.2% loss 1% 

240px 3 3 4 3 3 3 

360px 4 4 3 4 3 3 

480px 4 4 3 3 2 2 

720px 3 3 4 3 1 1 

       U27-
22/M no 200ms 500ms loss 0.1% loss 0.2% loss 1% 

240px 4 4 3 4 3 3 

360px 4 4 3 3 3 2 

480px 4 3 3 3 2 1 

720px 3 3 2 3 2 1 
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U28-
20/M no 200ms 500ms loss 0.1% loss 0.2% loss 1% 

240px 4 3 3 4 3 3 

360px 5 4 3 4 3 3 

480px 4 3 3 3 3 2 

720px 5 3 3 3 3 2 

       U29-
23/M no 200ms 500ms loss 0.1% loss 0.2% loss 1% 

240px 3 4 4 3 3 2 

360px 4 4 3 4 2 2 

480px 4 3 4 3 1 2 

720px 3 4 3 3 1 1 

       U30-
23/M no 200ms 500ms loss 0.1% loss 0.2% loss 1% 

240px 5 3 4 5 3 3 

360px 4 3 3 3 2 2 

480px 5 4 2 3 2 2 

720px 3 3 2 3 2 1 

       U31-
22/F no 200ms 500ms loss 0.1% loss 0.2% loss 1% 

240px 4 3 3 4 3 2 

360px 4 3 3 3 3 2 

480px 3 3 2 3 2 2 

720px 3 3 3 1 1 1 

       U32-
25/M no 200ms 500ms loss 0.1% loss 0.2% loss 1% 

240px 5 4 4 4 3 3 

360px 5 4 3 3 3 2 

480px 3 3 3 3 2 1 

720px 3 3 3 3 2 1 

       U33-
24/M no 200ms 500ms loss 0.1% loss 0.2% loss 1% 

240px 4 5 4 3 4 3 

360px 5 5 3 5 3 3 

480px 3 3 4 4 2 1 

720px 3 3 3 3 3 1 

       U34-
21/F no 200ms 500ms loss 0.1% loss 0.2% loss 1% 

240px 5 3 4 4 4 3 

360px 5 3 3 3 3 2 

480px 4 3 3 3 2 1 

720px 3 4 3 4 1 1 
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       U35-
22/M no 200ms 500ms loss 0.1% loss 0.2% loss 1% 

240px 4 3 4 3 3 2 

360px 4 4 3 4 3 3 

480px 3 4 3 3 3 2 

720px 3 3 3 3 1 1 

       U36-
22/M no 200ms 500ms loss 0.1% loss 0.2% loss 1% 

240px 4 3 4 4 3 3 

360px 4 3 3 3 2 3 

480px 4 4 3 3 3 2 

720px 3 3 4 3 1 1 

       U37-
23/F no 200ms 500ms loss 0.1% loss 0.2% loss 1% 

240px 4 3 3 4 3 3 

360px 5 4 4 3 4 3 

480px 3 4 3 2 3 1 

720px 4 4 2 3 1 1 

       U38-
22/M no 200ms 500ms loss 0.1% loss 0.2% loss 1% 

240px 3 3 4 3 3 2 

360px 4 4 3 4 3 2 

480px 4 3 3 3 1 1 

720px 3 3 3 2 1 1 

       U39-
23/M no 200ms 500ms loss 0.1% loss 0.2% loss 1% 

240px 4 4 3 3 3 3 

360px 4 4 3 3 2 2 

480px 3 3 3 3 2 2 

720px 3 4 2 3 2 2 

       U40-
22/M no 200ms 500ms loss 0.1% loss 0.2% loss 1% 

240px 5 4 3 4 3 2 

360px 4 4 4 3 4 3 

480px 3 4 2 3 2 1 

720px 4 2 2 3 1 1 
 


