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ABSTRACT 
 

Recent years the research focus began on “Quality of Experience” (QoE) that addresses user 
satisfaction level and improvement of service. The notation sustainable throughput, sometimes 
also called reliable throughput, ensures user satisfaction level at the same time requires optimum 
resource to provide the service. In the context of communication, it becomes important to analyze 
the user behavior with respect to network performance.  

 

Since the user is closer to transport layer than the network layer, there opens a new domain to 
relate “QoE aware sustainable throughput” and “TCP throughput”. There is a need to further 
investigation of “QoE aware sustainable throughput” as it the one which sufficiently QoE, while 
“TCP throughput” is the result of a control process on layer. Moreover, it is essential to estimate 
the QoE aware sustainable throughput based on http streaming on the server and client application 
may result in closer understanding of nature of TCP in terms of user expectation.  

 

In this study, we evaluated the performance of video streaming considering the TCP throughput 
in the presence of network disturbances, packet loss and delay. The TCP packet behavior is 
observed in the experimental test setup. The quality assessment at which the QoE problems can 
still be kept at a desired level is determined. Mean opinion scores of the preferred use cases for the 
dash and non-dash server is used to estimate the relationship factor between “TCP throughput” 
and “QoE aware sustainable throughput”.  

 

Keywords: Quality of Experience, QoE aware sustainable throughput, TCP throughput. 
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1. INTRODUCTION  
 

The overview of the entire master thesis document will be provided in this chapter. This 
chapter mainly focus on the problem statement, hypothesis, research questions and give an 
outline for the thesis. 

 
1.1 MOTIVATION 

Recent years the research focus began on Quality of Experience (QoE) that addresses 
user satisfaction level and improvement of service. The notation sustainable throughput, 
sometimes also called reliable throughput, ensures user satisfaction level at the same time 
requires optimum resource to provide the service. The Provisioning Delivery Hysteresis with 
resource-related and success-related satisfaction rating function for sustainable throughput is 
provided in [1]. In the context of communication, it becomes important to analyze the user 
behavior with respect to network performance. Since the user is closer to transport layer than the 
network layer, there opens a new domain to relate QoE aware sustainable throughput and TCP 
throughput. As mentioned in [1], there is a need to further investigation of QoE aware 
sustainable throughput in relation to TCP throughput. Moreover, the estimation of QoE aware 
sustainable throughput in different versions of TCP on the server and client application may 
result in closer understanding of nature of TCP in terms of user expectation.  

 

The Quality of Experience is influenced by video transmission and compression so that it 
consumes very less resources using Hyper Text Transfer Protocol (HTTP) which is bases on the 
Transport Control Protocol. The concept of QoE sustainable throughput building the QoE 
provisioning delivery hysteresis defined as acceptable goodput that an application can avoid 
network disturbances.  

 

To determine the relation between the QoE aware sustainable throughput and TCP 
throughput through the subjective evaluations using MOS (Mean Opinion Score) is the main aim 
of this thesis work. The network impairments are implemented while video streaming from 
server to the client with help of DPMI (Distributive Passive Measurement Infrastructure). DPMI 
is used to expect the accurate values of the network parameters. Quality of Experience is 
important to maintain the end user quality while considering the resource consumption. The need 
and demand for this research work is important and caught the attention of network providers to 
consider Quality of Experience (QoE) 
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1.2  AIM AND OBJECTIVES 

The main aim of this master thesis is to study the QoE aware sustainable throughput with 
respect to the TCP throughput. The following objectives are included. 

 Obtain QoE-aware sustainable throughput estimations in face of different network-level 
disturbances and estimate TCP throughput under similar conditions. 

 To investigate the QoE sustainable throughput values and TCP throughput of the 
preferred test cases and compare the results which obtained from the experimentation 
using the subjective video quality assessment techniques with regards to values and 
efforts. 

 To understand the Video Quality of Experience for videos streamed using MPEG 
dash server and HTTP from client to server under several network disturbances. 

 To analyze the user Quality of Experience by Mean Opinion Score Values. 

 

1.3  RESEARCH QUESTIONS 

The main goal of the thesis is to find the relation between QoE aware sustainable 
throughput and TCP throughput while investigating the impact of network impairments like 
packet loss and delay on the videos streaming from the Server to Client. The network 
disturbances are applied using the NetEm traffic shaper. From the different test cases of the 
video streams and their MOS quality assessment provide the subjective ratings. The aim of 
the master thesis is to answer the following the research questions listed below. 

1. Why is it necessary to estimate QoE aware sustainable throughput by TCP 
throughput? 

 
2. How to estimate QoE aware sustainable throughput and TCP throughput? 

 
3. What are the efforts to estimate QoE aware sustainable throughput and TCP 

throughput? 
 

4. What is the relationship factor between measurable TCP throughput and QoE 
aware sustainable throughput? 

 
 

1.4 METHODOLOGY 

The research methodology followed in this thesis involves both qualitative and quantitative 
studies. It includes the experimentation on QoE aware sustainable throughput and values obtained 
are determined using subjective video quality assessment techniques  

1. The early stages of the thesis literature study of papers and journals of previous 
works, various difficulties in analyzing the users’ experiences when rendering 
services from a service provider, parameters are considered, difficulties in analysis of 
TCP throughput and QoE aware sustainable throughput and accuracy in validation of 
the obtained results in coordination to surveyed data. The Study about the 
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requirements and necessity for development of the topic QoE aware sustainable 
throughput. 

 
2. The tools which can be used to measure the traffic parameters and QoE are mentioned. 

For this thesis work Captcp was used networking testing tool that analyse TCP streams 
and measuring the throughput of a network from provided pcap file. Captcp supports 
tuning of various parameters related to timing, buffers and protocols (TCP, UDP, SCTP 
with IPv4 and IPv6) [5]. Other tools that was used for the study are Netstat which is 
command line network utility tool, which provides the information about 
incoming/outgoing connections, routing tables and network protocols statistics. 
Furthermore, Dash server was used to measure multimedia characteristics.  

 
3. Preferred data sets for MPEG dash server are selected and constructed to use. HTTP 

video streaming from server and client is also constructed to use in the controlled 
environment called DPMI (Distribute Passive Measurement Infrastructure) where the 
accurate values of network parameter were obtained. 

 
4. The video streaming is performed by mpeg dash player on server. The amount of the 

bitrate is calculated by the changing the quality of the video. tcpdump on client is used 
to capture the tcp packets. The network statistics are derived from that captured packets 
using the captcp tool. On the moment, the experimental readings are noted applying 
changes through the NetEm shaper like introducing delay, loss and bandwidth 
respectively. 

 
5. At this phase of analysis of the thesis, the collected data traffic will be analyzed at the 

user-end for end number of times and confidence interval is measured. The collected 
data includes surveys about data usage, network quality and QoS, carried out by the 
accompanying theses. The varying network conditions will be estimated based on 
protocol analysis on the QoE aware sustainable throughput. 

 
6. From the analysis of experiments, users’ feedback and predictions, a general conclusion 

will be drawn about the relation of users’ feeling on the network performance and their 
QoE estimation the relation between QoE aware sustainable throughput and TCP 
throughput.  
 

1.5 THESIS OUTLINE 

The organization of the remaining parts of the thesis are as follows: Chapter two 
gives the background on the concepts involved in the thesis like QoE aware Sustainable 
Throughput, and Video Quality Assessment. Chapter three defines the review of related 
works. Chapter four explains the experimental setup, and tabulated results from the 
experiment. Chapter five will feature the detailed analysis of the results and discussions on 
the experimental observations which provide answers to the research questions 
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1.6 SPLIT OF WORK  

Two thesis topics were designed for determining the Influence of Transport Layer 
Information on QoE. The experimentation setup for both the theses are the same but data sources 
are different as the thesis marks the flow into two different paths in data analysis. Here is the 
table which gives an overview on split of work 

 
Section  Topic  Contributor  
  
  
  
  
Chapter 1  

Introduction          Routhu Venkata Sai Kalyan 
       
        Sri Krishna Srinivas 
 

1.1. Aim and Objectives  
 

 
Routhu Venkata Sai Kalyan 
       

1.2. Research Questions     
Routhu Venkata Sai Kalyan 
       

1.3. Expected Outcomes  
 

 
Routhu Venkata Sai Kalyan 
       

1.4. Research Methodology           Routhu Venkata Sai Kalyan 
 
         Sri Krishna Srinivas 

1.5. Thesis Outline           
         Routhu Venkata Sai Kalyan            

Chapter 2  
  

Background 

 
2.1. Quality of Experience  

        Routhu Venkata Sai Kalyan 
 
        Sri Krishna Srinivas 

         2.2. QoE aware Sustainable     

               Throughput 

         Routhu Venkata Sai Kalyan 

2.3. Transport Layer          Routhu Venkata Sai Kalyan 
          
         Sri Krishna Srinivas 

2.4. NetEm Traffic Shaper         Routhu Venkata Sai Kalyan 
 
         Sri Krishna Srinivas 

 
2.5. MPEG Dash Server  

         Routhu Venkata Sai Kalyan 
 
         Sri Krishna Srinivas 
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         2.6. HTTP video streaming 

            Routhu Venkata Sai Kalyan 
 
             Sri Krishna Srinivas 
 

         2.7.   Captcp          Routhu Venkata Sai Kalyan 
 

Chapter 3  Related Work           Routhu Venkata Sai Kalyan 
 

Chapter 4  Methodology  

4.1. Experimental Settings            Routhu Venkata Sai Kalyan 
    

4.2 Setup Design –  MPEG DASH 
Server 

          Routhu Venkata Sai Kalyan 
       
          Sri Krishna Srinivas 

4.2. Setup Design –  HTTP Video 
Streaming Server 

            Routhu Venkata Sai Kalyan 
 
 Sri Krishna Srinivas 
 

       4.3. Video Quality Assessment –    
       User Study  

 
  Routhu Venkata Sai Kalyan 

Chapter 5  Results and Analysis  
 

 

 5.1. Estimation of QoE aware sustainable 
throughput based on Forward Traffic 

   Routhu Venkata Sai Kalyan  

 5.2. Research on TCP flags in three TCP 
versions based on Reverse Traffic 

 Sri Krishna Srinivas 

Chapter 6  Conclusions and Future Work  
 

  Routhu Venkata Sai Kalyan 

                                                   Table 1.6 Split of Work 
 

2. BACKGROUND 

This chapter entitles the background knowledge related to the master thesis work. It 
draws an overview of the Quality of Experience (QoE), Quality of Experience aware sustainable 
throughput, Distributive Passive Measurement Infrastructure (DPMI), MPEG dash server and 
CAPTCP – TCP analyzer, HTTP video streaming and NetEm Traffic Shaper. 
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 2.1   TCP (Transmission control Protocol) 
 TCP is used to transmit data in network communication such as internet. The receiver can 
send either positive or negative acknowledgement on data packet to the sender, the sender has 
bright clue about the status of data packet is reached the destination, or it needs to resend it. This 
is the reason to call TCP as a reliable protocol as mention in [28] 

 
Fig. 2.1 TCP/IP Protocol Layers  

 
Connection Management  

TCP communication works in Server/Client model when a client initiated the 
connection with the server either it accepts or rejects it. There is a three-way handshaking 
method used for connection management.  

  
  

Fig. 2.2 TCP Communication [28].   
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2.2   TRANSPORT LAYER 

As the focus is on the transport layer it becomes essential to know about the transport layer 
protocols and their purpose. The three main transport layer protocols under consideration are UDP, 
TCP and SCPT. For the application like IP telephony and streaming video, UDP protocol is used 
because of its main properties like the speed of delivery and low overhead whereas for applications 
like Email, file transfer and HTTP, TCP protocol is used because of its reliability [4].  

 

TCP is a connection-oriented protocol that addresses to flow control, congestion control 
and error control whereas UDP is a connectionless protocol which does not address the above [5]. 
However, an increasing number of recent applications have found TCP too limiting and have 
incorporated their own reliable data transfer protocol on top of UDP [RFC0768]. Thus, a new 
protocol SCTP was proposed. Since UDP does not provide any control traffic information other 
than source port address and destination port address it is evident that the study must progress 
based on TCP and SCTP control traffic (i.e. TCP or SCTP flags) with respect to QoE. Furthermore, 
the user uses the Internet mainly for information retrieval, instant messaging and multimedia 
applications. The focus on multimedia applications, mainly video streaming. for QoE study is 
sufficient to address the others as well. 

 

In the recent year, numerous work has been established in finding the relationship between 
the network layer and QoE. But, it is fact that transport layer is more important than the network 
layer because it is closer to the user than network layer and change in the degree of satisfaction or 
degree of annoyance it is essential to estimate the QoE aware sustainable throughput based on http 
streaming on the server and client application may result in closer understanding of nature of TCP 
in terms of user expectation. TCP connections with Reset (RST) flag from the client-side [10]. 
Therefore, the client-side traffic, i.e. reverse traffic, can also trigger the information about QoE.  

 

In the recent year, numerous work has been established in finding the relationship between 
the network layer and QoE. But, it is fact that transport layer is more important than the network 
layer because it is closer to the user than network layer and change in the degree of satisfaction or 
degree of annoyance. Understanding the control traffic flags in TCP and SCTP to improve QoE 
and nature of new TCP protocols like CUBIC on QoE is important. Moreover, to analyze TCP fast 
open and HTTP pipelining in terms of QoE is another domain of research as both have only 1 
RTT. Furthermore, the newly having contention window size as10 utilizes HTTPS and TLS that 
improves the delivery time of the packets [13], must be investigated in terms of QoE. 
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2.3   QUALITY OF EXPERIENCE 

“Quality of Experience” (QoE) is defined as the degree of the delight or annoyance of the 
user of an application or service which results from the fulfillment of her/his expectations with 
respect to the service in the light of the user’s personality and current state [1]. In the context of 
communication services, it is influenced by content, network, device, application, user 
expectations and context of use (cited after Möller, 2010). In [2], authors evaluated QoE on 
pentagram model based on integrality, retain-ability, availability, usability and instantaneousness. 
QoE is a subjective measure, 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. 

The Provisioning Delivery Hysteresis with resource-related and success-related 
satisfaction rating function for sustainable throughput is provided in [1]. QoE assessment is 
conducted close to the end user to interpret the relationship between the impairments at the user 
interface and the subjective QoE [8]. 

 Quality of Experience (QoE) is used to address user satisfaction level and to improve their 
service. In the context of communication service, it becomes important to analyze the user behavior 
with respect to network performance. Since the user is closer to transport layer than the network 
layer, we predict that there is a relationship between the transport level header with the user 
satisfaction. In this paper, we propose direction of research in QoE with respect to the transport 
layer information, typically TCP and SCTP flags. 

    

2.4    QoE AWARE SUSTAINABLE THROUGHPUT 

The notation sustainable throughput, sometimes also called reliable throughput, ensures 
user satisfaction level at the same time requires optimum resource to provide the service. The 
Provisioning Delivery Hysteresis with resource- related and success-related satisfaction rating 
function for sustainable throughput is provided in [1]. Thus, there opens a new domain to relate 
QoE throughput and transport layer throughput (precisely, goodput) for further investigation. In 
the subsystem of communication, Due to increase in the load the disturbances like jitter, loss, etc. 
tends to increase in size and frequency, especially when Rtarget Approaches the system’s capacity 
[8]. 

 The importance of riding the provision branch and avoiding the delivery branch, which is 
possible by choosing a reasonable target throughput Rtarget. So, the sustainable throughput defined 
as the maximal value of the throughput that QoE disturbances due to delivery issues up to the 
acceptable medium [1]. This concept of the QoE aware sustainable throughput is introduced to 
maximize QoE provisioning without deteriorating. Based on power efficiency and QoE 
comparison QoE aware sustainable throughput is used and it build on the QoE delivery hysteresis 
[8]. Calculation of the sustainable throughput values using the stochastic fluid flow model is 
discussed in reference [1]. As it explains the key parameters for the sustainable throughput and 
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their impact, which visualizes the how to use sustainable throughput for comparing the video 
streaming solutions.  

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

where,  

Rs is the sustainable throughput 

  RTarget is the target throughput 

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 

 

With the reference to the sustainable throughput the different solution become comparable in terms 
of both QoE and resource consumption with the same base line. Thus, sustainable throughput plays 
a vital role for the dimension and opitimization as wel 

2.5 Traffic Shaper  

Traffic shapers are used to shape the performance of the network. Traffic shapers are 
usually used in the network emulations to vary the performance parameters such as loss, delay, 
jitter, bandwidth etc. To realize different network conditions, they are provided with certain 
inputs in a test environment to vary the network performance accordingly to investigate the 
effects of different network conditions on applications.  
  
NetEm Traffic Shaper 
 

NetEm Traffic Shaper to change its behavior with respect to time which can provide better 
output results to test the applications that are very sensitive to network performance metrics. This 
shaper works on two performance metrices that are delay and packet loss. It applies a varying 
amount of delay on incoming packets and follows a particular pattern for packet loss. NetEm 
applies delays relatively closer to nominal delays as compared to other traffic shaper. 

 
 

Figure 2.5.1 NetEm Traffic Shaper Settings 
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Figure 2.5.2 Shaping applied in forward traffic 
 
  
  

 
  

Figure 2.5.3 Shaping applied in reverse traffic  
 

Loss using NetEm traffic shaper: 
           Dropping some percentage of the packets before they are queued using NetEm traffic 
shaper. Amount of loss can be specified before the packet drop.  
  
Delay using NetEm traffic shaper:    

NetEm accepts both constant and random delay parameters. Constant delay is not 
exhibited from the networks. Based on other traffic flow path delay varies. One or more peaks 
and the long tail can be expected when formulated statistical calculation. NetEm traffic shaper 
describe fours parameters namely average value, standard deviation, correlation, and the 
statistical distribution table. The random value is derived from a table that can be generated 
from an experimental data.   
 
Rate control using NetEm traffic shaper:   

NetEm Traffic shaper provides First in First Out queuing discipline for the outbound 
queue. The relationship between queues by numerical handles can be specified the file 
management utilities.   
  
Limitations of NetEm traffic shaper:  

Single path model in the network is achieved by the NetEm. The real networks are complex, 
and the emulation inevitably goes down under few circumstances. Linux timer granularity 
effects the real-time nature of NetEm Traffic shaper and the choice of Pseudo-Random Number 
Generator (PRNG) impacts the results of the emulation. The sudden burst of packets are  not 
handled by the network. 
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 Shaper commands to make network impairments during video streaming. 

 Command to dump the traffic shaping rules. 

#tc -s qdisc show dev eth0 

 To restore the default configuration 

#tc qdisc del dev eth0 root 

 Bandwidth  
# sudo tc qdisc add dev eth0 root tbf rate 1mbit burst 1600 limit 3000  

 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 packet loss and Y is the delay value. 

   

2.5 MPEG-DASH: 
An adaptive bitrate streaming technique Dynamic Adaptive Streaming over 

HTTP (DASH), also known as MPEG-DASH has a capacity to stream high quality of media 
content over the Internet delivered from conventional HTTP web servers. Specifically, when it 
comes to the adaptation based on bandwidth/throughput measurements, clients competing for 
limited/shared bandwidth, and the presence of a caching infrastructure. these services are all 
delivered over-the- top of the existing networking infrastructure using the Hypertext Transfer 
Protocol (HTTP) and known as of MPEG Dynamic Adaptive Streaming over HTTP (DASH). 
 

 MPEG-DASH breaks the contents of small HTTP-based file into segments which are in 
sequence. It replaces present proprietary technologies like  HTTP Live Streaming (HLS), 
Microsoft Smooth Streaming and Adobe Dynamic Streaming. A several instances of a live or on-
demand source file are produced and made available to clients of various groups depending upon 
their delivery bandwidth and CPU processing power [24]. Dynamic Streaming over HTTP has 
been proposed to use the HTTP protocol instead. A range of rate adaptation mechanisms are 
proposed for DASH systems to deliver video quality that matches the throughput of dynamic 
network conditions for a richer user experience. MPEG data are constructed to use in the master 
thesis work.  
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2.6 TCPDUMP 
 

The contents of packets on a network interface that match the Boolean expression can be 
made visible using tcpdump. It is usually a packet analyzer used in monitoring and managing 
TCP/IP traffic that passes between a network and the computer on which it is executed. 
Tcpdump works on command line interface. As it is a command line utility the data retrieved 
using tcpdump can vary at times. This allows you to use see the inside traffic activity that occurs 
on a network [22]. TCPdump is a Unix tool used to collect data from the network which 
deciphers the bits and display the output in a human readable format.  

 
Network traffic travels in data packets and they contain the information of its transporting 

path across the network. TCP header contains the destination and sources addresses and protocol 
identifiers.  This packet sniffing is used mainly used to verify sniffing traffic on network and also 
for verification of host connectivity. 

 
  Command to install tcpdump 

- apt-get install tcpdump 
 

  Commands to capture packets through the interface -i  
-    tcpdump -i eth0 -w trace.pcap 

-  

2.7 CAPTCP – TCP ANALYZER 

An open source program Captcp is used for TCP analysis of PCAP files. Tcpdump and 
Wireshark are tools that complements Captcp. To rewrite and bundle all common TCP analysis 
tools in one easy to use program which provides a clean and consistent command line syntax. 
Captcp rewrites and bundles all TCP analysis tools into a single easily use program which 
provides a command line syntax in a consistent way as explained in [23]. Captcp is written in 
python which is even easy to extend.  
 

 captcp module <module-args> pcap-file  
 
The syntax of Captcp is almost like git and perf. Captcp is designed to fulfil the 

primary requirement of analyzing one TCP connection/flow.  
 
  captcp statistic trace.pcap 

  captcp throughput -s 0.1 -i -f 45.2 -o out trace.pcap 
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Figure 2.7.1 Sample Network Statistics generated using captcp tool 

 

 
Figure 2.7.2 Sample graph generated using captcp tool 
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3. RELATED WORK 
 

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. In reference, the authors presented a 
conceptual model of QoE, which considers both measurable and non-measurable parameters 
in quality evaluations. 

 The concept of sustainable throughput was introduced for the first time in reference 
[11]. It is termed as achievable throughput in a multi-hop WLAN scenario. Reference [12] 
investigated the throughput that can be sustained under non-saturation condition and 
considered the sustainable throughput to be the maximal throughput to assure stability. The 
throughput values are obtained from traffic modeling through analytic models. Reference [13] 
deals with the impact of initial delay on the user perceived QoE, while reference [15] analyzes 
the impact of initial delays and service interruptions in the context of waiting times. 
 

In reference [10] authors have proposed a QoE assessment model for video streaming 
service using QoS parameters in wired and wireless network through which the network 
operators can correspond to poor quality by monitoring the QoE of video streaming service. 
In reference [16] authors address the video quality correlation with respect to QoE and QoS. 
In this study, a generic formula has been proposed in which QoE and QoS parameters are 
connected through an exponential relationship which has been validated for streaming servers. 
The importance of the relationship between QoE and technical parameters to manage the user 
perceived quality is explained. In reference [17], it has been observed that the initial delays 
before the video has started have no severe impact on QoE. 
 

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 
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 



23 
 

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.  

Reference [12] dwells into the optimization of QoE through proper dimensioning of 
the video buffers. The M/M/1 model used for analyzing the video buffer is complementary to 
the fluid flow model-based approach to QoE-related input flow restriction. Reference [12] 
deals with the video quality measurement for progressive download video services. A network 
based QoE estimation method where the video is downloaded into a buffer and played is 
proposed. The Provisioning-DeliveryHysteresis has been used in [13] to define the sustainable 
throughput and formulate the corresponding mathematical descriptions. 

 

4 METHODOLOGY  

This is 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 to the client on 
Ubuntu 16.04 in association with NetEm Traffic shaper. 

 
The video streaming is performed by mpeg dash player on server. The amount of the bitrate 

is calculated by the changing the quality of the video. tcpdump on client is used to calculate 
the throughput and tshark is used to capture the TCP packets.  

 
On a moment, the experimental readings are noted applying changes through the NetEm 

shaper like introducing delay, loss and bandwidth respectively. 
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4.2 SETUP DESIGN 

 

 
 

Figure 4.1 Network Map of Setup Design 
 

The above experimental setup represents the network map of our thesis workspace. Client-
server model obliged to switched connection with respective devices i.e., connection to 
NetEm shaper with interface eth0 and connection to client with interface eth1.  

 
The client-server model is equipped with 2 DAG cards. Each DAG had two transceivers. The 
figure 4.1 represents the complete equipment setup: client, shaper, server, TCPDUMP, DAG 
cards and transceivers (d00, d01, d10 and d11), consumer.    
  
Server: The server contains video files for streaming and these video files are made available to 
the client via a webpage. For this purpose, Apache Web Server is used. For streaming DASH 
encoded videos, dash.js player is installed in the server.  
  

192.168.1.2 -> 192.168.0.2 => Forward Traffic (Eth 1) 
192.168.0.2 -> 192.168.1.2 => Reverse Traffic (Eth 0)  

  
Network Emulator: In this, experiment, client and server communicate via a network emulator. 
This emulator works as a gateway between the server and the client.  
  
Client: Dash.js player streams the video files from the server using a web browser and GPAC 
player locally streams the video files from the server.   
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Ubuntu 16.04 and Apache are used as Operating system and Server. Dash.js are cloned from 
github configured, GPAC is locally installed. 2 directories are created in apache's root 
directory, (i.e. inside the folder that contains index.html). First directory will be the compiled 
dash.js clients and the second one is DASH content directory. Point a link on your server to the 
dash.js reference client and play mpd on the client by pointing server to that directory  
  
  

S.NO  Device Name IP Address     Interface  

1.  Server  192.168.1.2/24  eth0  

2.  Shaper  192.168.1.1/24  eth0  

    192.168.0.3/24  eth1  

3.  Client  192.168.0.2/24  eth1  

4.       Customer  10.1.0.67/24  enp0s25  

  
Table. 4.1 Interface and IP Address of Devices  

  
  

MP no. 101  Physical Address  

DAG – ‘a’  01::40  

DAG – ‘b’  01::45  

  
Table. 4.2. Address of Measuring Point 

  
Server Configuration:  

Ubuntu 14.04.5 LTS, Intel(R) Core(TM)2 CPU 6600 @ 2.40GHz with default MTU size 

Shaper Configuration: 

 Ubuntu 14.04.5 LTS, Intel(R) Core(TM)2 CPU 6600 @ 2.40GHz  

Client Configuration: 

 Ubuntu 16.04.2 LTS Intel(R) Core(TM) i5-4590 CPU @ 3.30GHz   

 
The first attempt of experiment is the MPEG dash player deployment in the server and enhance 

the    video streaming constructing the data sets of the preferred video. TCP packets are captured with 
the help of tcpdump in the client through the respective interface. The number of packets generated 
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for the video streams passing through interfaces are noted through. pcap files and throughput statistics 
were generated by captcp using. pcap files.  

 
The video streaming is performed by mpeg dash player on server. The amount of the bitrate is 

calculated by the changing the quality of the video. tcpdump on client is used to calculate the 
throughput and tshark is used to capture the TCP packets. On a moment, the experimental readings 
are noted applying changes through the NetEm shaper like introducing delay, loss and bandwidth 
respectively. 
 

4.3 TEST CASES  

This chapter gives an overview of the test case which were implemented to conclude the 
master thesis research questions. Here following use cases resembling the test cases with 
respect to the network impairment scenarios. 

Use Case 1: Non-dash HTTP video streaming  

 Test case 1. High resolution with vary throughput. 
 Test case 2. Low resolution with very throughout. 
 Test case 3. Delay with high resolution. 
 Test case 4. Loss with high resolution 
 Test case 5. Combination delay & loss. 
 Test case 6. Bandwidth high resolution. 

Use Case 2: MPEG dash video streaming preferred test cases after initial stage of observation 

 Test case 1. 150ms Delay 
 Test case 2. 250 ms Delay 
 Test case 3. 500 ms Delay  
 Test case 4. 2.5% packet loss 
 Test case 5. 5% packet loss 
 Test case 6. 7.5% packet loss 

The above-mentioned test cases are performed focusing mainly on traffic flowing in the forward 
direction i.e., measuring is performed, and packet captured at interface eth0 according to the 
traffic shaper present in the client-server model of design setup. Here throughput surpasses the 
sustainable throughput in Non-dash test cases. From our initial analysis of the thesis we 
concluded that throughput surpasses the sustainable throughput in Non-dash test cases. I 
preferred to conclude the thesis work with MPEG dash itself as they are reliable. 
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Fig. 4.3.1 HTTP streaming 
 
 
 

 
Fig. 4.3.2 Dash.js Player  
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On all the above mentioned I focused mainly on packet loss followed by delay test cases which 
are mainly responsible for the conclusion of the thesis work. As the relationship factor is mainly 
observed during delay and building the evaluation work to support the relation between QoE 
aware sustainable throughput and TCP throughput. 

 

4.4 VIDEO QUALITY ASSESMENT 

For the subjective part of the study, user experiments are conducted on 20 test 
subjects from Karlskrona, Sweden. The subjective method referred to as Mean Opinion Score 
(MOS) was used to determine the quality of the received streams. 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. 

 

SCALE QUALITY IMPAIRMENT 
5 Excellent Imperceptible 
4 Good Perceptible 
3 Fair Slightly annoying 
2 Poor Annoying 
1 Bad Very annoying 

Table 4.2 Scale of Media Quality Impairment 

 

The user experiment was performed with 20 people who have no experience in 
quality assessment. Each user watched the streamed videos on the client-side display. The 
subjects were asked to be seated in comfortable distance and take a convenient position in a 
silent room. All the users streamed the same videos with the same screen brightness and 
sound turned on. 
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Fig. 4.4.1 Template for QoE survey and Vedio Quality Assesment  
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5. ANALYSIS  

5.1 Initial Observations  
Initial Observations with respective interfaces to choose the preferred use cases to 

support the thesis work. 

Delay 
Interface: eth0 (paretonormal) 

 

Table 5.1 Initial observation for packet delay case 

Delay 
       Interface: eth0 + eth1 
 

 Table 5.2 Initial observation for packet delay case 

 

Mbps Bitrate Result 
0.5 mbit  Varying bitrate 

 Very low bitrate 
 270316 bps 

 Poor quality 
 Minute glitches 

2.5 mbit  1662809 (constant at a level) 
 3201782 
 Constant time variation 

 Very low disturbance in the 
video 

 Quality of video is not so good 
 Frame disturbances in video 

5 mbit  Initial bitrate varied 
 Then constant to 4726737 bps 
 A drop from 4242923 bps to 

3305118 bps 
 Constant variation in time 

 Video quality good 
 Freeze occurred twice 

 

Mbps Bitrate Result 
0.5 mbit  Varying bitrate 

 Very low bitrate 
 270316 bps 

 Poor quality 
 Minute glitches 

2.5 mbit  1662809 (constant at a level) 
 3201782 
 Constant time variation 

 Very low disturbance in the 
video 

 Quality of video is not so 
good 

 Frame disturbances in video 

5 mbit  Initial bitrate varied 
 Then constant to 4726737 bps 

 

 Video quality good 
 Freeze occurred twice 
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Observations:  
1. Better quality at low packet loss. It can be observed from the results that the quality of the 

video degrades as the packet loss value increases. The videos streamed without visible 
impairments are graded 

2. It can be observed from the figure that at 0.1% packet loss, user ratings for all the videos 
are higher when compared to the 0.2% and 1% cases. 

 
Loss 
Interface: eth1 

 

Table 5.3 Initial observation for packet loss case 

 

   Loss 
        Interface: eth0 + eth1 
 

Table 5.4 Initial observation for packet loss case 

Loss % Bitrate Result 
2%  Varying bitrate 

 Very low bitrate 
 270316 bps 

 Poor quality 
 Minute glitches 

6%  1662809 (constant at a level) 
 3201782 
 Constant time variation 

 Very low disturbance in the 
video 

 Quality of video is not so 
good 

 Frame disturbances in video 
10%  Initial bitrate varied 

 Then constant to 4726737 bps 
 A drop from 4242923 bps to 

3305118 bps 
 Constant variation in time 

 Video quality good 
 Freeze occurred twice 

 

Loss % Bitrate Result 
2%  4726737 bps 

 
 No disturbance in video 
 Constant timing 

6%  4726737 bps 
 1071529 bps 
 808057 bps 

 Drop in quality  
 Glitches in between 
 Disturbance in between 

10%  
 12 % packet loss 
 2% packet loss when 

ping 

 Bad quality video 
 Low bitrate 
 Uneven time variation 
 Frequent pauses in the 

video 
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Observations: 
1. It can be observed from the figure that at 0.1% packet loss, user ratings for all the videos 

are higher when compared to the 0.2% and 1% cases. 
2. For the 0.2% and 1% packet loss cases, 240px video has the highest user MOS ratings than 

the other videos. These observations reveal that the subjects felt the 360px video had better 
quality at lower packet loss values and 240px video had better resistance for higher packet 
loss values.  

3. The 480px and 720px videos on the other hand were rated fair for lower packet loss values 
and poor as the packet loss levels are increased 

 
Bandwidth 
Interface: eth0 
 

Bandwidth mbps Bitrate Observation 

0.5 mbps  Constant bitrate 
 Constant timing 

Good video quality 

2.5 mbps   Constant bitrate ------- 

5 mbps  Constant time 
 4726737 bps 

Good video quality  

 
Table 8.3 Initial observation for bandwidth case 

 

Bandwidth 
Interface: eth0 + eth1 

 
 
 
 
 
 
 

 

 

 

Table 8.3 Initial observation for bandwidth case 

 

Mbps Bitrate Result 
0.5 mbps  Varying bitrate 

 Very low bitrate 
 270316 bps 

 Poor quality 
 Minute glitches 

2.5 mbps  1662809 (constant at a level) 
 3201782 
 Constant time variation 

 Very low disturbance in the video 
 Quality of video is not so good 
 Frame disturbances in video 

5 mbps  Initial bitrate varied 
 Then constant to 4726737 bps 
 A drop from 4242923 bps to 

3305118 bps 
 Constant variation in time 

 Video quality good 
 Freeze occurred twice 
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5.2 Mean Scores Calculations  
  

We must calculate, the mean score for every single presentation, and the mean is 
defined as,  

  
                       The average value is calculated using the below formula:                                                             

  
Where,  

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

 

5.3 Standard deviation:  
  
                      The formula for calculating standard deviation is as follows:  
  

  
Where,  
 
             S             is Standard deviation,  

is Variance,  
is Mean,  
is each data value,  
is number of all data values.  

   5.4 Confidence Interval Calculations  
  

Once all the results of mean scores are calculated, and as the mean scores are  
always associated with CI, 95 % Confidence Intervals for all the mean scores are calculated. 
With the 95% Confidence Interval, the exact value of difference between experimental mean 
score and the true mean score, will be obtained.  

 
The formula for calculating the confidence interval is given by  
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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 obtained MOS values for the respective metrics are recorded for the no delay case first 
and then a delay of 250ms and 500ms were injected. A loss ratio of 5%, 7.5% and 10% 
respectively were later included for the analysis part. The video sequences were rated on a 5-
grade scale Excellent (5), Good (4), Fair (3), Poor (2) and Bad (1) 
 

 These results give the Subjective assessment of the videos streamed based on delay and 
packet loss for MPEG dash and HTTP video streaming. As throughput is surpassing the 
sustainable throughput in HTTP streaming cases. I considered the MOS rating of MPEG 
dash scenarios gives best opinion on video quality.  
  
To derive these results. Statistical methods are used namely the average value, standard 
deviation, 95% confidence intervals retrieved from the collection of data of the subjective 
assessment of video quality. This is the reliable method to assess the video quality and 
disturbances perceived by a human observer is to collect their opinion, which is termed as 
subjective video quality assessment. Mean scores of the MOS and Confidence Interval (CI) 
are calculated for dash and non-dash scenarios for the set of Big Buck bunny videos based 
on the packet loss and delay.  The individual opinion scores from the user experiments 
carried out as in the previous chapter and are consideration for the test videos under dash and 
non-dash with respect to preferred test conditions. 
  

• The High-resolution video of MPEG dash streaming for 2.5% packet loss, 5% packet 

loss and 7.5% packet loss.  

 

• The High-resolution video of MPEG streaming for 150ms delay, 250ms delay, 500ms 

delay.  

• Scatterplots for throughput under 150ms delay. 

• Scatterplots for throughput under 250ms delay. 

• Scatterplots for throughput under 2.5% loss. 

• Scatterplots for throughput under 5% loss 
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The individual opinion scores from the user experiments carried out as described in the 
previous chapter are taken into consideration for the test cases. Scatter plots were generated for 
all the test cases plotting the throughput values against the opinion scores obtained from the 
users. The average MOS values, standard deviation and 95% confidence intervals of 20 test 
subjects for the all the videos under packet loss with respect to the throughput are tabulated in 
table 5.1 
 

MOS 
TCP throughput 706895 bps 

2.5% loss 5% loss 7.5% loss 

Average Value 4.45 3.755 2.85 

Standard Deviation 0.554 0.379 0.439 

Confidence Interval 0.172 0.117 0.136 
 

Table 5.1.  User Mean Opinion Score of throughput 706895 bps for Packet Loss case  
 

The average MOS values, standard deviation and 95% confidence intervals of 20 test 
subjects for the all the videos under packet loss with respect to the specific throughput are 
tabulated in table 5.2 

   
MOS 

TCP Throughput 401949 bps 
2.5% loss 5% loss 7.5% loss 

Average Value  4.315 3.595 3.15 

Standard Deviation  0.552 0.768 0.540 

Confidence Interval  0.171 0.238 0.167 
 

Table 5.2.  User Mean Opinion Score of throughput 401949 bps for Packet Loss case  
 

The average MOS values, standard deviation and 95% confidence intervals of 20 test 
subjects for the all the videos under packet loss with respect to the specific tcp throughput are 
tabulated in table 5.3 

  
MOS 

TCP Throughput 528996 bps 
2.5% loss 5% loss 7.5% loss 

Average Value  3.255 2.925 2.05 

Standard Deviation  0.545 0.744 0.616 

Confidence Interval  0.169 0.231 0.191 

 
 Table 5.3.  User Mean Opinion Score of throughput 528966 bps for Packet Loss case  
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The average MOS values, standard deviation and 95% confidence intervals of 
20 test subjects for the all the videos under delay with respect to the specific tcp 
throughput are tabulated in table 5.4 

 
MOS 

Throughput 322200 bps 
150ms delay 250ms delay 500ms delay 

Average Value 4.115 3.495 3.05 

Standard Deviation 0.464 0.279 0.239 

Confidence Interval 0.172 0.117 0.136 

 
Table 5.4. User Mean Opinion Score of throughput 322200 bps for Packet Loss case  

 
 

The average MOS values, standard deviation and 95% confidence intervals of 20 test 
subjects for the all the videos under packet loss with respect to the specific tcp throughput are 
tabulated in table 5.3  

 
MOS 

Throughput 414682 bps 
150ms delay  250ms delay 500ms delay 

Average Value  4.35 3.65 2.65 

Standard Deviation  0.832 0.724 0.490 

Confidence Interval  0.171 0.28 0.17 

 
Table 5.3. User Mean Opinion Score of throughput 414682 bps for Packet Loss case  

 
 

The average MOS values, standard deviation and 95% confidence intervals of 20 test 
subjects for the all the videos under packet loss with respect to the specific tcp throughput are 
tabulated in table 5.4 

 
MOS 

Throughput 574152 bps 
150ms delay 250ms delay 500ms delay 

Average Value  3.755 2.995 2.15 

Standard Deviation  0.645 0.714 0.456 

Confidence Interval  0.259 0.261 0.141 

                       Table 5.4.  User Mean Opinion Score throughput 706888 bps for Loss case 
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                          Fig. 5(a) Average MOS ratings of 20 users for test videos under loss 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 throughput video with low network resource i.e., 322200 
bps is streamed better than videos with high throughput. The video quality suffered a degradation 
in the opinion score for 7.5% loss. The degradation of the user opinion score is due to the 
frequent and long freezes observed while video streaming with high network resources. 

 

 
                  Fig. 5(b) Average MOS ratings of 20 users for test videos under delay 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 videos streamed with throughput 414682 bps 
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have better user ratings and sustained than the videos streamed with high throughputs. The 
degradation of the user opinion score is due to the freezes and jerks observed while streaming the 
videos 
 
5.5 Scatter Plots 
  
 Scatter plots provide a visual representation of the relation between two variables. For 
this thesis, scatter plots were made for the TCP throughput values against the corresponding 
mean opinion scores for all the test cases which represents the QoE indications of Sustainable 
throughput. Each dot on the scatter plot represent one observation from the data set. The 
individual scatter plots have been plotted in the following subsections for preferred test cases. 
 
5.5.1 Scatter Plot – 250ms delay 
 

 
Fig. 5.4.1. Scatter plot of video under 250ms delay condition 

 
Fig. 5.1. depicts the scatter plot of the test video when streamed from the server to client 

under no 250ms delay condition. The opinion scores of the users are taken on the Y axis and 
corresponding TCP throughputs on X axis. 4 of 20 users considered for the test study have rated 
the video good (4) and 10 users stated (3) during the impairments in the video start-up. 6 users 
found the quality impairments were slightly annoying. 
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5.5.2 Scatter Plot – 150ms delay 
 

  
 Fig. 5.4.2. Scatter plot of video under 150ms delay condition 

 
Fig. 5.2. depicts the scatter plot of the test video when streamed from the server to client 

under no 150ms delay condition. The opinion scores of the users are taken on the Y axis and 
corresponding TCP throughputs on X axis. 2 of 20 users considered for the test study have rated 
the video good (4) and 11 users stated (3) during the impairments in the video start-up. 7users 
found the quality impairments were annoying. 1 user has provided poor (2) rating for the 
annoyance due to a freeze occurrence. 
 
5.5.3 Scatter Plot – 2.5% packet loss against  

 
 Fig. 5.4.3. Scatter plot of video under 2.5% packet loss condition 
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Fig. 5.2. depicts the scatter plot of the test video when streamed from the server to client 
under no 150ms delay condition. The opinion scores of the users are taken on the Y axis and 
corresponding TCP throughputs on X axis. 2 of 20 users considered for the test study have rated 
the video good (4) due to the perceptible yet not annoying jerks during the video startup and 12 
users found the quality impairments slightly annoying due to the jerks during the transmission 
and rated (3). 1 user has provided poor (1) rating for the very annoyance due to a freeze 
occurrence. 
 
5.4.4 Scatter Plot – 5% packet loss against TCP throughput 
 

 
  Fig. 5.4.4. Scatter plot of video under 5% packet loss condition 

 
Fig. 5.2. depicts the scatter plot of the test video when streamed from the server to client 

under no 150ms delay condition. The opinion scores of the users are taken on the Y axis and 
corresponding TCP throughputs on X axis. 4 of 20 users considered for the test study have rated 
the video good (4) due to the perceptible yet not annoying jerks during the video startup and 14 
users found the quality impairments slightly annoying due to the jerks during the transmission 
and rated Fair (3). 2 users have provided poor (1) rating for the very annoyance due to a freeze 
occurrence. 

 
5.6 QUALITY OF EXPERIENCE 

The end user experience is collected to support the master thesis. As part of this survey, 
user opinion is noted when there is jerkiness, freezes, initial delay in the video due to the 
network disturbances. Based on the end user opinion video quality is rated. The user experiment 
was performed with 20 people who have no experience in quality assessment. Each user watched 
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the streamed videos on the client-side display. The subjects were asked to be seated in 
comfortable distance and take a convenient position in a silent room. All the users streamed the 
same videos with the same screen brightness and sound turned on. 

 
Table 8.3 Video quality assessment for 150ms delay Case 

 

 
Table 8.3 Video quality assessment for 250ms delay Case 
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Table 8.4 Video quality assessment for 500ms delay Case 

 
Table 8.5 Video quality assessment for 2.5 % delay Case 
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Table 8.6 Video quality assessment for 5 % packet loss case 

 

 

 
Table 8.7 Video quality assessment for 10 % packet loss case 
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Table 8.1 Video quality assessment for Jitter Case 

 

 
 Table 8.2 Video quality assessment for Jitter Case 
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6. CONCLUSION AND FUTURE WORK 

6.1 CONCLUSION 

In this thesis work, results of the experiments have shown how the QoE varies for 
different TCP throughputs of the videos in the presence of different levels of delays and packet 
loss. The network setup was created to obtain the streamed video sequences for video quality 
assessment in MPEG dash streaming vedioes. For the subjective video quality assessment, user 
experience survey is performed and the QoE for 20 users with respect to the video impairments 
is collected and the ratings are collected for the video in high quality video resolutions streamed 
using MPEG dash player in the presence of 150ms, 250ms, 500ms delay and 2.5%, 5%, 7% 
packet loss. The ratings for all these cases are averaged to obtain the mean opinion score (MOS).  

 
From the analysis of these test cases, the videos rated with better quality at low packet 

loss values and low delay values with respect to the low network resources allocated for the 
videos streamed. The video quality streamed with low TCP throughput and in presence of delay 
is rated gradually high compared to the video quality streamed with high throughput in packet 
loss case. The high video quality with reasonable QoE aware sustainable throughput had better 
resistance videos streamed with low TCP throughput and higher packet loss values. From this, it 
can be observed that the videos are streamed with better QoE perspective has reasonable network 
resources in the presence of higher disturbances i.e. high packet loss and larger delays. From 
considering all the cases, it can be observed that the QoE aware sustainable throughput for TCP 
throughput, their impact and shows how to use sustainable throughput for comparing video 
streamed from MPEG dash player. Hence, it denotes the reasonable tcp throughput at which the 
QoE problems can still be kept at a desired level. 
 

Answers to the research questions 
 

1. Why is it necessary to estimate QoE aware sustainable throughput by TCP throughput? 
  

QoE aware sustainable throughput ensures user satisfaction level at the same time   
 requires optimum resources to provide the services. It is important to analyse the user  
behavior with respect to network performance. Estimation of QoE aware sustainable  
throughput by TCP throughput results in closer understanding of nature of TCP in terms  
of user expectation and predict the predict the nature of QoE of the end-user and for the estimation 
of the resources provided to these services. 
 

2. How to estimate QoE aware sustainable throughput and TCP throughput? 
 
 User satisfaction level is improved even when the network layer resources are cut short to  
a limit than the optimum level. Precisely application layer throughput is equal to goodput i.e., 
estimating TCP throughput. The value of TCP throughput at which the QoE problems can still be 
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kept at a desired level, i.e. the uncontrollable degradations in the quality are avoided. Quality of 
video is acceptable when network layer resources are limited. It is important to choose the test 
cases which will reflect the impediments clearly. Furthermore, QoE aware sustainable throughput 
values are estimated through measurements achieved from performing tests with different network 
disturbances and mean opinion scare achieved from the user experiments. 
  

3. What are the efforts to estimate QoE aware sustainable throughput and TCP throughput? 
 

The value of TCP throughput at which the QoE problems can still be kept at a desired level, 
i.e. the uncontrollable degradations in the quality are avoided. The impact on the flow control 
direction against the video is to be considered. As control streams are normalling consuming less 
throughput, loss and variable delays are more of interest in the test cases. Disturbances in data 
direction and disturbances in control direction are consider in systematic order to choose the 
preferred test case to know the user experience. It is more important. Initial stage of observation 
was done on MPEG dash and HTTP video streaming, but the throughput surpasses the sustainable 
throughput in HTTP video streaming cases.  

 
The experimental setup is very complex to troubleshoot the issues popped out during the 

thesis work. The results obtained from the NetEm traffic shaper has to analysed thoroughly before 
formulating the results, as the Linux timer granularity effects the real-time nature of NetEm. 
Networks do not exhibit constant delay; the delay varies based on other traffic flows contending 
for the same path. The resulting statistical distribution has one or more peaks and a long tail, Also 
the networks are quite complex, and the emulation inevitably breaks down in some circumstances.  

 
 

4. What is the relationship factor between measurable TCP throughput and QoE aware  
sustainable throughput? 
 

From the results, it is observed that the throughput of the video with high resistance to the 
network disturbances is sustainable with reasonable TCP throughput rate. This is the maximum 
value that gives the maximum quality. Based on the results achieved in the thesis, sustainable 
throughout goes down after when TCP throughput is exceeding its buffer limit i.e., buffer is tightly 
packed and do not accept any more packets results in the network disturbances. When the 
throughput is further exceeded, the quality degradations become uncontrollable. For the dash 
player streaming under delay use case, In Fig. 5.4.2. QoE aware sustainable throughput limits until 
the TCP throughput is 73500000 bps in transport layer, when it exceeds more than that, sustainable 
throughput goes down causing disturbances. Similarly, it the sustainable throughput value is 
achieved for other test cases.  Hence, this will be the threshold to maintain to avoid triggering the 
QoE problem Comprehensively sustainable throughput is close to goodput but the retransmission 
of data packets in TCP throughput which draws a margin between sustainable throughput and TCP 
throughput. 
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6.2 FUTURE WORK 
 

For the future work, QoE models can be developed taking complex traffic conditions into 
consideration. The concept of QoE sustainable throughput can be extended for comparing the 
solutions of video streaming by taking Quality of Experience and Energy efficiency into account. 
The experimentation is performed only in web streaming scenario due to time constraints. One 
potential could be to carry out the experiments taking mobile network into consideration 
followed by the regression and stability analysis to be likely to estimate the underlying 
distribution of the observed values. Best measure of the model depends on the researchers’ 
objectives. More data samples can be considered for investigating the validity of these models. 
From the regression and stability analysis, throughput and the disturbance be multiplicative 
parameters. Investigations can be done by varying the energy of one another. 
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APPENDIX  

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  
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Auto eth0 iface inet eth0 dhcp  

Auto eth1 iface inet eth1 dhcp  

The following commands are then entered 

  To know the device IP address and turn up and down the interfaces 

#ifconfig 

# sudo ifdown –a && sudo ifup –a  
 

     Restart to the networking service under Linux using  

#sudo /etc/init.d/networking restart 

Appendix B 

B.1 HTML File for HTTP video streaming  
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Appendix C 

Appendix C.1 captcp visualizing the application layer throughput and data link layer throughput with 
respect to shaper settings 

1. Shaper settings -  Jitter 500ms + 250 

 
2.  Shaper settings -  Delay 500ms 
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3. Shaper settings - Delay 250ms 

 
4. Shaper settings - Delay 150ms 
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5. Shaper settings - Loss 2.5% 

 
 

6. Shaper settings - Loss 5%
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7. Shaper settings -  10% packet loss  

 


