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To an end user, Quality of Experience (QoE) mat-
ters more than Quality of Service (QoS) because 
she is the owner of her experience, which is the 
result of her perception. In recent times, QoE got 
increasingly much attention from service provi-
ders, operators, manufacturers and researchers. 
Amongst others, they are interested to know how 
the users perceive the quality of multimedia strea-
ming and how to predict the QoE by measuring 
network performance parameters. Below the 
network layer, different access networks can be 
used, but the internet and transport layers remain 
the same for everyone on best-effort internet. We 
highlight a set of possible factors that are contribu-
ting towards the QoE, from network via transport 
to application layer, including applications, co-
decs, middleware and devices. To investigate the 

relationship of QoS and QoE, emulation-based ex-
periments were designed. For the purpose of emu-
lation, different shapers are in use by the research 
community.  We selected three popular shapers, 
NetEm, NISTnet and KauNet, and investigated 
their emulation capabilities with focus on delay, 
delay variation and bit rate in order to be able to 
select the best-suited shaper for future use. Then, 
we studied the effect of QoS parameters on mobile 
video QoE. To evaluate the video QoE, user tests 
were conducted. We observe a much larger sensiti-
vity of users to freezes and their placement within 
the video than what is predicted by an objective 
video quality assessment tool that is recommended 
by the standardisation organization ITU. Further-
more, we investigated the role of codec and device 
on QoE in view of network-induced problems.
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Abstract

To an end user, Quality of Experience (QoE) matters more than Quality of Ser-
vice (QoS) because she is the owner of her experience, which is the result of her
perception. In recent times, QoE got increasingly much attention from service
providers, operators, manufacturers and researchers. Amongst others, they are in-
terested to know how the users perceive the quality of multimedia streaming and
how to predict the QoE by measuring network performance parameters. Below the
network layer, different access networks can be used, but the internet and transport
layers remain the same for everyone on best-effort internet. We highlight a set of
possible factors that are contributing towards the QoE, from network via transport
to application layer, including applications, codecs, middleware and devices.

To investigate the relationship of QoS and QoE, emulation-based experiments
were designed. For the purpose of emulation, different shapers are in use by the
research community. We selected three popular shapers, NetEm, NISTnet and
KauNet, and investigated their emulation capabilities with focus on delay, delay
variation and bit rate in order to be able to select the best-suited shaper for future
use. Then, we studied the effect of QoS parameters on mobile video QoE. To
evaluate the video QoE, user tests were conducted. We observe a much larger
sensitivity of users to freezes and their placement within the video than what is
predicted by an objective video quality assessment tool that is recommended by
the standardisation organization ITU. Furthermore, we investigated the role of
codec and device on QoE in view of network-induced problems.
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Introduction

The popularity of mobile internet and streaming multimedia is rising day by day.
Along this, the capabilities of mobile devices are also improving quickly in terms
of processing power, memory, display, audio and other functionalities. As a result
of these new facilities, end-users are not only consuming online video content but
also generating video content for streaming. User-generated video content is one
of the popular Internet applications [1]. According to [5] mobile video has the
highest growth rate, in 2011 it was 52.9 % and in 2015, it will be two third of
mobile data. These new and improved facilities and activities unmask the video
quality concept for end-user, and she becomes quality-conscious [2]. According
to [3] users share their bad experience of service with other 13 prospective or po-
tential users. This bad experience or frustration of a user may result in churn.
To win the loyalty of user, the satisfaction of user is very important. Quality of
Experience (QoE) is the concept that helps the service provider, application de-
velopers and other stack holders to know about the users’ experiences and percep-
tions. The reliable estimation of video QoE helps to meet the SLA requirement
as well as to improve or maintain good user experience [4]. QoE measures the
success or failure of a service. It is a subjective measure and should be measured
through real user tests. However, it is difficult to measure the QoE subjectively
because it demands lot of efforts and time, which is very expensive. To avoid the
subjective tests focus of research in this area is to measure the QoE objectively.
Service providers are used to measure the network performance using the Qual-
ity of Service (QoS) parameters such as packet loss, delay, delay variation and
bitrate. But these parameters give merely technical feedback. QoE is an entirely
different measure, namely the experience of the end-user with the service. Multi-
media applications can affect the user’s QoE more quickly as compared to other
applications because a tiny disturbance is noticeable to the user. So it is important
to study the QoE to find the optimum level of QoS settings along other parameters
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2 Introduction

User
Shaper Streaming Server Displaying Screen

Figure 1: Overview of Experimental Setup to Study the Video QoE.

so that end-user may have an excellent QoE. In [6] the authors propose a generic
relationship between QoE and QoS, through an exponential relationship. In [2, 7]
the authors investigate the effect of QoS parameters on video QoE.

In this work, we study the newly focused and emerging paradigm of research
on mobile video QoE. QoE of streaming multimedia applications consists of a set
of indicators that affect the user-perceived quality; some of the indicators depend
on the network performance. For example, the network with inadequate perfor-
mance may impair the video with the artifacts like freezing, jumping, jerkiness,
blackout, etc. The user QoE may be degraded due to signal or multiple artifacts,
infused by poor network performance. The main goal of this work is to study how
QoS parameters, especially packet loss, delay and delay variation affect the user-
perceived quality and how to predict mobile video QoE by measuring or knowing
the QoS parameters. Moreover, what are the thresholds for specific network im-
pairments for bad QoE? To what degree are specific network impairments affect-
ing the quality of this specific video content? To study to the mobile video quality
of experience in relation to network performance parameters or QoS parameters
there are three possible options:

1. Real-time study;

2. Simulation;

3. Emulation.

An overview of experimental setup is shown in Figure 1. In our work, we try
to use real equipment as much as possible, to capture the perception of a real
system. However, it is very difficult and expensive to reproduce the Internet be-
havior in real-time controlled environment. To fill this gap, we decided to use
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any traffic shaper among the popular traffic shapers NetEm, NISTnet or KauNet,
which are already in use by researchers [8–11]. Our main focus was to shape the
QoS parameters delay, packet delay variation, bitrate and packet loss. All selected
shapers have this capability; however, output in terms of timing given by the se-
lected shaper may not be as accurate as desired. If the shaper performance is not
according to the desired specification, then the results are unreliable and unreal-
istic. So before starting QoE experiments, performance of selected traffic shapers
was evaluated.

This chapter is organized as follows. In section 1, we briefly review the ob-
jective and subjective video quality assessment. Section 2 addresses the Mean
Opinion Score while Section 3 gives an overview of QoS and QoE relationship.
We give a short introduction of network emulation and in its usage in Section 4.
A summary of the contributions provided by the papers that are included in this
thesis are given in Section 5.

1 Video Quality Assessment

The assessment of video quality is the estimation of quality of all steps involved
in video streaming, which includes coding, compressing, processing, transmis-
sion and perception. Video quality assesses the video degradation or distortions
due to streaming, compression or any other processing. The quality of video is
usually measured in comparison of original video. To reduce the size of video
lossy compression is used, for that during the quantization process video quality
may degrade. Similarly, during the video transmission on the wireless network
or on the mobile network, packet loss or packet delay may occur, which can de-
grade the video quality. So the video quality assessment is important to tune and
optimize the streaming network, compression and processing tools. The end-user,
who experiences the video quality, is human, so this quality assessment should be
aligned with end-user perception. The video quality assessment can be achieved
by using objective method or subjective method, which will be described.



4 Introduction

1.1 Objective Video Quality Assessment

Instead of humans, assessment algorithms or mathematical models are used to
assess the video quality is an objective way. The purpose of this assessment
is to forecast the perceived quality of video without having the user tests. Ac-
cording to [12] the basic approach is to apply the still image quality on video
frames, but a more promising approach is to consider the temporal aspects of the
human vision system (HVS). Commonly used metrics are signal-to-Noise Ratio
(SNR), Peak Signal-to-Noise Ratio (PSNR) and Mean Squared Error (MSE) for
objective video quality assessment [12, 13]. These methods are simple in use and
computation. However, these methods are unable to consider the viewing condi-
tions and characteristics of human visual perceptions [14]. Therefore SNR, PSNR
and MSE results are not mapped accurately to user perceived quality, but can be
used to evaluate the quality difference among videos [15]. There are some other
tools used to measure the perceived video quality objectively. The Video Quality
Metric (VQM) is a tool based on general purpose video quality model used to
measure perceptual quality objectively [16]. It has been adopted by ANSI (ANSI
T1.801.03-2003) and ITU-T (ITU-R BT.1683and ITU-T J.144). The Structural
SIMilarity index (SSIM) is an objective method for the assessment of video qual-
ity based on the degradation of structural information by considering the assump-
tion that human visual perception is highly adopted for extracting structural in-
formation from a scene [17]. Another tool recommended by the ITU-T (ITU-T
Rec-J.247) for objective perceptual multimedia video quality assessment is ”Per-
ceptual Evaluation of Video Quality” (PEVQ) in the presence of a full reference.
It measures degradations due to network by analyzing the degraded video, pixel-
by-pixel after temporal alignment of corresponding frames of reference and test
sequence. This model measure the QoE based on modeling the behavior of hu-
man [18] Moreover, the objective assessment is based on the reference video, and
can be classified into full-reference method (FR), reduce-reference method (RR)
and no-reference method (NR) [19, 20]. These methods are disscussed below and
are shown in Fig. 2.
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Figure 2: Video quality assessment methods: (a) Full-reference method, (b)
Reduced-reference method, (c) No-reference method [20].

Full Reference

A full-reference method is used when original reference sequence is available for
comparison. Every pixel of reference- and test-sequence is compared to estimate
the quality of test sequence. The accuracy of this method is very high, but it suits
only in a non-real-time scenario, typically a lab environment.
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Reduced Reference

Instead of using the original reference, in this method, reduced information of the
reference sequence is used for the estimation of test video quality. Reduced infor-
mation is extracted at the sender side from reference sequence and sent over the
reliable channel to the receiver for comparison. The accuracy of results depends
on the reduced information of reference and test sequence.

No Reference

A no-reference method only uses the test sequence without any information about
the original sequence. It is also known as reference-free method and may have
very low accuracy. Albeit, it is very challenging to estimate the video quality
with no-reference. However, for real-time quality assessment at the receiver side
without any information about the original sequence, this method can be very
useful.

1.2 Subjective Video Quality Assessment

The subjective video quality assessment is the experience of end-user, how she
perceives the video quality. This assessment is concerned with perception of a
human and can be different from user to user [21]. When it comes to the human
perceived quality, then different other factors play their role on user rating, for ex-
ample human psychology, user interface of device or application and its usability,
viewing condition and the content of video [22–24]. In ITU-R Rec. BT.500 and
ITU-R Rec.P.910, the ITU gave detailed video quality assessment recommenda-
tions for television and multimedia applications, respectively. In [21,25] different
subjective measurement methods are discussed, two commonly used and recom-
mended methods for multimedia application are as follows:

Single Stimulus or Absolute Category Rating

In this category, test sequences are presented and rated separately. After each
presentation, the subjects are asked to evaluate the quality of video. This is a very
efficient method, easy and fast to implement, and tests can be done in shorter time
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as compare to other methods. It is well-suited for qualification tests and applied
in several studies [25, 26]. In this work, we use the Absolute Category Rating.

Double Stimulus or Degradation Category Rating

In this category, test sequences are presented in pair (reference and impaired se-
quence), and subjects are asked to evaluate the quality of impaired video as com-
pared to reference video. Moreover, the reference and impaired sequences can be
presented simultaneously on the display if possible.

Pair Comparison Method

In this category, test-sequences are presented in pairs. All possible combinations
of pairs are used to assess the video quality. For example in case of two sequences
A and B, possible pairs will be AB and BA.

2 Mean Opinion Score

Users’ feedback about the multimedia QoE with the network application is a sub-
jective measure. Usually, they express their experience by using the words like
“Satisfied,” “Very good,” “Bad,” etc. A similar method has been in use for decades
to evaluate the telephony network quality experienced by the end-user and re-
ferred as Mean Opinion Score (MOS) (ITU-T Rec P.800). It is recommended by
ITU-T and used for the assessment of telephone, IPTV and multimedia applica-
tions [2, 21, 25, 27, 28]. Different rating scales are used for MOS; however, typi-
cally, five-point and nine-point rating scales are used. The nine-point scale is used
if the higher discriminative power is required. For low-bitrate videos, nine-point
rating scale is recommended by ITU-T [25]. The rating of MOS is distributed
between ”Excellent” to ”Bad” as shown in figures 3 and 4.

3 Relationship between QoE and QoS

With the growth of usage of multimedia applications, users expect quality of ser-
vice that satisfies them perceptually. The most common notion used for users’
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Excellent Bad

5 1

Good Fair Poor

4 3 2

Figure 3: Five-Point Scale Mean Opinion Score [25]

Excellent Bad

9 1

Good Fair Poor

8 7 6 5 4 3 2

Figure 4: Ten-Point Scale Mean Opinion Score [25]

perception study is QoE. QoE is also referred as users perceived quality of ser-
vice [29] and capture the experience of the users more clearly from end-to-end
QoS [30]. For user-perceived QoS, different applications demand the distinctive
optimization of parameters like jitter, delay, packet loss and throughput. Best-
effort IP networks don’t provide any guarantee that the data is delivered to the
user according to its requirement. The probability of this unreliability and unpre-
dictability increases from wired via wireless to mobile networks. Network perfor-
mance is measured by using QoS parameters. According to [31], for multimedia
streaming it is important to monitor the network transport QoS through QoS pa-
rameters, such as delay, delay variation and packet loss. Real-time or multimedia
applications are very sensitive to network performance parameters. Packet de-
lays exceeding the playout time, or a lost packet, may degrade the video quality.
Poor performance of network, especially fluctuating QoS, can degrade the user
QoE. Real-time applications or multimedia streaming may suffer from degraded
quality due to the packet loss, delay and delay variation [28]. Different applica-
tions require different network performance parameters tuning for good quality
of experience. The study of QoE and QoS relationships can help to identify the
threshold of network performance parameter to maintain the user perceived qual-
ity at a good level. Delay can affect the user perception in many ways, e.g. long
initial waiting time to establish the service can upset the user. The delay variation
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is more critical for multimedia streaming. It can be the cause of packet re-ordering
and degradation of the perceptual quality. A jitter buffer is used to reduce the im-
pact of packet delay variation. Packet loss is another QoS parameter and in case
of real-time application, packet loss can result in information loss. If a key frame
gets lost, video cannot be watched until the next key frame arrives. Different stud-
ies have been conducted and have shown that network performance fluctuation
affects the video quality [2, 7, 32, 33]. QoE is an end-to-end measure of user sat-
isfaction, regardless of the underneath network technology, while QoS measures
the network performance. In a competitive environment, the assessment of user
experience is one of the most important measures for service provider. Therefore,
it is highly demanding to build a model that can relate the QoE to QoS. The QoS
measurement helps in maintaining the requirement of the multimedia applications
and they helps in selecting the parameter of multimedia application with respect
to available network resources. As result of this, efficiency of network and user
experience can be improved.

4 Network Emulation

For performance evaluation and testing of real-time applications and services,
simulation, live testing or emulation are used. Simulation is the most commonly
used method for performance evaluation of the real-time application and also used
to test and verify the proof of concept of a newly designed application or protocol.
A Simulator is an application or piece of code running on a computer, based on
a traffic model, which represents the behavior of network and returns the perfor-
mance results. However, it cannot provide the environment of real-time operation.
Another option is to evaluate the application or service in real-time environment
by using the real setup / equipment due to the real-time setting; it is possibly the
best way to perform the experiment. Nevertheless, usually this method is expen-
sive, difficult to use and control because of cost and accessibility of equipment.
The tradeoff between simulation and live testing is emulation. Emulation is best
described as an imitation, and used to imitate the internal design and functionality
of the target platform. Network emulation mimics the target network and used for
performance analysis of a service, protocol or application. It takes the input from
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the network or traffic source, applies defined rules, alters the packet flow, and in-
jects it back into the network or connected computer. It uses the real equipment as
much as possible along with the simulated part of network attributes. Furthermore,
it is flexible, easy to use and gives better control on experiments with reproducibil-
ity option. The network emulator can be a computer running emulation software
or a dedicated device, attached to computers and behaving like a real network. It
is also referred to as traffic generator or traffic shaper. Traffic shapers are used to
study the behavior of networks, especially with user defined traffic shaping param-
eters e.g. delay, packet delay variation, throughput and packet loss. Also traffic
shapers are used for the enforcement of SLA e.g. for limiting throughput. Traffic
shapers are used in research to emulate the behavior of targeted network. In our
experimental setup we use emulation to study the impact of QoS parameters on
mobile video QoE. To emulate the network behaviors, different shapers are in use
of research community. We selected three shapers NetEm, NISTnet and KauNet
and evaluated their performance for delay and throughput shaping. On the basis
of accuracy we choose the NetEm for further study of mobile video QoE.
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5 Thesis Overview and Contributions

This thesis consists of six parts. Part I discusses the conceptual model of QoE in
parallel to the classical internet architecture hourglass model. Parts II and III are
about traffic shapers performance evaluation, while part IV introduces the Reduce
Reference Metric Coefficient of Throughput variation to quantify the packet delay
variation. The last two parts V and VI address the video QoE.

PART I Quality of Experience Hourglass Model

This paper describes the conceptual model of QoE in parallel to the classical inter-
net architecture hourglass model. It discusses the different factors affecting QoE
from IP layer to application layer. The QoE hourglass model is based on four
layers, and each layer has a role towards the user experience (QoE). Role of appli-
cations and devices on QoE, are discussed and explained by the help of examples.
Moreover, conditions are highlighted under which QoE becomes a sole function
of QoS.

PART II Evaluation of Throughput Performance of
Traffic Shapers

Traffic shapers are used for network emulation, to test and verify the protocol,
and network applications. To evaluate the throughput performance of two popular
traffic shapers, we conducted the experiments and collect the traces using dis-
tributed passive measurement infrastructure (DPMI). Different packet sizes and
shaped bitrate values are used. Statistical properties of the throughput at inlet and
outlet are compared. We also deduct the internal shaper parameters like, packet
rate and buffer size from our measurement. Moreover, the shapers’ throughput
performance is evaluated on two hardware platforms (AMD and Intel).
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PART III Evaluation of Delay Performance of Traffic
Shapers

To verify the accuracy of traffic shapers for delay shaping, experiments were con-
ducted using the DPMI. For delay performance evaluation, three popular shapers
were used. To test the influence of the PDU size on shaping, different PDU sizes
are used. These experiments are also performed on two hardware platforms (AMD
and Intel) to study the effect of hardware on shaping. This paper, in which the
author was heavily involves albeit not being the first author, is included here to
complete the shaper evaluation results.

PART IV Quantification of Packet Delay Variation
through the Coefficient of Throughput Variation

Lightweight methods are desirable to detect network performance evaluation is-
sues. In case of real time application it is critical to timely identify issues with the
network issue and to adapt the behavior of the application accordingly to meet the
user expectation. The Coefficient of Throughput Variation (CoTV) can be used to
describe the network performance. By using CoTV, one can quantify the packet
delay variation and predict the changes in the network behavior. An analytical
solution for the CoTV at the outlet of network was derived, which is capable to
estimate the delay variation of network, under the condition of non-varying traffic
intensity at the inlet. We also found that a CoTV ratio of ten or more revealed the
existence of equivalent jitter in the same order of magnitude than that given by the
observation interval.

PART V Impact of Disturbance Locations on Video
Quality of Experience

In real-time streaming, if the player buffer gets empty the end user will face freeze.
In mobile video streaming, it is more probable to have video freezes, but in real-
time streaming with freeze, the content of video can be lost during the frozen
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interval. To study the users’ reaction for such a kind of artifact with respect to the
location of where it occurs, subjective tests were conducted. Later, these results
were compared with Perceptual Evaluation for Video Quality (PEVQ) results. It is
observed that users are pickier for such kind of artifact as compared to the PEVQ
rating. Moreover, we found that the location of disturbance of video affects the
user rating.

PART VI Mobile Video Sensitivity to Packet Loss and
Packet Delay Variation in Terms of QoE

In this paper, we evaluated the sensitivity of mobile video to packet loss and packet
delay. An emulated environment was used to perform this study. Videos encoded
with the H.264 baseline profile were streamed using VLC. Videos impaired due to
packet loss or packet delay variation are shown to users on mobile device as well
as on a laptop. Along other results, a statistical analysis of the results of the both
devices (mobile and laptop) is performed and presented to see the difference of
QoE rating among the devices. Results shows that mobile video (H.264 baseline)
is very sensitive to packet loss and packet delay variation. Moreover, the mobile
video QoE of user for same resolution remains unchanged whether it is played on
a laptop or on a mobile.
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Abstract

Recently, user perception has been receiving increasingly much attention of ser-
vice providers, operators, manufactures and researchers. They are interested to
know how the users perceive the quality of multimedia streaming services. To
avoid the fatigue of subjective testing, they are interested to model the Quality of
Experience (QoE) based on Quality of Service (QoS) and other measurable pa-
rameters. However, these parameters to estimate the QoE may differ per service.

In this paper, we propose a conceptual model of QoE in parallel to the classical
internet architecture hourglass model. Moreover conditions are highlighted under
which QoE can be evaluated objectively from QoS without entailing other factors.
The main is goal to understand the factors that are playing a significant role for
QoE. We also discuss and explain the role of the application on QoE.

1 Introduction

With the growth of mobile internet, the number of users of multimedia applica-
tions are also growing rapidly. Moreover, new mobile devices are well equipped
to handle the multimedia applications, which made them a popular platform for
watching video content. The end-user, i.e. the viewer, has certain expectations
about the video quality and wants to have good quality of experience. These user
expectations trigger the interest of service providers, operators, manufacturers and
researchers in QoE. On the basis of her experience and satisfication, a user may
decide to continue with the service provider or not. Nowadays the end-user has
more than one option to choose the service provider. So to keep the user loyal
with a service and its provider and to prevent churn is a big challenge for service
providers. In [1], churn is considered as a key performance measure for mobile
operators. Among other factors, customer experience also influence churn. The
satisfied user recommends the service, while dissatisfied users shared their expe-
rience within the circle of friends. According to [2] 82% of users leave the service
due to frustration, which is result of bad experience with the service and one aban-
donment user shares her experience with 13 other people. To know the perception
and experience of the user about the network or network service is important to
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improve or tune the network in a way that the users face good QoE.

QoS is a well-known and established concept, especially for technical person-
nel and researchers. The service providers do their best to tune the network to
achieve good quality of service. A technically well-established network with the
optimal QoS gives the feedback of technical excellence but still can’t estimate the
end-user experience or perception. The estimation of user experience and percep-
tion comes under the umbrella of QoE, an entirely different measure than QoS.
Different methods and terminologies are used to elaborate the user experience.
For example, in [3] the authors used the term user-oriented QoS and measured the
video quality using quality rating scaled from 1 to 5 (bad, poor, fair, good, excel-
lent). Similarly, in [4] the authors define the video quality assessment in terms
of perceived QoS and measure the video quality based on spatial and temporal
activity using the 0-to-100 scale. Other terms used in similar concepts are end-to-
end QoS, user-perceived QoS and QoS experienced [5–7]. The study of QoE is
of utmost important for service providers because it helps them to prevent churn
or failure of the service as well as to optimize their services for their survival
in face of ever-growing competition. Most QoE-oriented researchers and profes-
sionals are working to define new reliable as well as easily computable assessment
methodologies and quality prediction models. In [8] the authors proposed a pen-
tagram model to measure the QoE, based on five factors: integrality, retainability,
availability, usability and instantaneousness. The QoS and QoE correlation model
and QoE evaluation using QoS parameters is discussed in [9].

In this paper, we propose the QoE model in parallel to the internet architecture,
in which we consider and formalise the different factors affecting QoE, from IP
layer to application layer.

The remainder of this paper is organized as follows. Section 2 defines the QoE
and Section 3 describes the QoE hourglass model. Section 5 and 6 discuss the role
of presentation devices and of application on QoE, respectively, whereas Section
7 concludes the paper.
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2 Quality of Experience

QoE is an emerging thesis in the area of communications and networks, but the
existence of this concept is not very new. The quality of experience is a well
known concept in different subjects, for example in philosophy and psychology
[10, 11]. Moreover the term quality of experience is used in 1938 by Jhon Dewey
in his book ”Experience and Education” [12].
There are a lot of definitions for QoE. We select the definition that fits to the IP
networks or multimedia streaming. The definition of QoE by ITU-T is
“The overall acceptability of an application or service, as perceived subjectively
by the end-user.

• Quality of Experience includes the complete end-to-end system effects (client,
terminal, network, services infrastructure, etc).

• The overall acceptability may be influenced by user expectations and con-
text.” [13]

Another definition of QoE is “It is a measurement used to determine how well
that network is satisfying the end user’s requirements” [14].

3 The QoE Hourglass Model

The proposed QoE hourglass model is inspired by the classical internet hourglass
model [15], which can be divided into the five layers. Table 1 describes the lay-
ers of the classical internet hourglass model with the corresponding OSI model’s
layers. The QoE hourglass model and the classical internet hourglass model are
shown side-by-side in Fig 1. There are ample applications and application layers
protocols in use. New applications and application layer protocols are introduced
on as-needed basis. Above the transport and internet layers, different applications
and application layer protocols are working next to each other. Similarly below
the internet layer different technologies, access methods and protocols are in use.
New entities can be introduced on data link layer or physical layers, as desired.
However, network layer and transport layers remain unchanged. Particularly, at
network layer IPv4 or IPv6 rule the internet communication. Above and below
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Internet Hourglass Model’s Layers OSI Model’s Layers
1 Application Layer 5-7
2 Transport Layer 4
3 Network Layer 3
4 Data Link Layer 2
5 Physical Layer 1

Table 1: The classical Internet Hourglass Model with corresponding OSI Model’s
Layers.

the IP (Internet Protocol) or the network layer different kind of protocols exist
and new ones can be added. Due to this addition bottom and top layers of inter-
net architecture are expanding from the very first day of the internet due to the
addition of new applications, protocols, technologies, and access methods. As a
result of this addition internet architecture took the shape of an hourglass, with
narrow neck at the network layer. In the internet hourglass model, IP finds itself
at the narrow neck of an hourglass in a way that all applications and application
layer protocols are above the IP layer, while all data link layer and physical layer
protocols are below the IP [16, 17]. In this model, IP is playing the main role in
communication and is independent of network technologies underlaying the IP.
Similarly, any protocol can be used above IP. However, the network layer contains
only the internet protocol that is IPv4 or IPv6. The internet protocol (IP) treats all
networks equally [18].

The most common understanding of QoS relates to the IP level [19]. The
QoE Hourglass Model has Quality of Service (QoS) at the narrow neck of the
hourglass. As IP is independent of data-link layer and physical layer protocols,
the QoE hourglass model bottom layer is Quality of Service corresponding to IP
layer. The layers of QoE hourglass model are

1. Quality of Experience (QoE)

2. Quality of Presentation (QoP)

3. Quality of Delivery (QoD)
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Figure 1: The QoE Hourglass Model

4. Quality of Service (QoS)

In case of network service or video streaming QoE is a comprehensive experi-
ence of end-user that depends on QoP, QoD and QoS. According to the QoE hour
glass model, QoE depends on QoP, where the end-user has a direct interaction and
experience with the displaying devices and interface of applications. Any faulty
or unexpected behavior of device or application can damage the user perception
even with excellent network performance. Along with QoP contribution towards
the user perception, it depends on QoD. QoD concerns with the quality of data
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delivered. The quality of data delivery is two fold, (i) Quality of data delivered by
the application and (ii) Quality of data delivered by the Network.

The quality of data delivered by the application (QoDA) is a result of the
treatment of data by the application to enhance the end-to-end performance and
also referred as application-based QoS [20]. The quality of data delivered by the
network (QoDN) is cumulative effect of network performance parameters and data
handling by transport layer protocols. The (QoDN) depends on quality of server
(QoS), which finds itself on the narrow neck of the QoE Hourglass Model.

3.1 Quality of Service (QoS)

The QoS is corresponding to the network layer as shown in Fig. 2. The network
layer manages the delivery of packets to and from the underlying networks and
transport layer. QoS is a well established concept among the service providers
and the research community. The most commonly used parameters to measure
the QoS or network performance are delay, delay variation, throughput, response
time and loss. The fundamental parameters associated with video streaming are
throughput, packet delay, delay variation and packet loss. On the best effort based
service network these parameters are changing with respect to time, but are mea-
surable at particular instants. As these parameters are uncontrollable with best ef-
fort service, it is very hard to guarantee the QoS. For the safeguard of user QoE, it
is very important to model the relation of QoS-QoE, which will help in improving
and designing the applications or services. In the QoE hourglass model, QoS is a
foundation layer of the model, which is measurable. Throughput (R) is measured
as bit per second at destination, whereas packet delay (D) is defined as end-to-end
transmission time. In case of packet delay variation (∆D), packets arrive at des-
tination with different delays, usually both are measured in milliseconds. Packet
loss (L) denotes the share of undelivered packets.Thus

QoS = f(L,D,∆D,R). (1)

The effect of this bottom layer traverses towards the top layer of QoE through
QoD.
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3.2 Quality of Delivery (QoD)

QoD is concerned with the quality of the data delivery process. It maps the trans-
port layer, application layer and partially the application to the classical internet
hourglass model. Both transport and application layers have different mechanism
to handle the data delivery process. At transport layer the delivery process of
TCP and UDP are entirely different from each other. The data delivered by the
transport layer is processed and presented by an application to the end-user. If
this application comes with error recovery procedures, then the packet loss or any
recoverable error of data has a nominal effect on quality, otherwise this error may
damage the quality to a significant extent. QoD can be divided into two parts.

• Quality of Delivery by Network (QoDN)

• Quality of Delivery by Application (QoDA)

and is expressed as
QoD = f(QoDN , QoDA). (2)

Quality of Delivery by Network (QoDN)

Data delivered by the network is the resulting effect of QoS and behavior of trans-
port layers protocols. The quality of data delivered by the network is related to the
data delivery process of transport layer. At this layer TCP and UDP are involved
in process-to-process data delivery mechanism and both have different character-
istics. The key features of TCP are retransmissions of lost packets, reliability,
flow control and congestion control, while UDP doesn’t have such features. In
case of packet loss recovery process or in case of congestion control TCP reduces
the throughput of stream. Similarly long packet delays (approximately 200 ms)
can invoke the retransmission process of TCP. However, UDP doesn’t care for
anything and continues sending the data. Moreover, a data stream simultaneously
can have packet delay variation and packet loss; both are measured and treated
differently. However, in this case, QoDN is a collective impact of both parameters
(packet delay variation and packet loss) of QoS on the data stream.

QoDN = g(QoS). (3)
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Quality of Delivery by Application (QoDA)

The transport layer is responsible for providing the data delivery services to the
application layer, and the application layer provides the data to the application,
which then presents the data to the user. To this end, the transport layer uses
what it gets from the delivery process of underneath layers. QoDA captures the
improvement of data quality by the application to enhance the end-to-end perfor-
mance. Any data processing-application (e.g. a of video codec) may have the
ability to rectify the impact of QoS parameters. For example, to reduce the effect
of packet delay variation, jitter buffer is used; similarly, video applications have
error correction functionality to recover lost data. So the data delivered by the
application may have different quality as compared to the data delivered by the
network. In case of mobile video, QoDA based on error recovery functionality
of the codec and may vary from application to application. For a detail example
and discussion of QoDA and the corresponding role of the application in QoE, see
section 6. Using Equation 3, Equation 2 becomes

QoD = f(g(QoS), QoDA). (4)

As QoDA depends on the application, it is not directly related to the network data
delivery process. So for, a particular application, this factor can be considered as
invariant:

QoD = f(g(QoS)|QoDA
). (5)

3.3 Quality of Presentation (QoP)

QoP addresses the second layer of the QoE hourglass model. This is the layer
where the end-user has her experience with displaying devices and applications.
This layer mostly deals with the software and hardware interface and their us-
ability along with the delivered content of video. Even with excellent QoD, poor
presentation or bad interface may degrade the video quality of experience. For
example, poor resolution of the displaying device or unbalanced settings of dis-
play brightness and contrast can damage the user experience. Similarly, a high
quality video on a “dead pixels” screen will be perceived as a poor quality. In [21]
the authors compared the video and image quality assessment on LCD and CRT
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displays and found that CRT has better performance for video while LCD was
preferred for still images. QoP depends on the QoD and QoPo, whereas QoD and
QoPo are independent and QoPo depends on hardware and software interface and
usability.

QoP = h(QoD,QoPo). (6)

QoPo is the contribution of this layer and does not depend on the data delivery
process. By freezing this independent factor Equation 6 becomes

QoP = h(QoD|QoPo). (7)

3.4 Quality of Experience (QoE)

In the QoE hourglass model, QoE is the resultant of all quality factors contributed
by the underlying layers as shown in figure 1. It is the feel or experience of the
user residing at the top, which measures the true success of a service. The end-user
experiences the QoE by interacting with presenting equipment and application,
described by is QoP. Thus

QoE = k(QoP ). (8)

4 Estimation of QoE on the basis on QoS measurement

IP forwards the data to the transport layer, and then this data is handled by the
application and presented to the user. In the QoE hourglass model, we map these
layers with their contribution to QoE. Each layer is contributing towards the final
assessment of QoE, independently or depending on previous layer input, or with
both independent and dependent factors. For the simplification of this model,
independent contributions of each layer are considered as constant e.g QoDA and
QoPo. From Equation (8) using the QoP from Equation (7), we arrive at

QoE = k(h(QoD|QoPo)). (9)
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Using QoD definition with frozen QoDA, given by Equation (5), we obtain

QoE = k(h(f(g(QoS)|QoDA
)|QoPo)). (10)

Hence the QoE estimation can be modelled from the QoS parameters, with frozen
or known factors of QoDA and QoPo. Both QoDA and QoPo are contribution
of presenting application and equipment, and independent of the network data
delivery process. The role of QoPo and QoDA is discussed with examples in the
following sections 5 and 6, respectively.

5 Role of QoPo in QoE

Usability and user interface are a well studied subjects in Computer Science. The
QoPo comes under the influence of Human-Computer Interaction (HCI). In [22]
the authors compare the subjective video quality results conducted with profes-
sional CRT and consumer LCD and conclude that under the tested resolution
LCD and CRT can achieve very similar results. In [23] the authors compared
the subjective quality results of videos shown on the laptop and on the mobile
phone. The selected videos are impaired with packet loss and packet delay vari-
ation. Videos are encoded with H.264 baseline profile with 30 fps and have a
resolution of 320× 240.

Figures 2 and 3 show the MOS for packet loss and delay variation for laptop
and mobile, respectively. For both graphs we can notice that the results are almost
the same for both of the devices except for the packet loss of 0.4%.

To identify if these variations are significant, a matched-sample t-test was
used. Table 2 presents the results for the calculations for each of the video pairs,
referring to the same video sequence presented on the laptop and on the mobile
phone. D ±∆D stands for delay variation in the table. The comparison of tcalc
with ttable reveals that for most of the video sequences, there is no evidence that
the different devices affect the perception of the shown video. For a detailed
description see the paper [23]. We can conclude that there is not a significant
difference between doing the experiment in the mobile phone and in the laptop
displaying the same resolution. Overall very similar rating behavior was observed
for both devices as shown in Table 2. The hypothesis is rejected only for 0.4%
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Figure 2: MOS as function of packet loss for videos displayed on laptop and
mobile phone [23]

Figure 3: MOS as function of delay variation for videos displayed on the laptop
and mobile phone [23]
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packet loss of all videos and for D±∆D = {150± 2, 8} ms in the Football case.

Foreman Hall-Monitor Football

L tcalc Hypothesis L tcalc Hypothesis L tcalc Hypothesis
0.0% −0.63 Fail to reject 0.0% 0.90 Fail to reject 0.0% 0.42 Fail to reject
0.4% −1.14 Fail to reject 0.4% 2.50 Reject 0.4% 3.20 Reject
0.8% 0.42 Fail to reject 0.8% 1.36 Fail to reject 0.8% −2.03 Fail to reject
3.0% −2.05 Fail to reject 3.0% −0.44 Fail to reject 3.0% 0.25 Fail to reject
5.0% −0.25 Fail to reject 5.0% −0.27 Fail to reject 5.0% 1.16 Fail to reject
7.0% 0.00 Fail to reject 7.0% 0.83 Fail to reject 7.0% −0.63 Fail to reject

D ±∆D tcalc Hypothesis D ±∆D tcalc Hypothesis D ±∆D tcalc Hypothesis
150± 2 ms −1.36 Fail to reject 150± 2 ms 0.00 Fail to reject 150± 2 ms 2.46 Reject
150± 4 ms 0.70 Fail to reject 150± 4 ms −1.28 Fail to reject 150± 4 ms −0.89 Fail to reject
150± 8 ms 0.44 Fail to reject 150± 8 ms −0.37 Fail to reject 150± 8 ms 2.73 Reject
150± 12 ms 0.44 Fail to reject 150± 12 ms 0.00 Fail to reject 150± 12 ms−1.68 Fail to reject
150± 16 ms 0.00 Fail to reject 150± 16 ms 0.00 Fail to reject 150± 16 ms 0.81 Fail to reject

Table 2: Matched-sample t test results, with tcalc = 2.042 [2]

6 Role of QoDA in QoE

To enhance the video performance in case of errors, different error control tech-
niques such as forward error correction (FEC), retransmission, error resilience,
and error concealment, can be used. Different video codecs use different error
control techniques, which results in different video quality under similar impair-
ments. In [3] the authors discuss the loss-distortion model that accounts for the
impact of network losses on video quality. For experimentation they select the
H.264 and MPEG-2 codecs and found that under similar environments and packet
loss conditions, the average distortion of video encoded with H.264 and MPEG-2
is different.

Figure 4 and Figure 5 shows the MOS of the three different video sequences
encoded with H.264 main profile and baseline profile. MOS is given along the
y-axis, while the x-axis shows the packet delay variation. To see the effect of
packet delay variation, the player’s jitter buffer is set to zero. NetEm [25] was
used to shape the delay variation and by default it re-orders the packets while
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Figure 6: Mean Opinion Scores of videos encoded with x264, DivX WMV and
Xvid [26].

shaping the variable delay. From Figure 5 and 4 we can see that for 2 ms of
packet delay variation, the MOS rating of the Foreman video encoded with main
profile is higher as compared to the same video encoded with baseline profile of
H.264. In short, we saw that under similar network performance conditions, both
profiles of H.264 show different MOS ratings, which highlights the role of QoDA

in QoE.

In [26] subjective assessment of codecs performace is performed for videos
compressed with DivX 6.0 (DivX, Inc.), XviD (Open Source Project), WMV
(Microsoft Corporation) and x264(Open Source Project) with the two bitrates 690
kbps and 1024 kbps. More than 50 participants took part in the assessment of these
videos using the MOS 0-9 scale . Figure 6 shows the average results of MOS for
all videos and bitrates. Despite similar resolutions and bitrates, their quality dif-
fers according to the use of different applications (codec) for compression. All
these examples higlight the pronounced role of QoDA on user ratings.
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7 Conclusion

In this paper, we proposed the QoE hourglass model, in which we addressed the
streaming video quality of experience and its factors. This model has four quality
layers corresponding to layers in the classical Internet hourglass model, and each
layer has a role towards the user perceived quality. According to our argument,
QoE of streaming videos cannot be evaluated only with QoS parameters in general
because other factors are also involved. However, we showed that the QoE can
be evaluated from QoS parameters by freezing the role of QoDA (or for particu-
lar Codec) and QoPo. We also discussed the role of the application on QoE by
presenting the results of video quality for different codecs as well as for the main
profile and baseline profile of H.264.
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Abstract

Traffic shapers are used by researchers to emulate the behavior of networks and
applications in test environments, typically with user-defined traffic shaping pa-
rameters such as throughput and loss. Also, traffic shapers are used for the en-
forcement of SLA, so they are of interest for Internet Service Providers. However,
output given by traffic shapers may not be as accurate as desired. Therefore, it
is important to assess the accuracy of the implementation of traffic shapers. In
this paper, we evaluate two traffic shapers with regard to the performance of their
throughput shaping. For this evaluation, traces were collected. The properties of
the resulting throughput at the outlet of the shaper are compared to the properties
of the throughput at the inlet in combination with the preset shaper parameters. In
this sense, we also compare shapers installed on Advance Micro Devices (AMD)
and Intel platforms, and we use different PDU sizes and load levels to test the
influence of those parameters on the shaping. We are furthermore able to deduct
internal shaper parameters such as packet rate and buffer size from our measure-
ments, and we analyse the statistical properties of the packet departure process.
The extensive measurement results in this paper allow for a detailed assessment of
the question whether the shaper performance is up to mark for a desired timescale.
In general, the performance of both shapers and hardware platforms can be con-
sidered satisfactory on the investigated time scales between 1 ms and 1 s, with a
slight advantage for NetEm on AMD.

1 Introduction

With the growth of the Internet usage in everyday life, the user expectations are
also growing, provoking the need for reliable internet services. For better user-
perceived Quality of Service (QoS), different applications demand the distinctive
optimization of parameters like jitter, delay, packet loss and throughput. Espe-
cially, the real-time applications are growing on the Internet and require better
performance from the network [1]. Unpredicted behavior of any network perfor-
mance parameter may degrade the quality of a real-time application. Amongst
other performance parameters, packet delay and throughput variations may have
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an unpleasant effect on real time applications. In [2], the authors have shown
relationship between packet delay and throughput variations by quantifying the
packet delay variation using the coefficient of throughput variation. Therefore, it
is vital to test and quantify the network performance in relation to real-time appli-
cations beneath various circumstances under the controlled environment. For this
purpose, traffic shapers are used in both operational and test environments. In the
former, traffic shapers are used to provision the services according to the Service
Level Agreements (SLAs), where Internet Service Providers (ISPs) may use them
to control and manage the user traffic in their domains.

For performance evaluation of a candidate system, typically either simula-
tion or emulation is used. Both come with advantages and disadvantages, but the
emulation offers control, reproducibility and real-time environment [3]. For this
purpose traffic shapers are used by research community to emulate the network
behavior, especially to study the effect of the network performance parameters on
protocols and applications [4]. In general, traffic shapers are used to manage the
transmission of packets according to pre-determined shaping parameters in order
to optimize or guarantee performance. But in a controlled (test) environment, traf-
fic shapers are specifically used in the network emulations to vary the performance
parameters such as loss, delay, jitter, bandwidth etc. to realize different network
conditions [5]. Before testing any application in diversified circumstances of net-
work using a traffic shaper, it is essential to evaluate the accuracy of the traffic
shaper. For instance, in [6], the authors questioned the accuracy of shaping algo-
rithms using sleep functions. In fact, any inaccuracy of traffic shapers implies the
risk for misleading results and wasted efforts.

In this work, we evaluate the accuracy of throughput shaping of two popular
traffic shapers [7] Linux’s Network Emulator (NetEm) [8], which belongs to the
Traffic Control (TC) bandwidth provisioning package of Linux, and KauNet [3]
as an extension of Dummynet [9]. TC is used for classifying, prioritizing, sharing
and limiting both inbound and outbound traffic [10]. NetEm is an enhancement of
TC and used for adding delay, rate, packet loss and other scenarios [10]. KauNet
is a network emulator that provides not only control on bit errors, packet losses,
bandwidth, and delay changes but also to insert error /drop patterns into the kernel,
introducing a new facility of pattern generation and management [11]. Dummynet
is capable of controlling bandwidth, delays and packet losses in a probabilistic
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manner [9], whereas KauNet can provide exact control over bandwidth changes,
delays changes and importing packet losses; additionally, it introduces bit errors in
deterministic manner. Along with evaluating the throughput shaping, we studied
the effect of PDU sizes on throughput shaping and determined the values of key
shapers parameters such as buffer size and packet rate. Moreover, the assessment
of sharper’s performance is carried out with respect to the hardware platform by
installing them on Intel and AMD platforms.

The remainder of this paper is organised as follows. Section 2 describes the
experiment setup and the acquisition of measurement data, section 3 describes and
discussed results, and section 4 provides the conclusions.

2 Experiment Setup

Figure 1 shows the setup used in the experiments. The Distributed Passive Mea-
surement Infrastructure (DPMI) [12] is used for the measurements. It consists
of two distributed Measurement Points (MPs) with the names MP1 and MP2 in
this setup. The Sender (S) is responsible for sending the User Datagram Pro-
tocol (UDP) packets to the Destination (D). A Full Duplex link of bandwidth
100 Mbps is used from S to D. Wiretaps are used to tap the packet header infor-
mation of the UDP packets going from S to D. This information is further sent
to the MPs. These MPs are equipped with DAG3.5E cards [13]. Both shapers
KauNet and Netem act as bridges between S and D and are installed on Intel and
AMD hardware platforms, respectively. Both platforms have similar hardware ex-
cept the CPU speed i.e. AMD has 2.7 GHz and Intel has 2.66 GHz. Linux 2.6
(Crux 2.4) is used as the operating system for both shapers, with kernel config-
ured for high resolution timers. For throughput shaping, the shaper throughputs
Rs ∈ {512 kbps, 4000 kbps} are configured.

For each shaper setting, five different packet sizes between 64+ and 1470+ B
(+ indicates protocol headers), are used with constant inter-frame gap of 1 ms and
10 000 packets in one run. As each packet size is shaped for two throughputs and
five different packet sizes results in 10 experiments. For each run 10 000 PDUs
were sent from sender (S) to destination (D) via each shaper. The throughput was
calculated for four different sample intervals of ∆T ∈ {1 s, 0.1 s, 0.01 s, 0.001 s}
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Figure 1: Experiment Setup

at network layer. This gave us 40 experiments in total.
From the DPMI, we collected the network traces and use them to calculate the

throughput at inlet (Ri) and outlet (Ro) as shown in [2]. Besides of the configured
shaper throughput, the shapers’ default settings were used.

3 Results

This section discusses the results obtained from the tests performed with each
of the two shapers on AMD and Intel platforms with packet sizes L from 64 to
1470 B and for two shaper throughputs, respectively.

3.1 KauNet

The tables 1 and 2 show the throughput statistics of KauNet installed on Intel and
AMD platforms. In both tables, the fourth column R̄i is the inlet mean through-
put with 95% confidence interval, while the fifth column R̄o is the outlet mean
throughput also with 95% confidence interval. The last column Sr represents the
shaping ratio, which is defined by Sr = R̄o/Rs. Depending on Sr, we distin-
guish two cases: A value Sr ≈ 1 shows that the shaper is controlling the network
approximately as configured, while for Sr ≪ 1, there are two possibilities with
respect to the load of the shaper:

1. If Ri > Rs, the shaper is overloaded, and not capable to shape up to desired
level, as seen from R̄o < Rs.
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2. If Ri < Rs, the shaper is underloaded and leaves the stream basically un-
touched, i.e. Ro ≃ Ri.

In table 1, for the packet size of 64 B, Ri ≈ 730 kbps > Rs = 512 kbps, which
implies overload. Sr is 0.87 shows that the shaper is not capable to shape up to
Rs. However, for the same packet size, when Rs = 4000 kbps, Ri < Rs and
Sr ≈ 0.18, so there is nothing to shape in this underload situation. For a packet
size of 1470 B, Sr ≈ 0.99 reveals that the shaper almost reaches the advertised
throughput.

Both tables show that for Rs = 512 kbps, the shaper is overloaded for all
packet sizes, while in case of Rs = 4000 kbps, the shaper is overloaded only for
packet sizes above 512 B, whereas it is underloaded for the packet sizes below
256 B. We can see that in case of the overloaded shaper, R̄o converges better
towards Rs as the packet size grows. Moreover, the confidence intervals of R̄o

are very small for both platforms on all investigated time scales, which shows
consistency of the throughput shaping. The values in tables 1 and 2 are not exactly
alike, but indicate similar behavior of both platforms.

3.2 NetEm

Tables 3 and 4 show the throughput shaping results for NetEm installed on In-
tel and AMD, respectively. Both tables display similar structure and results as
discussed in the previous subsection 3.1. Again, the value of Sr is closer to one
for bigger packet sizes. Furthermore, the confidence intervals of Ro shown in
fifth column of tables are very small, which demonstrates the consistency of the
shaping on the investigated time scales.

3.3 Comparison of shapers

Figure 2 shows the relative deviation of R̄o as compared to Rs = 512 kbps es-
timated for ∆T = 0.1 s. Both shapers have in common that the configured
shaper throughput is better approached for big PDU sizes. Table 5 shows the
average input and output throughput, together with relative deviation given by
Ro/Rs − 1. Furthermore, the minimum and the maximum throughput during in-
tervals of ∆T = 0.1 s are shown. It can be seen that the absolute value of the
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∆T [s] Rs [kbps] L [B] ¯Ri [kbps] R̄o [kbps] Sr

64 730 ± 0.05 444 ± 0.01 0.87
256 2253 ± 0.14 488 ± 0.03 0.95

1 512 512 4283 ± 0.28 499 ± 0.05 0.97
1024 8344 ± 0.58 505 ± 0.15 0.99
1470 11880 ± 0.80 507 ± 0.13 0.99

64 730 ± 0.04 730 ± 0.04 0.18
256 2253 ± 0.13 2253 ± 0.13 0.56

1 4000 512 4284 ± 0.27 3899 ± 0.07 0.97
1024 8344 ± 0.77 3947 ± 0.12 0.99
1470 11881 ± 0.87 3963 ± 0.13 0.99

64 730 ± 0.05 444 ± 0.02 0.87
256 2253 ± 0.16 487 ± 2.10 0.95
512 4283 ± 0.30 499 ± 0.04 0.97

0.1 512 1024 8344 ± 0.65 505 ± 0.13 0.99
1470 11881 ± 0.73 507 ± 0.20 0.99

64 730 ± 0.05 730 ± 0.05 0.18
256 2253 ± 0.16 2253 ± 0.14 0.56

0.1 4000 512 4284 ± 0.26 3899 ± 0.08 0.97
1024 8344 ± 0.71 3947 ± 0.08 0.99
1470 11881 ± 1.20 3963 ± 0.08 0.99

64 730 ± 0.05 444 ± 0.01 0.87
256 2253 ± 0.18 488 ± 0.04 0.95

0.01 512 512 4283 ± 0.29 499 ± 0.05 0.97
1024 8344 ± 0.70 504 ± 0.06 0.98
1470 11881 ± 0.81 506 ± 0.05 0.99

64 730 ± 0.05 730 ± 0.05 0.18
256 2253 ± 0.15 2253 ± 0.15 0.56

0.01 4000 512 4284 ± 0.30 3899 ± 0.09 0.97
1024 8344 ± 0.70 3947 ± 0.11 0.99
1470 11881 ± 1.20 3963 ± 0.18 0.99

64 730 ± 0.05 444 ± 0.01 0.87
256 2253 ± 0.17 488 ± 0.02 0.95

0.001 512 512 4283 ± 0.29 498 ± 0.04 0.97
1024 8343 ± 0.72 504 ± 0.08 0.98
1470 11880 ± 0.82 506 ± 0.08 0.99

64 730 ± 0.05 730 ± 0.05 0.18
256 2253 ± 0.17 2253 ± 0.15 0.56

0.001 4000 512 4283 ± 0.34 3899 ± 0.07 0.97
1024 8344 ± 0.70 3947 ± 0.08 0.99
1470 11880 ± 1.20 3962 ± 0.07 0.99

Table 1: Evaluation of shaping throughput statistics, KauNet shaper on Intel plat-
form, with different sample intervals and configuration shaper throughputs.
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∆T [s] Rs [kbps] L [B] ¯Ri [kbps] R̄o [kbps] Sr

64 730 ± 0.05 444 ± 0.01 0.87
256 2253 ± 0.22 488 ± 0.01 0.95

1 512 512 4284 ± 0.37 499 ± 0.06 0.97
1024 8345 ± 0.61 505 ± 0.14 0.99
1470 11881 ± 1.00 507 ± 0.15 0.99

64 730 ± 0.05 730 ± 0.05 0.18
256 2253 ± 0.19 2253 ± 0.19 0.56

1 4000 512 4284 ± 0.22 3899 ± 0.09 0.97
1024 8345 ± 0.70 3948 ± 0.13 0.99
1470 11882 ± 0.83 3963 ± 0.15 0.99

64 730 ± 0.07 444 ± 0.01 0.87
256 2253 ± 0.20 488 ± 0.03 0.95

0.1 512 512 4284 ± 0.37 499 ± 0.08 0.97
1024 8345 ± 0.59 505 ± 0.13 0.99
1470 11882 ± 0.97 507 ± 0.16 0.99

64 730 ± 0.06 730 ± 0.07 0.18
256 2253 ± 0.17 2253 ± 0.18 0.56

0.1 4000 512 4284 ± 0.32 3899 ± 0.08 0.97
1024 8345 ± 0.76 3948 ± 0.12 0.99
1470 11882 ± 0.96 3963 ± 0.09 0.99

64 730 ± 0.07 444 ± 0.02 0.87
256 2253 ± 0.20 488 ± 0.04 0.95

0.01 512 512 4284 ± 0.38 499 ± 0.01 0.97
1024 8345 ± 0.62 504 ± 0.00 0.98
1470 11882 ± 0.98 506 ± 0.06 0.99

64 730 ± 0.06 730 ± 0.06 0.18
256 2253 ± 0.20 2253 ± 0.21 0.56

0.01 4000 512 4284 ± 0.32 3899 ± 0.10 0.97
1024 8345 ± 0.75 3948 ± 0.11 0.99
1470 11882 ± 0.98 3963 ± 0.21 0.99

64 730 ± 0.07 444 ± 0.01 0.87
256 2253 ± 0.20 488 ± 0.02 0.95

0.001 512 512 4284 ± 0.33 498 ± 0.04 0.97
1024 8344 ± 0.63 504 ± 0.08 0.98
1470 11881 ± 1.00 506 ± 0.08 0.99

64 730 ± 0.06 730 ± 0.06 0.18
256 2253 ± 0.20 2253 ± 0.20 0.56

0.001 4000 512 4284 ± 0.32 3899 ± 0.07 0.97
1024 8344 ± 0.80 3947 ± 0.09 0.99
1470 11881 ± 0.95 3962 ± 0.09 0.99

Table 2: Evaluation of shaping throughput statistics, KauNet shaper on AMD
platform, with different sample intervals and configuration shaper throughputs.
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∆T [s] Rs [kbps] L [B] ¯Ri [kbps] R̄o [kbps] Sr

64 730 ± 0.05 461 ± 0.02 0.90
256 2253 ± 0.25 499 ± 0.04 0.97

1 512 512 4283 ± 0.32 508 ± 0.08 0.99
1024 8344 ± 0.57 513 ± 0.15 1.00
1470 11879 ± 0.90 514 ± 0.17 1.00

64 730 ± 0.06 730 ± 0.06 0.18
256 2253 ± 0.13 2253 ± 0.14 0.56

1 4000 512 4283 ± 0.29 4122 ± 0.10 1.03
1024 8343 ± 0.60 4167 ± 0.15 1.04
1470 11879 ± 0.86 4172 ± 0.20 1.04

64 730 ± 0.05 461 ± 0.02 0.90
256 2253 ± 0.26 499 ± 0.03 0.97

0.1 512 512 4283 ± 0.36 508 ± 0.06 0.99
1024 8344 ± 0.60 513 ± 0.11 1.00
1470 11880 ± 0.93 513 ± 0.00 1.00

64 730 ± 0.07 730 ± 0.07 0.18
256 2253 ± 0.17 2253 ± 0.18 0.56

0.1 4000 512 4283 ± 0.33 4122 ± 0.12 1.03
1024 8343 ± 0.54 4167 ± 0.15 1.04
1470 11879 ± 1.10 4172 ± 0.15 1.04

64 730 ± 0.06 461 ± 0.01 0.90
256 2252 ± 0.27 499 ± 0.04 0.97

0.01 512 512 4283 ± 0.35 508 ± 0.06 0.99
1024 8344 ± 0.61 512 ± 0.06 1.00
1470 11879 ± 1.00 513 ± 0.07 1.00

64 730 ± 0.07 730 ± 0.07 0.18
256 2253 ± 0.19 2253 ± 0.19 0.56

0.01 4000 512 4283 ± 0.34 4122 ± 0.11 1.03
1024 8343 ± 0.54 4167 ± 0.09 1.04
1470 11879 ± 1.10 4172 ± 0.16 1.04

64 730 ± 0.06 461 ± 0.02 0.90
256 2252 ± 0.27 498 ± 0.04 0.97

0.001 512 512 4283 ± 0.33 507 ± 0.03 0.99
1024 8343 ± 0.61 512 ± 0.08 1.00
1470 11879 ± 1.00 513 ± 0.08 1.00

64 730 ± 0.07 730 ± 0.07 0.18
256 2253 ± 0.19 2253 ± 0.20 0.56

0.001 4000 512 4283 ± 0.31 4121 ± 0.11 1.03
1024 8343 ± 0.57 4167 ± 0.11 1.04
1470 11879 ± 1.10 4171 ± 0.12 1.04

Table 3: Evaluation of shaping throughput statistics, NetEm shaper on Intel plat-
form, with different sample intervals and configuration shaper throughputs.
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∆T [s] Rs [kbps] L [B] ¯Ri [kbps] R̄o [kbps] Sr

64 731 ± 0.04 459 ± 0.02 0.90
256 2257 ± 0.23 498 ± 0.05 0.97

1 512 512 4291 ± 0.42 507 ± 0.08 0.99
1024 8358 ± 0.80 512 ± 0.13 1.00
1470 11902 ± 1.10 513 ± 0.12 1.00

64 731 ± 0.07 731 ± 0.07 0.18
256 2257 ± 0.18 2257 ± 0.18 0.56

1 4000 512 4291 ± 0.41 4107 ± 0.17 1.03
1024 8359 ± 0.83 4155 ± 0.23 1.04
1470 11901 ± 0.84 4161 ± 0.24 1.04

64 731 ± 0.04 459 ± 0.02 0.90
256 2257 ± 0.24 498 ± 0.03 0.97

0.1 512 512 4291 ± 0.46 507 ± 0.04 0.99
1024 8358 ± 0.85 512 ± 0.12 1.00
1470 11902 ± 1.20 512 ± 0.00 1.00

64 731 ± 0.07 731 ± 0.07 0.18
256 2257 ± 0.17 2257 ± 0.18 0.56

0.1 4000 512 4291 ± 0.46 4107 ± 0.18 1.03
1024 8359 ± 0.80 4155 ± 0.19 1.04
1470 11901 ± 0.89 4161 ± 0.18 1.04

64 731 ± 0.04 459 ± 0.02 0.90
256 2257 ± 0.25 498 ± 0.04 0.97

0.01 512 512 4291 ± 0.44 507 ± 0.05 0.99
1024 8358 ± 0.89 512 ± 0.01 1.00
1470 11902 ± 1.20 512 ± 0.00 1.00

64 731 ± 0.07 731 ± 0.07 0.18
256 2257 ± 0.20 2257 ± 0.21 0.56

0.01 4000 512 4291 ± 0.46 4107 ± 0.19 1.03
1024 8359 ± 0.83 4155 ± 0.17 1.04
1470 11901 ± 0.89 4160 ± 0.20 1.04

64 731 ± 0.05 459 ± 0.02 0.90
256 2257 ± 0.24 497 ± 0.02 0.97

0.001 512 512 4291 ± 0.45 507 ± 0.04 0.99
1024 8358 ± 0.86 512 ± 0.10 1.00
1470 11901 ± 1.20 512 ± 0.07 1.00

64 731 ± 0.07 731 ± 0.08 0.18
256 2257 ± 0.20 2257 ± 0.18 0.56

0.001 4000 512 4291 ± 0.47 4106 ± 0.17 1.03
1024 8358 ± 0.86 4154 ± 0.16 1.04
1470 11901 ± 0.88 4160 ± 0.17 1.04

Table 4: Evaluation of shaping throughput statistics, NetEm shaper on AMD plat-
form, with different sample intervals and configuration shaper throughputs.
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KauNet on Intel Platform.
L R̄i R̄o Relative Min Max
[B] [kbps] [kbps] Deviation [kbps] [kbps]
64 730 ±0.05 444 ±0.01 -13.28% 444 444

256 2253 ±0.16 487 ±2.10 -4.88% 454 488
512 4283 ±0.30 499 ±0.04 -2.54% 498 499

1024 8344 ±0.65 505 ±0.13 -1.37% 505 506
1470 11881 ±0.73 507 ±0.20 -1.17% 506 507

KauNet on AMD Platform.
L R̄i R̄o Relative Min Max
[B] [kbps] [kbps] Deviation [kbps] [kbps]
64 730 ±0.07 444 ±0.01 -13.28% 444 444

256 2253 ±0.20 488 ±0.03 -4.69% 488 488
512 4284 ±0.37 499 ±0.08 -2.54% 498 499

1024 8345 ±0.59 505 ±0.13 -1.37% 505 506
1470 11882 ±0.97 507 ±0.16 -1.17% 506 507

TC /NetEm on Intel Platform.
L R̄i R̄o Relative Min Max
[B] [kbps] [kbps] Deviation [kbps] [kbps]
64 730 ±0.05 461 ±0.02 -9.96% 461 461

256 2253 ±0.26 499 ±0.03 -2.54% 499 499
512 4283 ±0.36 508 ±0.06 -0.78% 508 508

1024 8344 ±0.60 513 ±0.11 0.19% 512 513
1470 11880 ±0.93 513 ±0.00 0.19% 513 513

TC /NetEm on AMD Platform.
L R̄i R̄o Relative Min Max
[B] [kbps] [kbps] Deviation [kbps] [kbps]
64 731 ±0.04 459 ±0.02 -10.35% 459 459

256 2257 ±0.24 498 ±0.03 -2.73% 497 498
512 4291 ±0.46 507 ±0.04 -0.98% 507 507

1024 8358 ±0.85 512 ±0.12 0.0% 511 512
1470 11902 ±1.20 512 ±0.00 0.0% 512 512

Table 5: Shaper Comparison for bit rate shaping on Intel and AMD platform for
Rs= 512 kbps and ∆T=0.1 s.
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Figure 2: Comparison of Shapers for Rs = 512 kbps and PDU sizesL=(64 B,
256 B, 512 B, 1024 B, 1470 B).

deviation grows as the packet size decreases. This effect is more pronounced for
KauNet than for NetEm. Obviously, the shaper is forcing some kind of limitation
for small packet sizes, which is seen from the comparison of the average packet
rate P̄o with its theoretical counterpart Ps

P̄o =
R̄o

L+ 28B
; P̄s =

R̄s

L+ 28B
(1)

as shown in Table 6. We observe the significant limitations of the packet rate for
rather small sizes 256 B and in particular for 64 B. In the latter case, KauNet
appears to have the packet outflow limited to approximately 600 pps and NetEm
to approximately 625 pps.

Furthermore, table 7 reveals the buffer size of the shapers as estimated from
delay measurements in overload cases. From the mean delay during overload D̄,
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L KauNet NetEm
[B] P̄o Ps P̄o Ps

64 603.79 695.65 625.85 695.65
256 214.76 225.35 219.48 225.35
512 115.53 118.52 117.56 118.52

1024 60.05 60.84 60.92 60.84
1470 42.33 42.72 42.85 42.72

Table 6: Theoratical and Average Packet Rate of KauNet and NetEm for Rs =
512 kbps.

NetEm Buffer Content
L D̄ R̄o X̄c

[B] [ms] [bps]

64 0.159399 460626.83 99.76
256 0.455264 498652.08 99.92
512 0.850198 507867.98 99.95
1024 1.640903 512703.12 99.96
1470 2.332866 513574.20 99.97

KauNet Buffer Content
L D̄ R̄o X̄c

[B] [ms] [bps]

64 0.082380 444392.58 49.74
256 0.232422 487944.95 49.92
512 0.432429 499080.74 49.96
1024 0.832483 505397.98 49.99
1470 1.180966 507253.14 49.99

Table 7: Buffer Contents of NetEm and KauNet determined at Rs=512 kbps.

we obtain the mean buffer content in packets

X̄C =
D̄R̄o

L+ 28B
(2)

Obviously, the available buffer size is 100 packets for NetEm and 50 packets for
KauNet. Let us finally take a look at the statistics of the packet departure process
from the shaper. Table 8 compares the mean inter-packet gaps (IPG) with their
standard deviation, the ratio of which is the coefficient of variation cV . The latter
is always greater than one, which indicates high variation of the IPGs of both
shapers, although a bit less on average for NetEm.
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NetEm inter packet gap for Rs = 512 Kbps NetEm inter packet gap for Rs = 4000 Kbps
L Mean IPG Std. Dev Cv Mean IPG Std. Dev Cv

[B] [s] [s]
64 0.0015980 0.0016141 1.0100751 0.0010087 0.0010111 1.0023793
256 0.0045575 0.0045865 1.0063631 0.0010086 0.0010108 1.0021812
512 0.0085090 0.0085521 1.0050652 0.0010506 0.0012653 1.2043594
1024 0.0164167 0.0164852 1.0041726 0.0020198 0.0020366 1.0083177
1470 0.0233445 0.0234320 1.0037482 0.0028778 0.0031244 1.0856905
KauNet inter packet gap for Rs = 512 Kbps KauNet inter packet gap for Rs = 4000 Kbps
L Mean IPG Std. Dev Cv Mean IPG Std. Dev Cv

[B] [s] [s]
64 0.0016565 0.0017396 1.0501660 0.0010111 0.0012618 1.2479478
256 0.0046669 0.0050049 1.0724250 0.0010265 0.0027773 2.7056016
512 0.0086632 0.0086919 1.0033129 0.0011081 0.0011665 1.0527028
1024 0.0166812 0.0167080 1.0016066 0.0021323 0.0021756 1.0203067
1470 0.0236753 0.0237087 1.0014108 0.0030248 0.0030451 1.0067112

Table 8: Inter packet gap at outlet for NetEm and KauNet calculated for
Rs=512 kbps,4000 kbps.

4 Conclusion

In this paper, we investigated the accuracy of NetEm and KauNet shapers for their
respective throughput shaping. We discussed the behavior of each shaper with
respect to different shaping values and PDU sizes. Moreover, we also studied the
effect of hardware platform by evaluating the shapers, installed on Intel and AMD
platforms. By comparing the shapers’ experimental results, we found that in case
of KauNet hardware has no effect, while NetEm revealed a nominal difference of
shaped throughput on basis of the hardware platform. NetEm shaped throughput
accurately for big PDUs especially on the AMD platform. Moreover, we discov-
ered some unexpected limitation of the packet rate for both shapers in case of
small packets in combination with overload, which implies the need for further
studies. In this context, we also calculated the buffer content of both shapers and
shows that NetEm’s buffer is twice as large as that of KauNet. In both cases, the
outgoing packet streams display significant variations in their inter-frame gaps.
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Nevertheless, in most cases, both shapers allowed for consistent throughput shap-
ing on the investigated time scales between 1 ms and 1 s, with a slight advantage
for NetEm.
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Abstract

In network emulation, traffic shapers are used to shape the performance of the
network. They are provided with certain inputs in a test environment to vary the
network performance accordingly in order to investigate the effects of different
network conditions on applications in real yet emulated scenarios. However, it is
very important for the shapers to work as supposed in order to successfully realize
the desired network conditions. They may make the results of network emula-
tions unrealistic and unreliable if their functioning is not according to the desired
specification. In this work, we evaluate the delay shaping of three traffic shapers,
NIST Net, Netem and KauNet through the results obtained from a number of ex-
periments.

A comparison of the output of their delay shaping is presented. This compari-
son can enable us to select the most suitable shaper based on the required shaping.
Effects of hardware platforms on the shaping are also filtered out by performing
the experiments with shapers installed on Advance Micro Devices (AMD) and In-
tel platforms separately. Different Protocol Data Unit (PDU) sizes are used in the
experiments to test the influence of packet sizes on the shaping. These delay eval-
uation results are then complemented by the Coefficient of Throughput Variation
(CoTV) results.

1 Introduction

Growth in the real-time applications on the Internet requires better performance
from networks [10]. A slight drop in network performance may have a high impact
on the tasks being performed due to high sensitivity of the application. Therefore,
it is of great importance to test and quantify the network performance and its ef-
fects on the respective applications under different conditions. This helps network
service providers to avoid situations that may leave undesirable effects on appli-
cations and make users abandon networked tasks.

Network emulation is one way to evaluate the network performance in a con-
trolled and repeatable environment [4]. Traffic shapers are usually used in the
network emulations to vary the performance parameters such as loss, delay, jitter,
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bandwidth etc. to realize different network conditions [2]. It helps in testing the
behavior of different applications under different network conditions. It is there-
fore very crucial for traffic shapers to behave according to the given specifications
in order to realize the desired network conditions accurately. Inaccuracy in the
application of input parameters by the traffic shapers may lead to inefficient and
unreliable network emulations. This implies the need for a comprehensive testing
for the evaluation of traffic shapers. Traffic shaper evaluations carry an important
role in setting a baseline for the reliability of future network emulations that may
involve traffic shapers. On this background, we evaluate the delay implementa-
tion of three popular traffic shapers i.e. NIST Net [5], Linux’s Network Emulator
(Netem) [6] and Dummynet [8] based KauNet traffic shaper [4] in this work [1].
We tested these traffic shapers for different delay values to test if there is any
change in their implementation due to the intensity of their input. We also filtered
out the effect of different PDU sizes and hardware platforms by using different
packet sizes and performing the same tests with shapers installed on Intel and
Advance Micro Devices (AMD) platforms.

The remainder of this paper is organized as follows. Section II describes the
experiment setup on which the tests were performed for the evaluation of traffic
shapers. In Section III, we explain how the analysis was performed on the col-
lected traffic traces. In Section IV, we present and discuss the results related to
fixed delay experiments and complement them with the discussion about Coeffi-
cient of Throughput Variation (CoTV). In Section IV, we also present a compari-
son between all three shapers. Finally, Section V concludes the paper.

2 Experiment Setup

Figure 1 shows the setup used in the experiments. The Distributed Passive Mea-
surement Infrastructure (DPMI) [7] is used for the measurements. It consists of
two distributed Measurement Points (MPs) with the names MP1 and MP2 in this
setup. The Sender (S) is responsible for sending the User Datagram Protocol
(UDP) packets to the Destination (D). A Full Duplex link of bandwidth 100 Mbps
is used from S to D. Wiretaps are used to tap the packet header information of
the UDP packets going from S to D. This information is further sent to the MPs.
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Figure 1: Experiment Setup.

These MPs are equipped with DAG3.5E cards [3]. The shaper here acts as a
bridge between S to D. This shaper is provided with one-way delay values as in-
put to shape the one-way delays of packets. NIST Net, Netem and KauNet are
used as traffic shapers in this case. These shapers are installed on Intel and then
AMD hardware platforms subsequently. There is special script used that controls
all the components of this setup including the synchronization of all the nodes. A
script also monitors all the tests and reports problems in case of any broken test.

3 Analysis

From the DPMI we collected network traces, and used these to analyze the per-
formance of the shapers. From the traces we extracted all packets, and applied a
SHA1 hash on the first 82 bytes of the packet; this covers the network, transport
and application layer header. Together with the hash we also logged the capture
location (physical and logical) and the timestamp. This then allowed us to indi-
vidually identify where and when the packets passed the wiretaps, hence we could
calculate the one-way delay or if that packet was lost. We have used the default
settings in terms of the distributions of delays on the packets applied by the shaper.
The one-way delay is computed for all the packets successfully transmitted from
sender to receiver. Let Di denote the ith one-way delay value for packet i. From
this we then calculate the average delay D̄k for run k. For each experiment we
then calculate the average delay:
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D̄ =
1

N

N∑
k=1

D̄k (1)

where N is the number of successful runs in this experiment. Standard deviation
and Coefficient of Variation (cV) of one-way delays for whole experiment is then
calculated based on the average delays of the runs (D̄k) of an experiment.

σ =

√∑N
k=1 D̄

2
k −

1
N (

∑N
k=1 D̄k)

2

N − 1
(2)

cV =
σ

D̄
(3)

Similarly, the minimum and maximum delays are also calculated for all the
packets transferred in an experiment. Note that each run consists of 10000 suc-
cessfully transferred packets between sender and receiver and each experiment
consists of 32 runs. Experiments are differentiated from each other based on ei-
ther the different delay settings or different PDU sizes. The PDU size and the
delay setting remains the same throughout the whole experiment.

Now we describe shortly how the CoTV is calculated. CoTV is expressed as:

cPV,j =
sPR,j

mP
R,j

. (4)

Where mP
R,j is the average bit rate defined as

mP
R,j =

1

n

j∑
i=j−n+1

RP
i , j ≥ n , (5)

where n defines the window size. The standard deviation sPR,j is calculated as:

sPR,j =

√√√√ 1

n− 1

j∑
i=j−n+1

(
RP

i −mP
R,j

)2
, j ≥ n . (6)
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RP
i defines the bit rate in interval i at specific location, it can be inlet or outlet

of network and also involve the layers (Link, network and application), specified
by P . The duration of interval i is ∆T = 1/FS where FS is sampling frequency.

For steady state analysis, we let n span the whole session, i.e. cPV = cPV,n.
Furthermore, we will also investigate two different ways of relating the input

and output coefficient of variation to each other. The first is the CoTV difference:

∆cV,j = coutV,j − cinV,j , (7)

the second is the CoTV ratio:

γV,j =
coutV,j

cinV,j

, cinV,j > 0 . (8)

4 Results

This section discusses the results obtained from the tests performed with each of
the three traffic shapers. These results are related to the evaluation of fixed delay.
Fixed delay experiments here refer to those experiments in which one-way delays
of all the packets are supposed to be static without any variation which means
shapers are not supposed to vary the packet delays. Fixed delay experiments use
the delay settings of 100 ms, 200 ms, 300 ms and 400 ms, respectively. The fol-
lowing subsections discuss the results of fixed delays performed with each of the
shapers on AMD and Intel platforms. We are only showing the results with one
delay setting, i.e. 100 ms. The reason for not discussing all the four settings is that
the trends of the plots are quite similar and not vary with the change of settings.
We then present the curves of CoTV obtained from the same experiments at inlet
and outlet of the shapers. Such results are discussed in the paper [9]. The idea
is to see if there are any indications about the one-way delay accuracy obtained
from CoTV results. Finally, we also compare these shapers in terms of their ap-
plications of fixed delays by presenting some of their one-way delay and CoTV
statistics.
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4.1 NIST Net

Figure 2 shows the distribution of delay (supposed to be fixed to 100 ms) on a
logarithmic y-axis. The delay was set to 100 ms, and the AMD platform was used.
Different plots in the figure identify different PDU sizes i.e. 64, 256, 512, 1024
and 1470 B. Results show that the one-way delays of around 98 % of the packets
are found between 100.0 ms and 100.3 ms. Furthermore, we also observe 99.9 ms
of one-way delay with PDU size of 64 B. However we do not see any packets with
one-way delay less than the nominal delays in any of the other experiments (other
PDU sizes) with NIST Net. On the other hand, there is a small but not negligible
share of the total number of packets with one-way delays above 100.3 ms. This
tail comprises around 2% of the total number of packets and their one-way delays
lie between 100.3 to 108 ms. The one-way delays of packets with size 1470 B are
more dispersed as compared to those belonging to other PDU sizes. The trend
of distribution plots above 100.3 ms can be described by oscillations. Hence the
tail doesn’t really show a pronounced decreasing trend with an increasing value
of one-way delay.

In figure 3, we show results of the same experiments performed with shapers
on Intel platform. In these plots, we do not observe the tail that we see in case
of the AMD platform. The one-way delays are distributed only between 100 ms
to around 100.5 ms. As it became evident from these plots, we may say that the
longer tail observed in the plots of previous figure are not due to the NIST Net
shaping application itself but due to the AMD hardware.

Figures 4 and 5 show the Coefficient of Throughput Variation (CoTV) of inlet
and outlet of NIST Net shaper on AMD platform with PDU size 64 B and 1470 B,
respectively. The CoTV is shown along y-axis, while the underlying sample in-
tervals ∆T are shown along the x-axis. Delay was set to 100 ms but we see
that inlet and outlet CoTVs are not identical for all the time scales especially for
∆T ≥ 0.1 s. The difference between the outlet and inlet CoTV is more visible as
∆T decreases. Similarly the Figures 6 and 7 have the same setting as discussed
above, the only difference is that the Intel platform was used instead of AMD.

By comparing the figures {4, 6} and {5, 7} with each other, we can see that the
difference between outlet and inlet CoTVs for a given sample time is increasing
with decrease in ∆T . Moreover the difference between inlet and outlet of CoTV is
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Figure 2: One-way delay for the NIST Net Shaper on the AMD platform, nominal
delay 100 ms.

bigger in case of AMD as compare to Intel platform. According to [9], CoTV can
be used to quantify the packet delay variation. This explains the bigger difference
on inlet and outlet CoTV in case of AMD as there is delay variation from 100 ms
to 108 ms, see Figure 2. Hence it is obvious from these results that difference
between CoTV’s inlet and outlet values can be a good reflection of the one-way
delay distributions of packets. We can say that both results are complementing
each other.

4.2 Netem

In this subsection, we present Netem’s one-way delay shaping analysis. In figure
8, we observe that less than 1 % of the packets are delayed more than 100.3 ms
for the experiments performed with Netem on AMD platform. The rest of them
consists of one-way delays between between 100 ms and 100.2 ms. We observe a
decreasing trend in the plots above 100.2 ms. Although this part holds only 1 %
of total packets, it still forms a tail that stretches to around 106 ms. In the Netem
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Figure 3: One-way delay for the NIST Net Shaper on the Intel platform, nominal
delay 100 ms.
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Figure 4: Fixed Delay CoTV for 64 Byte PDU NIST Shaper AMD Platform
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Figure 5: Fixed Delay CoTV for 1470 Byte PDU NIST Shaper AMD Platform
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Figure 6: Fixed Delay CoTV for 64 Byte PDU NIST Shaper Intel Platform
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Figure 7: Fixed Delay CoTV for 1470 Byte PDU NIST Shaper Intel Platform

case, we do not observe any one-way delays less than the nominal delay.

Figure 9 illustrates the shaping of one-way delays done by Netem on Intel
platform. In this case, once again the one-way delays are not spread on a larger
scale. They are rather more accurate and do not extend 100.5 ms. This further
strengthens the idea that difference in the resulting one-way delay above the nom-
inal delay is mainly due to the platform used but not due to the shaper itself.

The CoTV was also calculated in case of the Netem Shaper on Intel and AMD
platform, respectively. Figures 10 and 11 show CoTV versus sample interval ∆T
for AMD platform, while Figures 12 and 13 show the corresponding results for
the Intel platform. In case of the AMD platform, the inlet CoTV is slightly smaller
as compared to inlet CoTV observed in case of Intel than Intel for ∆T ≥ 0.1 s.
For all sample intervals, the outlet CoTV of AMD platform is bigger as compared
to the outlet CoTV of Intel, except for 64 B and ∆T = 0.001 s. The greater values
of the outlet CoTV of the AMD-based experiment are due to delay variation from
100 ms to 105.5 ms shown in Figure 8
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Figure 8: One-way delay for the Netem Shaper on the AMD platform, nominal
delay 100 ms.

4.3 KauNet

Plots in figure 14 show distribution of one-way delays as shaped by KauNet with
set delay of 100 ms and different PDU sizes with AMD platform. One-way delays
are spread from 93 ms to around 108 ms. This result illustrates that KauNet shapes
one-way delays of packets both above and below the set delay. Trends of distribu-
tions above and below the set delay are quite similar. However, 99 % of the packet
delays are still uniformly distributed between 99.1 ms and 100.1 ms despite of the
tails on both sides of set delay.

Figure 15 shows the results obtained by KauNet’s shaping on Intel platform.
In these results, we notice that one-way delays as applied by KauNet are dis-
tributed between 97 ms to around 101.5 ms. It confirms that one-way delays lie
both above and below the set delay with KauNet’s shaping. Once again, we do not
see any tails on both sides. However, we observe two regions of one-way delays;
one ranging from 98.2 ms to 99.2 ms while other from 99.3 ms to 100.2 ms with
considerably high PDFs of around 0.03 and 0.07 respectively. We don’t observe
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Figure 9: One-way fixed delay for the Netem Shaper on the Intel Platform, nomi-
nal delay 100 ms.

such two regions in case of AMD platform and we see only one region (99.1-
100.1 ms) with high PDF of around 0.1. Hence, it becomes quite evident that
hardware plays an important role in accuracy of shaping. Shaping software alone
can not gaurantee the accuracy of desired output.

In case of KauNet Shaper, the CoTV results for AMD and Intel platform are
quite interesting. Figures 16 and 17 are illustrating the CoTV for AMD platform
while Figures 18 and 19 show the CoTV versus sample Interval ∆T for Intel
platform. On Intel platform, the inlet CoTV is slightly smaller as compared to the
Inlet CoTV we get on AMD. Outlet CoTV on Intel comes out to be much higher
as compared to AMD platform. For example in case of ∆T = 0.001 s the outlet
CoTV on Intel platform is 0.35 while on AMD platform, the CoTV is 0.14, see
Figures 16 and 18. It is an interesting behavior apparently looks different from
NIST Net and Netem shapers. If we turn our attention towards the distribution of
Delay in case of KauNet, see Figures 14 and 15. We will find the answer of this
behavior. In case of AMD platform delay distribution is [93 ms 108 ms] while in
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Figure 10: CoTV for 64 Byte PDUs via the Netem Shaper on the AMD Platform,
nominal delay 100 ms.

10−3 10−2 10−1 100
0

0.05

0.1

0.15

0.2

0.25

0.3

∆ T [s]

C
oe

ffi
ci

en
t o

f T
hr

ou
gh

pu
t V

ar
ia

tio
n

 

 
Inlet
Outlet

Figure 11: CoTV for 1470 Byte PDUs via the Netem Shaper on the AMD Plat-
form, nominal delay 100 ms.
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Figure 12: CoTV for 64 Byte PDUs via the Netem Shaper on the Intel Platform,
nominal delay 100 ms.
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Figure 13: CoTV for 1470 Byte PDUs via the Netem Shaper on the Intel Platform,
nominal delay 100 ms.
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Figure 14: Fixed Delay KauNet Shaper AMD Platform
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Figure 15: Fixed Delay KauNet Shaper Intel Platform
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Figure 16: CoTV for 64 Byte PDUs via the KauNet Shaper on the AMD Platform,
nominal delay 100 ms.

case of Intel platform the distribution is [97 ms 101 ms]. As we discussed earlier,
in case of Intel, major portion of delay is varying in two intervals [98 ms 99 ms]
and [99 ms 100 ms] which is the cause of higher outlet CoTV that we get on Intel
platform.

4.4 Comparison of shapers

In previous sections, we discussed about delay shaping performance of each of
the shapers individually with both AMD and Intel platforms. In this section, we
compare these shapers through some of the statistics of their one-way delays and
CoTVs. Table 1 shows the inlet CoTV (ĉinV ) and outlet CoTV (ĉoutV ) with the cor-
responding confidence intervals in the third and fourth column for both shapers.
The fifth column ∆cV shows the difference of outlet and inlet CoTV calculated
by using Equation 7, and the last column γV represents the ratio of outlet and inlet
CoTV, calculated by using Equation 8. By comparing the results of both shapers
Netem and NIST Net, we can see that the Netem is more accurate as compared
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Figure 17: CoTV for 1470 Byte PDUs via the KauNet Shaper on the AMD Plat-
form, nominal delay 100 ms.
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Figure 18: CoTV for 64 Byte PDUs via the KauNet Shaper on the Intel Platform,
nominal delay 100 ms.
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Figure 19: CoTV for 1470 Byte PDUs via the KauNet Shaper on the Intel Plat-
form, nominal delay 100 ms.

to NIST Net. For example, ∆cV is 0.0049 for PDU size of 1470 B for Netem
with sample interval 10 ms at Intel platform and ∆cV is 0.0065 for NIST Net with
same condition. Moreover, if we cross-compare the platforms with each other
for the same shaper, we can see that ∆cV is always greater for AMD except for
the 64 B-PDU with ∆T = 1 s in the Netem-AMD case. As discussed above,
AMD has more packet delay variation as compared to the Intel platform. Obvi-
ously, this delay variation can nicely be discovered from CoTV measurements,
see also [9]. Furthermore KauNet is showing the normal behavior like Netem and
NIST net in case of AMD platform while for Intel platform values of outlet CoTV
are much higher as compare to other two cases, details are discussed in Section
4.3. Tables 2 and 3 list mean, minimum, maximum, standard deviation and Co-
efficient of Variation (CoV) of one-way delays in the fourth to the eighth column.
These statistics are based on all the 32 runs of each experiment. Tables 2 and
3 correspond to the statistics of the experiments with PDU sizes 64 and 1470 B,
respectively. We choose 64 and 1470 B as they represent the smallest and biggest
possible PDU sizes used in our experiments. We observe some difference in the
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maximum one-way delays of all the shapers due to the difference in platform. On
Intel, the maximum one-way delay is closer to the mean; the deviation is less than
2 ms. On AMD, the maximum value exceeds the mean by around 4 to 8 ms, a
reason for the tail that we observed in plots in previous sections. Mean and mini-
mum delays are almost the same and we do not observe much difference in case
of NIST Net and Netem. However, the minimum delay values with KauNet on
AMD platform are less than the values we get on Intel platform. KauNet also
applies delays less than the set delays that we do not observe in case of Netem and
NIST Net. We do not observe much difference in statistics among the shapers on
Intel platform. However, we observe relatively higher maximum delays in case
of NIST Net and KauNet as compared to Netem. In general, the variation in the
one-way delays of Netem is smaller than that of NIST Net. Hence the one-way
delay shaping with Netem is more accurate as the applied delays are closer to set
delay.

5 Conclusion

In this paper, we presented the fixed one-way delay evaluation results of three
traffic shapers, NIST Net, Netem and KauNet. We discussed how each of these
shapers implement one-way delays on the packets when instructed with certain
nominal values of one-way delays. We also filtered out the effects of hardware
platforms by doing experiments with shapers installed on Intel and AMD plat-
forms. According to the distributions of one-way delays extracted from these
tests, we conclude that the major effect of variation from the applied delays was
due to the hardware platform, while the shaper software was playing a minor role.
In the Intel case, we observed that the applied one-way delays are much closer to
the desired delays. One-way delays of the packets are more dispersed above the
desired delays in case of AMD, which becomes evident through a pronounced tail.
We observed that Netem applies delays more accurately as compared to other two
shapers. However the difference between Netem and NIST Net is not too high.
KauNet applies delays both below and above the set delay values therefore choice
of nominal delay values must be made keeping this in mind.

We also complemented the one-way delay measurements with measurements
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of the Coefficient of Throughput Variation (CoTV), where the deviation between
inlet and outlet CoTV illustrates the inaccuracy of one-way delays applied by
the shapers. We observed that this difference between inlet and outlet of CoTV
gets bigger in case of AMD as compared to Intel with NIST Net and Netem.
With KauNet, the outlet CoTV on Intel is much higher as compared to the outlet
CoTV on AMD platform due to the two major regions of delay values. This
again underlines that the hardware platform has the major role in the inaccuracy
of shaper implementation and also the feasibility of the alternative indicator CoTV.

Therefore, we conclude that hardware for the traffic shaper should be cho-
sen carefully for better network emulations with less artifacts introduced by the
systems.
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NetEm, PDU size 64 Bytes
Platform ∆T [ms] ĉinV ĉoutV ∆cV γV
Intel 10 0.026±0.0001 0.030±0.0008 0.0041 1.15
AMD 10 0.024±0.0011 0.029±0.0010 0.0054 1.23
Intel 2 0.035±0.0011 0.070±0.0008 0.0341 1.96
AMD 2 0.031±0.0013 0.066±0.0017 0.0348 2.11
Intel 1 0.037±0.0010 0.109±0.0012 0.0714 2.91
AMD 1 0.033±0.0013 0.094±0.0028 0.0607 2.83

NetEm, PDU size 1470 Bytes
Platform ∆T [ms] ĉinV ĉoutV ∆cV γV
Intel 10 0.015±0.0016 0.019±0.0012 0.0049 1.34
AMD 10 0.011±0.0013 0.017±0.0011 0.0052 1.46
Intel 2 0.021±0.0018 0.039±0.0010 0.0175 1.82
AMD 2 0.020±0.0017 0.042±0.0027 0.0217 2.07
Intel 1 0.022±0.0017 0.050±0.0009 0.0280 2.27
AMD 1 0.021±0.0016 0.054±0.0026 0.0324 2.54

NIST net, PDU size 64 Bytes
Platform ∆T [ms] ĉinV ĉoutV ∆cV γV
Intel 10 0.025±0.0005 0.030 ±0.0005 0.0053 1.22
AMD 10 0.020±0.0005 0.031 ±0.0009 0.0107 1.53
Intel 2 0.033±0.0008 0.111 ±0.0005 0.0776 3.34
AMD 2 0.026±0.0009 0.111 ±0.0012 0.0850 4.28
Intel 1 0.036±0.0008 0.166 ±0.0005 0.1300 4.63
AMD 1 0.029±0.0008 0.165 ±0.0014 0.1360 5.75

NIST net, PDU size 1470 Bytes
Platform ∆T [ms] ĉinV ĉoutV ∆cV γV
Intel 10 0.009±0.0011 0.016±0.0007 0.0065 1.71
AMD 10 0.008±0.0010 0.021±0.0015 0.0127 2.59
Intel 2 0.016±0.0014 0.046±0.0006 0.0299 2.93
AMD 2 0.014±0.0015 0.050±0.0017 0.0357 3.58
Intel 1 0.016±0.0013 0.062±0.0005 0.0460 3.80
AMD 1 0.017±0.0014 0.067±0.0021 0.0502 4.01

KauNet, PDU size 64 Bytes
Platform ∆T [ms] ĉinV ĉoutV ∆cV γV
Intel 10 0.026±0.0009 0.097±0.0064 0.0715 3.76
AMD 10 0.027±0.0010 0.035±0.0013 0.0077 1.29
Intel 2 0.035±0.0011 0.247±0.0058 0.2120 7.09
AMD 2 0.036±0.0013 0.093±0.0029 0.0570 2.59
Intel 1 0.038±0.0011 0.348±0.0039 0.31000 9.27
AMD 1 0.039±0.0012 0.139±0.0038 0.1010 3.62

KauNet, PDU size 1470 Bytes
Platform ∆T [ms] ĉinV ĉoutV ∆cV γV
Intel 10 0.013±0.0014 0.085±0.0010 0.0729 6.85
AMD 10 0.014±0.0015 0.034±0.0017 0.0199 2.44
Intel 2 0.020±0.0016 0.203±0.0015 0.1830 10.4
AMD 2 0.021±0.0017 0.083±0.0033 0.0623 4.01
Intel 1 0.020±0.0014 0.254±0.0036 0.2340 12.9
AMD 1 0.022±0.0015 0.106±0.0031 0.0842 4.91

Table 1: Estimated CoTV at inlet and outlet of NIST Net, NetEm and KauNet.
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Shaper Platform Mean Min Max σ cV
[ms] [ms] [ms] [ms]

NIST Net Intel 100.2 100.0 100.6 5.3e-04 5.3e-06
AMD 100.2 99.9 106.7 2.0e-02 2.0e-04

Netem Intel 100.2 100.0 100.6 1.1e-03 1.1e-05
AMD 100.2 100.0 105.3 8.1e-04 8.1e-06

KauNet Intel 99.6 97.3 101.4 1.3e-06 1.3e-05
AMD 99.6 93.5 108.2 6.2e-06 6.2e-05

Table 2: One-way delay statistics for experiments with PDU size 64 B.

Shaper Platform Mean Min Max σ cV
[ms] [ms] [ms] [ms]

NIST Net Intel 100.3 100.1 100.5 1.17e-03 1.17e-05
AMD 100.4 100.1 108.0 1.92e-02 1.91e-04

Netem Intel 100.3 100.1 101.1 9.49e-04 9.47e-06
AMD 100.3 100.2 105.5 1.0e-03 1.0e-05
AMD 100.2 100.0 105.3 8.1e-04 8.1e-06

KauNet Intel 99.7 97.5 101.6 1.8e-06 1.8e-05
AMD 99.7 93.5 107.3 6.3e-06 6.3e-05

Table 3: One-way delay statistics for experiments with PDU size 1470 B.
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Abstract

Packet delay variation plays an important role in network performance degrada-
tion and affects the user-perceptual quality, especially in case of real-time services
such as video streaming, VoIP etc. Lightweight methods for detecting network
performance issues are desirable as compared to task-intensive measurement and
analysis. On this background, this paper discusses the applicability of the Coef-
ficient of Throughput Variation (CoTV) to quickly and reliably detect bottleneck
behavior between two arbitrary points in a network. The CoTV can be used as a
Reduced Reference Metric. It is relatively simple to calculate, compare and in-
terpret, yet powerful to provide control feedback when facing changes in network
performance. In this paper, we demonstrate above mentioned properties of the
CoTV through a formula relating it to the sample interval of the throughput and
the variability of the delay. The latter is shown to be detectable on time scales
that are significantly larger than that of the variability itself. This observation is
a key enabler for reducing the load on the device that performs the analysis due
to the possibility to use large sample intervals. We also describe how difference
and ratio of CoTV at outlet and inlet can be used to identify network performance
issues.

1 Introduction

We are moving into a period where more people will use mobile handsets, or small
handled devices, to access services via networks (this includes mobile, wireless
and wired networks). The performance of the services will be crucial to ensure
that the users remain loyal to the service, and that the user group grows. However,
it is a challenge to monitor the individual service perception for a particular user,
in a centralized way [1]. It becomes even more challenging if the user is located
on a mobile or handled device that is connected to a mobile or wireless network.
To this end we are investigating lightweight measurement techniques and analysis
methods to enable individual service monitoring.

From earlier work [2], we are aware of that the comparison of traffic charac-
teristics at inlet and outlet of a network provides information of the nature and
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wildness of a potential bottleneck in-between. In this paper we use the Coefficient
of Throughput Variation (CoTV) as indicator for performance problems. At this
point, we focus on packet delay variation instead of data loss as in [2]. Because
for certain applications packet delay variation has a severe impact on the user per-
ception as compared to occasionally lost packets. As we want to leave a minimal
footprint on the monitored system, we will focus on time scales that are relatively
high as compared to the disturbances inflicted by the network. However, the time
scale may not be so big that we miss important information. We will also describe
be benefit of using comparative analysis based on the CoTV at the inlet and outlet
of a network to highlight the bottleneck in between. The results are underlined by
experiments.

The Coefficient of Variation (CoV) is used in many areas, here we just men-
tion some papers that are related to our work. In some cases, the CoTV is used
explicitly. In [3] the authors simulate TCP behaviour over wireless wide area net-
works. Their results hint that a satisfactory TCP behaviour implies a CoTV of not
more than 10%. Similarly [4] use CoTV as the performance metric for measuring
stability of the long-term sending rate, when analysing the performance of two
different TCP congestion control mechanisms, MulTCP [5] and PA-MulTCP [4].
The CoV of the application level throughput is used in [6] to measure the relative
spread in per-user goodput, i.e the rate at which the destination application re-
ceives information. This work is done to evaluate the TCP rate control algorithm.
In [7] the CoV of the service time for a packet is used to explain the behaviour of
mean re-sequencing delay and the variability of the service time distribution. To
analyze application performance, [8] reports that for Skype via UMTS network,
a growth of the CoTV by 10% implies a decrease in the Perceptual Evaluation of
Speech Quality (PESQ) value from about 2.5 to 2.0, which shows an interesting
parallel to the above-cited result [3].

The outline of this paper is as follows: In Section 2 we discuss definitions
and method. This is followed by an analytical approach to derive the CoTV from
delay variations with known distribution in section 3. After this we provide a use
case; done in a lab (section 4) using a network emulator and artificial traffic, with
the goal to establish a relationship between CoTV and delay variation and to show
CoTV’s capability to detect and quantify changes in the delay. This is followed
by conclusions and future work in section 5.
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2 Definitions and Method

Let the bit rate Ri in interval i be calculated as the number of bits that have arrived
in sample interval i, divided by the sample interval duration ∆T .

Ri =
bi,− +

∑N
k=1 bk + bi,+
∆T

(1)

And let RP
i specify the bit rate a point of reference (location) specified by P .

Using this, the average bit rate is over a window of n intervals calculated as

mP
R,j =

1

n

j∑
i=j−n+1

RP
i , j ≥ n . (2)

where n defines the window size. The standard deviation is calculated as:

sPR,j =

√√√√ 1

n− 1

j∑
i=j−n+1

(
RP

i −mP
R,j

)2
, j ≥ n . (3)

Based on the average and standard deviation, we can now define the CoTV as

cPV,j =
sPR,j

mP
R,j

. (4)

As we are interested in steady state analysis, we let n span the whole session,
i.e. cPV = cPV,n.

Furthermore, we will also investigate two different ways of relating the input
and output coefficient of variation to each other. The first is the CoTV difference

∆cV,j = coutV,j − cinV,j , (5)

the second is the CoTV ratio

γV,j =
coutV,j

cinV,j

, cinV,j > 0 . (6)
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3 Theory

Given that we have a bit rate stream that is injected into the network. In the
network the stream is subjected to a uniform delay distribution D±∆D. Further-
more, we assume the following:

• ∆T ≥ ∆D, as we are particularly interested in the scaling behaviour of the
CoTV for large sample intervals ∆T ;

• n → ∞, i.e. steady state;

• Rin
i ≡ 0, i.e. a constant rate at the inlet of the shaper, which means that cinV

is undefined.

The latter implies that with a nominal inter-packet time of ∆Tp, we observe a
nominal number of

N =
∆T

∆Tp
(7)

packets per interval at the inlet. For the resulting coefficient of throughput varia-
tion, we obtain

čoutV =

√
∆D
∆T

(
1− ∆D

2∆T

)
N

,
∆D

∆T
≤ 1 . (8)

A sketch of the proof of Equation (8) is found in the appendix.
We now turn our attention to the scaling behaviour of (8) for large sample

intervals, i.e. ∆T ≫ ∆D. If the inter-packet time remained unchanged, a growth
of ∆T by a certain factor implies a growth of N by the same factor according to
(7). This observation leads to

čoutV ∼ 1

∆T
, ∆T ≫ ∆D > 0 . (9)

Interestingly enough, Equation (9) communicates that as soon there is a delay
variation on a constant-rate stream (∆D > 0), the consequences are seen in the
coefficient of throughput variation on any larger time scale, no matter how large
it is. However, the impact of the – uniformly distributed – ∆D onto the CoTV
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vanishes with O
(

1
∆T

)
so that, in practice, it might become unobservable at very

large time scales.
On the other hand, given the number of nominal packets to be observed in

an interval N and the actually measured coefficient of throughput variation at
the outlet of a potential bottleneck ĉoutV , we can actually estimate the variable
component of the delay as

∆D̂ =

(
1−

√
1− 2N(ĉoutV )2

)
∆T . (10)

In other words, throughput estimations on large time scales can help to get an idea
of (equivalent) delay variations that act on much smaller time scales.

In the following section we will use this analysis method for the use case of a
traffic shaper.

4 Traffic Shaper

Traffic shapers [9–11] can be used to emulate networks with regards to throughput,
delay and loss. Here we use the network emulator NetEm [10] to study the effect
of jitter on the CoTV. Into such an emulated network, we inject test traffic at
(approximately) constant rate 1/∆Tp. The shaper imposes varying delay for the
traffic flows on a similar path. By default NetEm uses the uniform distribution
for delay variation, hencefurther expressed as D ± ∆D [10]. We introduced a
constant delay D = 100 ms > ∆D in order to avoid that D − ∆D becomes
negative and that the uniform distribution becomes truncated.

4.1 Experiment

The experiment setup is shown in Figure 1. The sender (S) sends 10 000 UDP
datagrams with constant size at a rate of 1000 packets/s via the shaper to the des-
tination (D). Furthermore the network is a 100BaseT-FD network, and the shaper
acts as a bridge. The cables that connect the sender and destination to the shaper
are tapped using wiretaps. From these taps, we connect the cables in such a way
that all traffic going from sender to destination will be sent to one measurement
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Figure 1: Experiment Setup

point (MP), in this case MP1, while the traffic going in the other direction will
be sent to MP2. This allows us to get reliable time synchronization for the pack-
ets [12, 13]. The measurement setup uses the Distributed Passive Measurement
Infrastructure (DPMI) [14] to control and manage the measurements. In this case
the MPs were equipped with DAG3.5 cards [15]. The data collected by the MPs
are captured by a consumer and stored to file for off-line analysis.

For the evaluation we used four different network settings. We focused on em-
ulating, delay and varying delay, henceforth described by D ±∆D. The settings
used were (100 ± {0, 10, 20, 40}) ms. For each setting we obtained results from
32 runs, sufficient for calculating confidence intervals. To minimize uncertainties
in the bit rate values, we used a tool that can handle fractional bits [13].

4.2 Comparison between Inlet and Outlet

Figures 2 and 3 show the CoTV at the inlet and outlet of the shaper on the y-
axis versus the time interval ∆T on the x-axis. Table 1 shows the numerical
results of estimated and calculated CoTV for ∆T ≥ 10 ms, where the 3rd and
4th column, ĉinV and ĉoutV are the estimated CoTV at inlet and outlet of the shaper
with confidence intervals, and in 5th column γV is defined by (6). In the last
column,čoutV is the calculated outlet from (8).

In Figure 2 the delay was set to 100 ms. We see that the inlet and outlet CoTV
are not identical on all time scales. Apparently, system and shaper enqueuing
and dequeuing latency do affect the CoTV. But for ∆T ≥ 50 ms both CoTVs
are almost identical. As ∆T decreases, the outlet CoTV grows faster than the
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inlet CoTV. On the other hand, the absolute values of CoTV for ∆T = 1 ms are
still quite small. In Table 1, for ∆D = 0, the values in the last column γV are
approximately equal to one, which emphases that the values of inlet and outlet
CoTV are nearly equal for all ∆T .

We are turning our attention to Figure 3, where the shaper now applies a vary-
ing delay of (100± 10) ms. We notice that the CoTV for the outlet requires a dif-
ferent scale (ten time larger), as compared to the fixed delay in Figure 2, whereas
CoTV values at the inlet are similar to the ∆D = 0 case. The delay variation of
∆D = 10 ms has perceptible impact on the CoTV for outlet on almost all time
scales below 1 s. As ∆T is increasing, the gap between CoTV of outlet and inlet
is decreasing, but both remain distinct from each other. While looking at Table 1,
we also see that ĉoutV is increasing with a decrease in ∆T , and γV is greater than
one for ∆D = 10 ms for all time scales. Figure 4 exhibits a similar behavior to
that shown in Figure 3, except that the variable delay was (100± 40) ms and that
a significant difference between ĉinV and ĉoutV occurs for larger values of ∆T .

Figure 5 compares the outlet CoTVs for ∆D ∈ {0, 10, 20,
40} ms. All outlet CoTVs for ∆D > 0 demonstrate comparable behavior; they
follow a similar path (as if they were shifted versions of each other) and increase
as ∆T decreases. From ∆T = 3 ms to ∆T = 0.7 s, the curves are disjoint.
Considering for example ∆T = 100 ms and Table 1, the value of the outlet CoTV
0.027 grows from 0.027 via 0.037 to 0.053 for ∆D = {10, 20, 40} ms, respec-
tively. Not surprisingly more jitter implies a growth of the outlet CoTV.

4.3 Validation of the Theoretical Results

We now turn our attention on the validation of Equation 8. In Table 1, ĉinV is
almost constant for any timescale and naturally for all ∆D, while ĉoutV is vary-
ing. We observe some minor deviations between ĉoutV and čoutV that in many cases
make the estimated value lie just outside of the corresponding confidence inter-
vals. However, when performing this comparison, it has to be realised that the
theoretical value čoutV assumes that the inlet CoTV should be zero, which is not
the case in practice. Actually, the CoTV difference ∆cV in combination with the
corresponding confidence intervals capture čoutV in most cases.
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Figure 2: CoTV at inlet and outlet of the shaper for different ∆T , shaper delay
(100± 0) ms.

Given these circumstances, the degree of the matching between measured
value ĉoutV and predicted value čoutV might be regarded as satisfactory. We also
notice the scaling behaviour of both analytically and experimentally determined
CoTVs. The transition from ∆T = 100 ms to ∆T = 1 s implies factors of
roughly ten as predicted by Equation 9.

4.4 The Role of the CoTV Ratio

The CoTV ratio γV is approximately equal to one in case of ∆D = 0, as ex-
pected. In all other cases, γV is significantly greater than one and rising as ∆D
increases and ∆T decreases. In other words, the CoTV ratio reveals the existence
of significant jitter ∆D > 0 on a time scale ∆T independently of ∆D.

One more interesting finding from Table 1 is that if ∆D gets equal to ∆T ,
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Figure 3: CoTV at inlet and outlet of the shaper for different ∆T , shaper delay
(100± 10) ms.

we obtain typically a CoTV ratio γV ≥ 10. In order to investigate the latter ob-
servation in more detail, we consider different PDU sizes [256 B, 512 B, 1024 B,
and 1470 B]. The corresponding results are reported in Table 2. We can see that
the difference ∆cV for different PDU sizes at ∆D = ∆T is approximately equal
for the different packet sizes, and that the ratio γV ≥ 10 (except of one value of
9.521). However, the CoTV value ratio is increasing with the increase of the PDU
size, as for bigger PDUs, the bitrate at inlet become smoother, cf. also Table 2.

In practice, we can employ the most recent observations to detect performance
issues as follows: Consider a given value of ĉinV(∆T ). On the same time scale,
ĉoutV (∆T ) can be measured, and γV(∆T ) can be calculated. If γV(∆T ) > 10,
we can deduce the existence of uniformly distributed equivalent delay jitter of
∆D = ∆T . The real jitter distribution might look differently, but at least, an
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Figure 4: CoTV at inlet and outlet of the shaper for different ∆T , shaper delay
(100± 40) ms.

indication of the order of its magnitude is provided.

5 Conclusions and outlook

In this paper we investigated to which extent the Coefficient of Throughput Vari-
ation (CoTV) can be used for detecting and quantifying performance problems.
In particular, we are interested in practical methods that allow for estimating the
bottleneck parameters using lightweight techniques, involving both the measure-
ment and the analysis. Here, we particularly focused on variable delay as the
disturbance introduced by the network.

Based on a model involving uniformly distributed delays, we derived an ana-
lytical solution for the CoTV at the outlet of a network, given a non-varying traffic
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Figure 5: TV at inlet and outlet of the shaper for different ∆T , shaper delay
(100± {0, 10, 20, 40}) ms.

intensity at the inlet. Amongst others, this solution revealed the scaling behaviour
of the CoTV for large sample intervals, which is asymptotically governed by the
reciprocal value of the duration of the sample interval. This means not only that
delays are visible on time scales far beyond their own time scale, but that vice
versa the measurement of CoTV behind a bottleneck allows for estimating the un-
derlying delay according to the chosen model. From comparisons to experimental
results using a shaper that introduced uniformly distributed packet delay variation,
we found evidence that the analytic expression captures the impact of that delay
jitter onto the CoTV. Furthermore, the ratio of the CoTV at sender and receiver
gave us a clear indicator about network disturbance in terms of equivalent uni-
formly distributed jitter. It was found that a CoTV ratio of ten or more revealed
the existence of equivalent jitter in the same order of magnitude than that given by
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the observation interval. Thus the CoTV is a Reduced Reference Metric revealing
jitter problems.

Future work will address how to extend the method and develop an analytical
model that can work with any type of service and jitter. We will also investigate
CoTV thresholds for different services and networks and the practical use of the
method for discovering jitter issues under dynamic network conditions.
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Table 1: Estimated CoTV at inlet and outlet of the shaper with calculated CoTV
for outlet of shaper

∆D ∆T ĉinV ĉoutV γV čoutV

[ms] [ms]
0 1000 0.002±0.0002 0.002±0.0002 0.970 0.000
0 500 0.002±0.0002 0.002±0.0003 0.982 0.000
0 200 0.004±0.0003 0.004±0.0004 0.985 0.000
0 100 0.006±0.0005 0.006±0.0005 1.003 0.000
0 40 0.013±0.0007 0.012±0.0005 0.981 0.000
0 20 0.017±0.0008 0.019±0.0007 1.124 0.000
0 10 0.02±0.0001 0.028±0.0007 1.373 0.000

10 1000 0.001±0.0001 0.003±0.0003 1.911 0.003
10 500 0.002±0.0002 0.005±0.0003 2.379 0.006
10 200 0.004±0.0003 0.014±0.0007 3.418 0.016
10 100 0.006±0.0004 0.027±0.0008 4.678 0.031
10 40 0.012±0.0005 0.064±0.0015 5.239 0.074
10 20 0.016±0.0006 0.131±0.0019 8.052 0.137
10 10 0.02±0.0006 0.243±0.0019 12.269 0.224
20 1000 0.001±0.0002 0.004±0.0004 2.865 0.004
20 500 0.002±0.0002 0.008±0.0005 3.832 0.009
20 200 0.004±0.0003 0.019±0.0007 5.186 0.022
20 100 0.005±0.0004 0.037±0.0011 7.057 0.042
20 40 0.012±0.0004 0.093±0.0014 7.926 0.097
20 20 0.016±0.0006 0.171±0.0020 10.861 0.158
20 10 0.019±0.0006 0.278±0.0020 14.828 N/A
40 1000 0.002±0.0002 0.006±0.0006 3.616 0.006
40 500 0.002±0.0002 0.011±0.0011 5.015 0.012
40 200 0.004±0.0003 0.026±0.0012 6.763 0.030
40 100 0.006±0.0005 0.053±0.0017 9.576 0.057
40 40 0.012±0.0005 0.125±0.0022 10.251 0.112
40 20 0.016±0.0008 0.201±0.0021 12.244 N/A
40 10 0.02±0.0008 0.301±0.0021 15.107 N/A
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Table 2: Estimated CoTV at inlet and outlet of the shaper with calculated CoTV
for outlet of shaper

PDU Size 256 Bytes
D ±∆D ∆T ĉinV ĉoutV ∆cV γV

ms ms
100±10 10 0.020±0.001 0.243±0.002 0.223 12.269
100±20 20 0.016±0.001 0.171±0.002 0.155 10.861
100±40 40 0.012±0.000 0.125±0.002 0.113 10.251

PDU Size 512 Bytes
D ±∆D ∆T ĉinV ĉoutV ∆cV γV

ms ms
100±10 10 0.026±0.019 0.247±0.01 0.221 9.521
100±20 20 0.013±0.001 0.173±0.002 0.160 13.455
100±40 40 0.011±0.001 0.126±0.002 0.116 11.945

PDU Size 1024 Bytes
D ±∆D ∆T ĉinV ĉoutV ∆cV γV

ms ms
100±10 10 0.015±0.002 0.236±0.003 0.221 15.856
100±20 20 0.010±0.001 0.172±0.002 0.162 17.076
100±40 40 0.008±0.001 0.124±0.002 0.117 15.823

PDU Size 1470 Bytes
D ±∆D ∆T ĉinV ĉoutV ∆cV γV

ms ms
100±10 10 0.012±0.002 0.236±0.002 0.224 18.979
100±20 20 0.010±0.001 0.170±0.002 0.160 17.522
100±40 40 0.008±0.001 0.124±0.003 0.117 16.524
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Appendix

Sketch of the proof for Equation 8:

• Assume ∆D ≤ ∆T and independency of the delays.

• Pr {arbitraty packet arrives within ]D,D +∆T ]} = 1− ∆D
2∆T .

• Πi = Pr {i out of N packets ∈ ]D,D +∆T ]}
= N !

(N−i)! i!

(
1− ∆D

2∆T

)i ( ∆D
2∆T

)N−i
.

• Πj = Pr {j out of N packets from outside ]D,D +∆T ]}
= N !

(N−j)! j!

(
∆D
2∆T

)j (
1− ∆D

2∆T

)N−j
.

• (coutV )2 =
∑2N

k=0

(
k
N − 1

)2
Πk with

Πk = Pr {k packets ∈ ]D,D +∆T ]} =
∑

(i,j):i+j=k ΠiΠj .

• Simplify the expression.

The proof has so far been carried out analytically for N = 2 with aid of Mathe-
matica, but a general N cannot be treated that way, as it appears in two sums.
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Quality of experience is getting the attention of the research community as
well as the industry. In case of real-time streaming, packet loss, delay and jitter
degrades the video quality. The player buffer can be emptied due to long delay,
which freezes video at playout, while resuming the streaming video content causes
jumps to current location. There is the question, how user is going to react to
such kind of artifacts with respect to location where they arise. We collected user
ratings for videos showing the artifacts due to delay variation as well as freezes
and jumps at different locations. We also verified these results with Perceptual
Evaluation of Video Quality (PEVQ) application. For delay and delay variation
case, the PEVQ results are aligning to the human rating, but both differ in freeze-
and-jump case. The users’ responses in case of freeze-and-jump shows interesting
results with respect to location.

1 Introduction

To win the user’s loyalty by providing the good services, service provider use to
measure the quality of services with different methods. Amongst others the con-
cept of Quality of Experience (QoE) is emerging quickly and getting attention of
service providers and the research community. In case of video streaming, QoE
can be influenced by video transcoding and transmission. Real-time video trans-
mission over the Internet may suffer with degraded quality due to packet loss,
delay and delay variation. Moreover, if by any reason (due to long delay, packet
loss or key frame loss) the receiver stops receiving the stream and the player emp-
ties the play-out buffer, then freezing will occur until the stream is resumed. For
real-time streaming, the user will miss the content of video for that time period
because the video will jump from stop position to resumed position. This will
influence the video quality and thus also the user perception. The video qual-
ity is assessed by using either objective or subjective method. Subjective quality
depends on various factors based on human psychology and viewing conditions,
such as observer vision ability, translation of quality perception into ranking score,
preference for content, adaptation, display devices, ambient light levels etc. [13].
Different studies have been undertaken for video quality of experience in packet
networks [3] [4] [7]. In [10], authors investigated the effect of frozen and skipped
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frames on video quality. The mean opinion score (MOS) has been considered the
most reliable subjective quality measurement method, however it is time con-
suming and inconvenient. Alternative algorithms have been implemented and
approved by VQEG and ITU-T.Basically these softwares analyze the objective
metrics of video quality and correlate them with subjective quality MOS. The
Perceptual Evaluation of Video Quality (PEVQ) [8] model is recommended by
ITU-T (J.247) in the category of objective perceptual multimedia video quality
measurement in the presence of a full reference [11]. In this work we evaluate
the PEVQ with reference to user perception for different jitter conditions. Also,
we test the PEVQ for a fixed duration of freeze-and-jump of a video sequence at
different locations and compare the results with users ratings.

The remainder of this paper is organized as follows. Section 2 introduce the
perceptual evaluation of video quality (PEVQ). In Section 3 we describe the ex-
periment setup and we discuss freezes and jumps of video sequences with respect
to different location of sequence. The results are presented and discussed in Sec-
tion 4 and 5. In Section 6, we conclude the paper.

2 Perceptual evaluation of video quality (PEVQ)

PEVQ is provided by OPTICOM, is part of the PEXQ software suite and recom-
mended by ITU for perceptual multimedia video quality measurement. It mea-
sures degradations due to network by analyzing the degraded video. This model
measures the Quality of Experience (QoE) based on modeling the behavior of
the human [8]. It also quantifies the other video quality parameters like PSNR,
distortion indicator and lip-sync delay. PEVQ is built on PVQM and designed
for mobile applications and multimedia applications. For video quality detec-
tion, it is based on five indicators that are motivated by the human visual system
(HVS). These indicators operate in temporal, spatial, luminance and chrominance
domains [11]. The results of these indicators are incorporated and integrated in
order to derive the MOS [8].
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3 Experiments

To study the impact of delay and delay variation on video, the experimental setup
shown in figure 1 is used. It consists of a video streamer, video player, shaper
and measurement point (MP). For streaming and playing VLC is used, while for
delay and variable delay shaping the Network Emulator ”NetEm” [6] is used, as
it provides the best delay shaping as compared to other shapers [12].We captured
the video traffic before and behind the shaper using the Distributed Passive Mea-
surement Infrastructure [1] based on DAG cards [5] to verify the shaped delay
and delay variation. Streamer and player were installed on Microsoft Window XP
while the shaper ran on Linux. The delay (D) and variable delay (∆D) settings
used for these experiments are D±∆D=100 ms±{0 ms, 2 ms, 4 ms, 6 ms, 8 ms,
10 ms, 12 ms, 14 ms, 16 ms}.

Streamer PlayerShaper

MP

Figure 1: Experiment Setup

Figure 2 presents a view of the video sequences that were created to study
the user perception with respect to a sequence of one-second freeze followed by
a jump of video on different locations. The video sequences used for the experi-
ments have 25 fps. The first test sequence starts with freezed frame number one
for one second and then continues playing from 25th frame to the end of video.
In the 2nd test sequence the video plays for one second, then the video freezes
at 25th frame awaiting one second duration and then jumps to the 50th frame,
from where it plays till the end. Similarly the process will continue till the last
second of the video sequence, i.e we move the freeze-and-jump through the video
second-by-second.

User perception tests were conducted on campus, most of the participants are
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11111………..11111111  25 50 75 100 125

Freeze at frame 1 and Jump to 25 after one second

0 s 1 s 2 s 3 s 4 s 5 s

0 s 1 s 2 s 3 s 4 s 5 s
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0 s 1 s 2 s 3 s 4 s 5 s

1 25 25 25 …………...25 25 50 75 100 125

Freeze at frame 25 and Jump to 50 after one second

1 25 50 50 50 50 …….50 50 50 75 100 125

Freeze at frame 50 and Jump to 75 after one second

1 25 50 75 75 75 ………..75 75 75 100 125

Freeze at frame 75 and Jump to 100 after one second

………………………………………………………….and so on this freeze and jump continue till end of video sequence. 

Figure 2: Freeze and Jump Variation on Video Sequence

undergraduate and graduate students. Moreover the tests were conducted accord-
ing to the recommendation of ITU-R Rec. BT. 500-11 [2] and ITU-T P.910 [9]
using absolute category rating (ACR).

4 Delay/Delay Variation

Figure 3 depicts the users’ perception for ”Foreman” video. The x-axis shows
the delay variation ∆D in milliseconds around a fixed delay D=100 ms. The MOS
is shown along the y-axis. On the x-axis zero means that video is received with a
fixed delay of 100 ms, in this case MOS is 3.72±0.247. There is no remarkable
change in MoS in case of 100 ms and 100±2 ms but after that with the increase of
∆D, MOS decreases linearly till 100±8 ms and enters the BAD perception region
at ∆D = 4 ms. Similarly, Figure 4 shows the users’ feedback for ”Football”
video. Here, in the first case with zero ∆D the MOS is higher as compared to
Foreman case. MOS is decreasing linearly with the rising delay variation till
100±12 ms and signals BAD perception for ∆D > 6 ms. The Football video
shows more resistance to delay variation as compared to Foreman because it
is a fast moving video that makes it difficult for a user to notice quick changes
and disturbance. Those two video sequences are also analysed with PEVQ by
OPTICOM [8]. The original video is used as reference for 100±0 ms case and
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later all other videos are ranked with reference to 100±0 ms video. Figures 3 and
4 shows the result along the results discussed above. From the figures, it is easy
to see that the PEVQ results are very much in agreement with the user ratings.
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Figure 3: PEVQ MOS and Users’MOS rating for Foreman Video

As we saw in figures 3 and 4 the PEVQ and users’ ratings are very much
aligned with each other, which can also be verified numerically from the table 1.
We can see that the difference between user rating and PEVQ is small. However
after ∆D > 10 ms the PEVQ ratings remain greater than or equal to 1.5, while
user ratings approach to one for ∆D ≥ 14 ms.

5 Freeze-and-Jump

As shown in Figure 2 we focus on special cases, in which a one-second freeze
is followed by a jump of video moves along the whole sequence. For this test
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Figure 4: PEVQ MOS and Users’MOS rating for Football Video

we selected the Foreman, News and HallMonitor videos. The corresponding
users’ perceptions are shown in figures 5, 6 and 7. The MOS is shown along
the y-axis, whereas frame numbers are shown along the x-axis. The data shown
for x = 0 corresponds to the original videos of 10 seconds length, whereas all
other videos have nine seconds actual video plus one second freeze. This one
second freeze-and-jump moves from first second to last second of video. In both
figures we can see that the users’ perception varies with respect to the location
where this one-second freeze-and-jump occurs. For example in figure 5 when the
freeze occurs at frame number 25 and jumps the frames from 25 to 50, the MOS
is 3.63 whereas when freeze and jump cover frames 100 to 125, the MOS drops
to 2.63. The corresponding results of PEVQ are also given in figures 5, 6 and 7
along with the users’ results. There is a considerable gap between the users and
PEVQ rating, but the graphs are similar in shape. For the Foreman and News
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Delay Foreman Football
D±∆D PEVQ User MOS PEVQ User MOS

100± 0 3.78 3.73± 0.247 5.00 4.71± 0.186
100± 2 3.27 3.61± 0.226 4.04 4.25± 0.177
100± 4 3.03 2.95± 0.237 3.89 3.79± 0.204
100± 6 2.15 2.15± 0.233 3.16 3.25± 0.177
100± 8 1.86 1.68± 0.174 2.22 2.50± 0.264
100± 10 1.57 1.41± 0.181 1.69 1.67± 0.226
100± 12 1.92 1.32± 0.144 1.56 1.50± 0.264
100± 14 1.76 1.12± 0.122 1.70 1.08± 0.113
100± 16 1.49 1.15± 0.129 1.61 1.08± 0.113

Table 1: PEVQ MOS and Users’ MOS for Foreman and Footbal Video

videos we can see the ratings variation by users as well as PEVQ, however in case
of HallMonitor the PEVQ rating remains approximately constant except for the
first two and the last values.

Table 2 shows the results of moving freeze and jump along the videos of
Foreman, News and HallMonitor.

From the table we can see that the rating of PEVQ and Users differ from each
other. For all videos the rating of PVEQ is greater than four, while Users’ rating
is varying between two and four, which indicates that user is pickier with respect
to the location where freeze and jump occur, whereas the PEVQ just compares
the frozen frame with the reference video. Obviously this yields a better rating
as compared to user rating. PEVQ gives approximately the same rating for all
HallMonitor videos, except for first and last video. It has an unchanged back-
ground of hall with two moving persons, so PEVQ obviously could not figure
out any big difference between the freeze-and-jump video and the reference video
while comparing the frames with each other. From table 2 we can see that PEVQ
rating for these videos is around 4.5 except for first and last video, whereas the
user’s ratings are significantly lower than the PEVQ ratings and varying with re-
spect to the location of the disturbance.
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Figure 5: PEVQ MOS and Users’MOS rating for Foreman Video with Freeze
and Jump

6 Conclusion

In this paper, we have presented the study of users’ perception for delay variation
and freeze-and-jump cases and also compare the user rating with PEVQ result. In
case of delay and delay variation we observed that the MOS rating drops linearly
towards the bad region due to increase in delay variation. In this case PEVQ shows
the result that are well aligned to users’ rating.

In the freeze-and-jump case, the user reacts differently with respect to the
location where the problem happens. User ratings vary for the same kind of dis-
turbance arising at different locations within the video, which indicates that the
disturbance and its location have a combined impact on human perception. We
observed similar behavior of user for three videos chosen for this study. In this
case the results of PEVQ show variations similar to users’ observations but the
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Figure 6: PEVQ MOS and Users’MOS rating for News Video with Freeze and
Jump

reduction of the MOS differs significantly in magnitude. In general the rating of
PEVQ is between good and excellent, while the user rating is between poor and
fair. On the basis of these results one can use PEVQ for MOS study in case of
delay and delay variation and potentially for other typical network performance
issues. But for freeze-and-jump and similar cases, one has to be careful as PEVQ
overestimates user perception.
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Figure 7: PEVQ MOS and Users’MOS rating for HallMonitor Video with
Freeze and Jump

Frame Foreman News Hall Monitor
Freeze Jumped PEVQ User MOS PEVQ User MOS PEVQ User MOS

0 0 5.00 4.63± 0.245 4.84 4.69± 0.261 5.00 4.56± 0.344
1 1-25 4.73 3.63± 0.352 4.53 3.77± 0.394 4.77 3.67± 0.462
25 25-50 4.50 3.00± 0.358 4.47 3.00± 0.544 4.47 2.33± 0.566
50 50-75 4.53 2.88± 0.352 4.46 3.08± 0.564 4.48 2.44± 0.576
75 75-100 4.41 2.75± 0.335 4.05 2.85± 0.696 4.48 2.22± 0.544
100 100-125 4.48 2.94± 0.378 4.45 2.61± 0.522 4.54 2.22± 0.714
125 125-150 4.51 2.88± 0.434 4.25 2.92± 0.469 4.52 2.11± 0.393
150 150-175 4.24 2.63± 0.352 4.47 2.85± 0.660 4.55 2.33± 0.800
175 175-200 4.45 3.06± 0.418 4.46 3.08± 0.564 4.54 2.56± 0.808
200 200-225 4.70 3.75± 0.335 3.91 3.08± 0.564 4.52 2.44± 0.808
225 225-250 4.92 3.88± 0.303 4.49 3.92± 0.348 4.70 3.22± 0.635

Table 2: PEVQ MOS and Users’ MOS for freeze and jump videos
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Abstract

With the growth of the mobile internet, the popularity of multimedia services and
applications have increased rapidly. As a result, the end-users become quality
conscious. To fulfill the user’s expectation, the study of quality of experience
(QoE) is becoming very important for both researchers and service providers. This
paper analyses the impact on perceived quality of received videos encoded with
H.264 baseline profile, which is suitable for mobile video. Then streamed through
an emulated network with packet loss and packet delay variation. To evaluate
the video QoE, tests are conducted on a mobile device and on a laptop. The
users’ responses show that baseline profile of H.264 is very sensitive to packet
loss and packet delay variation. Moreover, there is no considerable impact on
users’ perception either test is conducted on the mobile device or on the laptop by
playing the same resolution video.

1 Introduction

The use of applications on mobile phones and particularly on smart phones are in-
creasing with rapidly growing mobile internet. Among other services the popular-
ity of multimedia services and applications are increasing rapidly. Moreover, the
capabilities of mobile phones in terms of processing power, memory, color display
and other functionalities are improving continuously. As a result of this growth
and exposure, the user expects good quality of experience. Real-time applications
and multimedia services can effect user perception very quickly, as compared to
other applications on Internet. Due to this consciousness of the users, service
providers, application developers and research community are focusing on user
quality of experience(QoE). Therefore to send the video across the network, sev-
eral techniques for video compressions are in use [26], one of the most widely
used codecs is H.264/AVC (Advance Video Coding). It is used with different ap-
plications and each has its own specific requirement, so it is divided into different
profiles with respect to their usage [19]. For example, the mobile applications use
the Baseline Profile (BP) of H.264.

Now-a-days the mobile phones are used for many tasks beyond making the
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phone call [4]. Especially mobile videos are getting popular. Mobile video quality
can be degraded over the internet due to network disturbances, such as packet loss
and packet delay variation [2].

In this paper we study the QoE of mobile video for defined values of packet
loss and delay variation for H.264 baseline profile. Moreover, we also investigate
the role of video playing device (in this case mobile phone and laptop) on QoE
for a fixed resolution video.

In order to achieve these research objectives, an experimental set-up was im-
plemented to emulate the characteristics of a network, over which videos were
transmitted. Subjective assessments were realised following the recommenda-
tions from the International Telecommunications Union (ITU) [5, 9]. The results
are calculated and presented using Mean Opinion Score (MOS) and statistical
methods.

The remainder of this paper is organized as follows. Section 2 covers the
related work and Section 3 describe the experiment setup and assessment method-
ology. The results are presented and discussed in Section 4.3 and finally, Section
5 concludes the paper.

2 Related Work

Studies have addressed the video quality perception for video and different codecs;
Calyam et al. [6] made a comparative study of subjective and objective video qual-
ity for the codec H.323. They added disturbances of loss, delay and jitter to the
same video sequence and found that jitter has the biggest effect. Claypool et al. [7]
realised a subjective perception study for the codec MPEG-1 making variations of
jitter and packet loss.

Previous work has also addressed studies employing the codec H.264, using
subjective and objective methods. Jusmisko et al. [10] worked in a subjective
analysis comparing different codecs H.263, H.264 and XviD for mobile devices.
Lin et al. [13] presented a model for packet prioritization for different GOP struc-
tures of H.264 and MPEG-2. The article by Loguinov and Radha [14] analysed
the behaviour of different parameters in video coded with MPEG-4. The Simone
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et al. [8] offers a database of H.264 videos for research community and made
experiments with packet loss.

Some studies that have addressed the quality of video for H.264, mention the
profile used, for example [13] and [8] used the high profile, [18] used the main
profile, Ries et al. [20] uses the baseline profile for quality estimation based in
motion characteristics.

Furthermore, studies of video quality perception for mobile devices in some
cases are carried out using a monitor or big LCD display instead of a mobile
phone [23, 25]. Further, in the study done by Jumisko et al. [10], mobile phones
were used but the phones were attached to a fixed stand, so the user was not able
to manipulate the phone as it would be the case in real life scenarios.

People have different perceptions of quality for different media devices. Tele-
vision and computers are usually at a fixed distance in contrast with hand-held
devices on which distance and angle can be adjusted easily by the user. The per-
ception changes according to the image size. Previous TV experiments carried
out found that the general rule to be the bigger the image the better quality per-
ceived [12].

Consequently, a study that tests the user perception of video quality on differ-
ent network conditions, for packet loss and delay variation encoded with H.264
and considers characteristics for mobile devices, will contribute to understanding
the expectations of the users with mobile devices. Further, an understanding of
the role the device plays in the user perception of packet loss and delay variation
is required.

3 Experiment Setup

An emulation setup shown in Figure 1 is used to carry out the experiments. The
streaming Server (S) is responsible to send the original encoded video sequences
through Shaper (TS) to the Player (P), using UDP protocol. A full duplex link of
bandwidth 100 Mbps is used from S to D. For streaming, VLC is used while, for
delay variation and packet loss shaping the Network Emulator (NetEm) is used,
as it provides the best delay shaping as compared to other shapers [21].
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Computer S is a Toshiba laptop with an Intel Core Duo T2450 2.00GHz pro-
cessor architecture running Ubuntu 10.04 LTS Linux, while computer P is a Mac-
Book Pro with an Intel CPU Core 2 Duo 2.40 GHz, running MacOS X 10.5. Both
computers have the VLC media player version 1.1.3. The shaper computer has an
Intel CPU 2.66 GHz with Linux kernel 2.6.23.9. It is important to mention that
after the version 2.6.15 of the Linux kernel, NetEm does re-ordering of packets if
a lot of jitter is emulated. In this experiment, we leave packets re-ordering without
change as configured by default.

We captured the video traffic before and after the shaper using the Distributed
Passive Measurement Infrastructure [3] to verify the shaped delay,delay variation
and packet loss.

Streamer(S) Player (P)Shaper (TS)

MP

Figure 1: Experiment Setup

The setting used for the shaping of delay (D) and varying delay (∆D) were
(150± {0, 2, 4, 8, 12, 16}) ms with normal distribution. The ITU standard G.114,
one-way transmission time, states that the delay should not be more than 150 ms
and jitter should not be more than 20 ms to 50 ms [11]. Similarly for packet loss
shaping, selected values are 0.4%, 0.8%, 3%, 5% and 7%. For this study, the
maximum packet loss value is 7%, as samples taken in the laboratory showed that
for packet loss greater than this levels, the video content was lost.

Video quality assessments can be objective and subjective. In subjective qual-
ity assessment, the description of quality is based on human perception and can
be different between subjects [3]. Human perception involves various aspects of
human psychology and viewing conditions; such as vision ability, lighting con-
ditions, preference for content, displaying devices, understanding of the rating
criteria [24] and Absolute Category Rating (ACR) is consider to be well-suited
for qualification tests [17].



Mobile Video Sensitivity to Packet Loss and Packet Delay Variation in
Terms of QoE 133

Another option considered was the software called Perceptual Evaluation Video
Quality (PEVQ) [16]. It is a software approved by the VQEG and ITU-T that
makes an objective analysis of the video and gives a correlation with the sub-
jective MOS. But in [15] the authors questioned the performance of PEVQ for
particular cases as compared to the user’s rating.

ACR is the method recommended for qualification tests and applied in several
studies [8, 18, 22].

The videos were taken from a commonly used repository for the purpose of
video quality assessment studies [1] as suggested by The Simone et al. [8]. The
selected videos used for experiments are Football, Foreman and Hall-monitor.The
length of each video sequences is between eight and ten seconds. This is the
length suggested by the ITU-T [9].

The video sequences used for this study are encoded with H.264 Baseline
Profile, level 1.3 because it is recommended for mobile videos. Each sequence has
frame rate 30 fps and bit-rate 768 kbps. Previous video studies for mobile have
used the QCIF (176 × 144) resolution [10, 13, 20]; in some cases using mobile
devices and some others displaying the video on a computer monitor displaying
the QCIF resolution. For this study was decided to use higher resolution Quarter
Video Graphics Array (QVGA) (320× 240) to cover the new segment of modern
phones.

Assessment Methodology

The assessment sessions were held in rooms conforming to the specifications of
the ITU-T [9] at the premises of two academic institutions in Kristianstad and
Karlskrona in Sweden.

Two mobile devices were used for the assessment. A laptop Toshiba Satellite
with an Intel Core Duo T2450 2.00GHz with a LCD display of 15.4 inches (diag-
onal) widescreen TruBrite TFT, resolution (1280× 800), and an iPhone 3G. The
media player VLC version 1.1.3 were used on the laptop and the standard media
player from Apple Inc on the iPhone Mobile Phone.

For the mobile phone the user was able to choose the angle and distance to
watch the videos. This imitates what happens in a real-world environment where
the user can move the device as desired to achieve a comfortable viewing position.
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The video sequences shown on the laptop complied with the recommenda-
tions made by the ITU-T [9]. The videos were played in VLC using the original
resolution of the video sequence (320× 240), in the center of the screen, with the
background set to fifty percent grey.

4 Results

This section presents the results collected from the assessment sessions. During
the assessment sessions, 34 volunteers graded the 33 videos sequences using the
scale Excellent (5), Good (4), Fair (3), Poor (2) and Bad (1). Each video was
shown on both a laptop and on a mobile phone. In total 66 video sequences were
shown to the subjects.

4.1 Packet loss

Figures 2 and 3 show the graphs of the MOS for the packet loss for the laptop and
the mobile phone, respectively. The graphs illustrate that the smaller the values
of loss the higher MOS, thus, better user perception of the video. As packet loss
increases, the MOS drops steeply, but it remains “fair” until values of packet loss
between 0.4% and 0.8%. From 5% packet loss the value of the MOS is close to 1
(bad). This indicates that at and above this value the user perception quality makes
them reject the video. This behaviour suggest that packet loss is an important
factor to consider. If this video is provided as a service will lead the user to stop
watching the video.

The video sequence encoded with H.264 and without distortions was graded
with a MOS that lies between 4.50 and 4.18 although there are no disturbances.
This shows that the viewers in some cases are reluctant to score the videos as
“excellent.” This behaviour was also found in other studies [18].

For the different videos affected with packet loss it is noticed that the video
with the lowest MOS, in both cases, is the Football video. For the video Hall-
monitor in both devices the MOS decline to poor (2) and then it seems that there
is not a big variation between 3% and 7%. The video sequence Foreman is the
video with the lower MOS at 7%.



Mobile Video Sensitivity to Packet Loss and Packet Delay Variation in
Terms of QoE 135

Foreman Hall-monitor Football

4.50

5.00

3.50

4.00

2.50

3.00

M
O

S

1.50

2.00

1.00

0 1 2 3 4 5 6 7

Packet Loss [%]

Figure 2: MOS for packet loss displayed on the laptop
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Figure 3: MOS for packet loss displayed on the mobile phone
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The values calculated for the confidence interval for packet loss are shown in
the Figure 4. The x-axis shows the video sequence (FM, Foreman; HM, Hall-
monitor; FT, Football), the device that was used to present the video sequence to
the observer (L, Laptop; P, Mobile phone) and the percentage of packet loss emu-
lated. The y-axis refers to the MOS. We can see that there is not a big difference
within the three different video sequences for each of the packet loss values. The
tendency shows that for bigger values of packet loss the rate degrades for all the
video sequences. In general, for values above 5% of packet loss the observers rate
is close to 1 (bad). Slightly higher MOS values are shown for the Hall-monitor
video sequence in both devices for values of packet loss of 5% and 7%. However,
the assessment value is close to 1 (bad).
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Figure 4: Confidence interval (95%) for packet loss

4.2 Packet Delay variation

The delay variation results were plotted in Figures 5 and 6. It is shown that for a
small increase delay variation the MOS decreases dramatically. For a variation of
only ±2 ms the MOS for the foreman and hall-monitor videos decays to a value
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close to poor. The video sequence football is less affected by the delay variation
for values between ±2 ms and ±8 ms. However, for bigger variations the MOS
is similar for the three video sequences. Delay variation above ±8 ms for all the
video sequences leads to a MOS close to bad (1) indicating a reject of the video
from the observers. In the Figure 6 we can see that for the football sequence the
MOS does not vary from ±2 ms to ±4 ms.
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Figure 5: MOS for delay variation displayed on the laptop

The Figure 7 presents the confidence interval values for delay variation. The
x-axis shows the video sequence, the device that was used to present the video
sequence to the observer and the percentage of packet loss emulated, as explained
with Figure 4. The y-axis refers to the MOS. It is appreciated that the football
video sequence gets higher rates between ±2 ms and ±8 ms, the higher rates
become less obvious for the values of ±12 ms and ±16 ms.

Table 1 shows the regression analysis of packet loss and packet delay variation
shown in figures 2, 3, 5 and 6. The second-last column shows the power equation
for every individual case, and the last column shows the R squared values. The
power regression model fits for all cases as the R squared is alway greater the
0.9, it outperformed matching using linear, logarithmic and exponential models.
The MOS values for zero loss ratio and zero packet delay variation could not be
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Foreman Hall-monitor  Football  

4.50

5.00

3.50

4.00

2.50

3.00

M
O

S

1.50

2.00

1.00

0 2 4 6 8 10 12 14 16

Delay Variation [ms]

Figure 6: MOS for delay variation displayed on the mobile phone
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Figure 7: Confidence interval (95%) for delay variation
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considered for the power regression model.

Parameter Video Device Equation R2

Foreman Laptop 0.511L−0.340 0.972
Loss Mobile 0.536L−0.338 0.913
Ratio Hall-Monitor Laptop 0.863L−0.244 0.945
(L) Mobile 0.926L−0.219 0.963

Football Laptop 0.643L−0.279 0.964
Mobile 0.668L−0.264 0.940

Foreman Laptop 2.478J−0.342 0.938
Delay Mobile 2.632J−0.268 0.923

Variation Hall-Monitor Laptop 2.273J−0.282 0.944
(J) Mobile 2.206J−0.265 0.924

Football Laptop 4.552J−0.504 0.943
Mobile 4.247J−0.481 0.931

Table 1: MOS Trend Fitting of Packet Loss and Delay Variation

Despite not adding both disturbances to the same video, packet loss and delay
variation, we can notice that it is likely that the perception of quality in the video
degrades more for small changes in the delay variation. This is similar to the find-
ings of the study performed by Calyam et al. [3]. Although their study was for the
codec H.263 and was adding different disturbances to the same video sequence.

4.3 Mobile phone and laptop

The MOS for the packet loss and delay variation was plotted for both devices, the
laptop and mobile phone in Figure 8 and Figure 9 respetively. For both graphs we
can notice that the results are almost the same for both of the devices. The biggest
difference is found for packet loss of 0.4% that in the laptop obtained a MOS of
3.19 and in the mobile phone a slightly higher rate of 3.34.

To identify if these variations are significant we applied matched-sample t-
test. This test is used when we have two matched or correlated samples, and when
we need to test the difference between two averages [9]. In this specific case we
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Figure 8: MOS packet loss displayed on the laptop and mobile phone

Figure 9: MOS delay variation displayed on the laptop and mobile phone
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want to compare the mean between the assessment rates obtained for the laptop
and the one obtained when the observers used the mobile phone as displaying
device.

Let us consider that ūL is the average for the laptop, ūP is the average for the
mobile phone. Thus the hypothesis is if ūL = ūP is true, then there is no difference
between doing the experiment on the mobile phone or on the laptop when using
the same resolution in both devices.

If we consider the difference of the means ūD = ūL− ūP , then the hypothesis
can also be expressed as:

H : ūD = ūL − ūP = 0 (1)

This test needs the calculation of the tcalc parameter and then compare it with
the ttable that is obtained from the Student-t distribution table [9]. The ttable value
depends on the level of significance, in this case a 95% confidence interval is used.
Thus, the level of significance is 0.05, the degrees of freedom (df) is defined as the
number of observers minus one (N-1) is 33. The value from the table to compare
in our case corresponds to ttable = 2.042.

The value tcalc is defined as:

tcalc =
D̄ − ūD

sD√
N

(2)

where D̄ and sD are the mean and standard deviation of the difference scores
(difference between the data obtained for the laptop and mobile phone); ūD in this
case is zero as our hypothesis and N is the number of difference scores (number
of pairs).
If we find that tcalc < ttable we fail to reject the hypothesis, so there is no evidence
to suggest that the different devices affect the perception of the shown video.

Table 2 presents the results for the calculations for each of the video pairs,
referring to the same video sequence presented on the laptop and on the mobile
phone. DV stands for delay variation in the table. The comparison of tcalc with
ttable reveals that for the most of the video sequences, there is no evidence to
suggest that the different devices affect the perception of the shown video.
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Foreman Hall-Monitor Football

L tcalc Hypothesis L tcalc Hypothesis L tcalc Hypothesis
0.0% −0.63 Fail to reject 0.0% 0.90 Fail to reject 0.0% 0.42 Fail to reject
0.4% −1.14 Fail to reject 0.4% 2.50 Reject 0.4% 3.20 Reject
0.8% 0.42 Fail to reject 0.8% 1.36 Fail to reject 0.8% −2.03 Fail to reject
3.0% −2.05 Fail to reject 3.0% −0.44 Fail to reject 3.0% 0.25 Fail to reject
5.0% −0.25 Fail to reject 5.0% −0.27 Fail to reject 5.0% 1.16 Fail to reject
7.0% 0.00 Fail to reject 7.0% 0.83 Fail to reject 7.0% −0.63 Fail to reject

D ±∆D tcalc Hypothesis D ±∆D tcalc Hypothesis D ±∆D tcalc Hypothesis
150± 2 ms −1.36 Fail to reject 150± 2 ms 0.00 Fail to reject 150± 2 ms 2.46 Reject
150± 4 ms 0.70 Fail to reject 150± 4 ms −1.28 Fail to reject 150± 4 ms −0.89 Fail to reject
150± 8 ms 0.44 Fail to reject 150± 8 ms −0.37 Fail to reject 150± 8 ms 2.73 Reject
150± 12 ms 0.44 Fail to reject 150± 12 ms 0.00 Fail to reject 150± 12 ms−1.68 Fail to reject
150± 16 ms 0.00 Fail to reject 150± 16 ms 0.00 Fail to reject 150± 16 ms 0.81 Fail to reject

Table 2: Matched-sample t test results, with tcalc = 2.042

Therefore, we can conclude that there is not a significant difference between
doing the experiment in the mobile phone and in the laptop displaying the same
resolution. Overall very similar rating behavior was observed for both devices.

5 Conclusion

In this paper we investigated the mobile video quality of experience, encoded
with the H.264 baseline profile. The network performance parameter plays an
important role on the quality of streamed video. In this study we focused on
the effect of packet loss and packet delay variation on mobile video quality of
experience. We found that mobile video encoded with the H. 264 baseline profile
is very sensitive to the network disturbance and user’s rating dropped quickly with
nominal packet loss and packet delay variation. Moreover the users rating survey
is conducted on mobile phone as well as on the laptop. Results for both devices
were compared using matched-sample t-test. We did not find any strong evidence
to conclude that devices have any impact on user perception for video which has
the same resolution.
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To an end user, Quality of Experience (QoE) mat-
ters more than Quality of Service (QoS) because 
she is the owner of her experience, which is the 
result of her perception. In recent times, QoE got 
increasingly much attention from service provi-
ders, operators, manufacturers and researchers. 
Amongst others, they are interested to know how 
the users perceive the quality of multimedia strea-
ming and how to predict the QoE by measuring 
network performance parameters. Below the 
network layer, different access networks can be 
used, but the internet and transport layers remain 
the same for everyone on best-effort internet. We 
highlight a set of possible factors that are contribu-
ting towards the QoE, from network via transport 
to application layer, including applications, co-
decs, middleware and devices. To investigate the 

relationship of QoS and QoE, emulation-based ex-
periments were designed. For the purpose of emu-
lation, different shapers are in use by the research 
community.  We selected three popular shapers, 
NetEm, NISTnet and KauNet, and investigated 
their emulation capabilities with focus on delay, 
delay variation and bit rate in order to be able to 
select the best-suited shaper for future use. Then, 
we studied the effect of QoS parameters on mobile 
video QoE. To evaluate the video QoE, user tests 
were conducted. We observe a much larger sensiti-
vity of users to freezes and their placement within 
the video than what is predicted by an objective 
video quality assessment tool that is recommended 
by the standardisation organization ITU. Further-
more, we investigated the role of codec and device 
on QoE in view of network-induced problems.
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