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Abstract

Streaming applications are becoming more and more popular in the
mobile world, especially with the new developments in wireless data net-
works. Promises of maximum throughput speeds of a 100Mbps along
with the appearance of multimedia tablets opened the path to a diverse
range of streaming services. Signal degradation and user mobility make
wireless networks a challenging environment for real-time applications
like streaming, due to frequent bandwidth variations. Hence, to assure
a continuous service and to maximise the user experience, it is neces-
sary to automatically adapt the streaming rate of the session, based on
the network state. This report presents a layered QoS and QoE based
rate adaptation algorithm that tackles both delivery and playback prob-
lems. It uses measurements of the RT'T variation, an original probing
technique and playback quality reports to estimate user experience and
react as fast and as accurate as possible. The adaptation strategy pa-
rameters have been tuned for optimal performance in different wireless
environments, like WiFi, WiMAX and LTE.
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Chapter 1

Introduction

1.1 Media Streaming History

The notion of media streaming is related to the appearance of the packet
switched networks and the Internet and basically refers to some type of
visual (audio) content that is continuously received and viewed (listened
to) by an end-user while being delivered by a content provider over a
communication channel. The streaming process is similar to typical TV
broadcasting solutions, in the sense that the received content is not saved
on the client side and the watching (listening) process begins shortly af-
ter the data flow has reached the player. There are however notable
differences like the transport channel which is usually shared with other
types of communication and the best effort delivery model where data
will be delivered to its destination as soon as possible, but with no com-
mitment as to bandwidth or latency. Another difference from classical
broadcasting systems is the fact that a media stream can be targeted
to only a group of users, as in the case of multicast or only to a single
user, as in the case of unicast, which later became very popular over
the Internet with the appearance of websites like YouTube. A typical
unicast stream is shown in Fig. 1.1.

Because the transport and the presentation of the media happen
at the same time or with a very small delay between them, streaming
can be regarded as real-time traffic, which best effort networks are not
well suited for. This is why, each media player has a buffer (usually
called jitter buffer or play-out buffer) where it stores a few seconds of
the received video before displaying it to the viewer to accommodate late
or possible lost frames without interrupting the playback.

In 1996 the Real Time Protocol (RTP) Request For Comments (RFC)
was published in order to help transmitting real-time data over unicast
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Media Player

Video Stream -

Jitter buffer

Video Stream

Streaming server

Figure 1.1: Typical streaming chain

or multicast network services. It soon became the standard application
protocol for media streaming and video conferencing. It is independent
of the underlying Open Systems Interconnection (OSI) layers, so it can
be used on top of other transport protocols, like Transmission Control
Protocol (TCP) or User Datagram Protocol (UDP) [1].

In the last couple of years, a new technique that uses the Hypertext
Transfer Protocol (HTTP) became more and more popular for video
streaming. It is called progressive download since small parts of the
video are downloaded piece by piece and stored on the client side and
the playback can start before the whole file is saved. Although it is not
a pure streaming method since the video file is stored at the client side
in the end, it mimics well enough a streaming process. This method
presents a couple of advantages over the classic RTP streaming:

e HTTP servers can be used instead of more expensive and elaborate
streaming servers

e Media stream crosses all middleboxes (e.g firewalls), because the
traffic is HT'TP.

e There is no packet loss because HT'TP is always used on top of
TCP protocol

e It can use existing Internet infrastructures like Content Distribu-
tion Network (CDN), caches

However, because it uses TCP as the transport protocol, it is not very
well suited for scenarios where some form of interactivity is needed (video
conferences for example), where end-to-end delay is very important, or
for channels that have variable throughput.
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1.2 Mobile Communications Evolution

With the evolution and the increased popularity of the Internet, telecom
operators tried to extend their portfolio beyond voice communications,
starting with email access and a simplified form of web browsing that uses
Wireless Application Protocol (WAP). Data transfer was available using
the circuit-switched infrastructure but did not grow very popular among
Global System for Mobile Communications, originally Groupe Spécial
Mobile (GSM) users. With the appearance of the first packet-switched
services for mobile phones, such as General Packet Radio Service (GPRS)
and later Enhanced Data rates for GSM Evolution (EDGE), that can
achieve a theoretical maximum throughput of 480kbps but an aver-
age of 180kbps as stated in [5], short browsing sessions were possible.
But the new speeds were still not sufficient for real multimedia ser-
vices. The upgrade to the 3rd generation networks like Universal Mobile
Telecommunications System (UMTS) and Code Division Multiple Ac-
cess 2000 (CDMA2000) brought an increase in the maximum available
bandwidth up to 2Mbps and opened the road for new services like video
streaming. Furthermore, with the introduction of High-Speed Down-
link Packet Access (HSDPA) and HSDPA+ speeds up to 21Mbps can be
achieved which are better suited for rich multimedia services.

However, with the latest access technologies that are just emerging,
like Worldwide Interoperability for Microwave Access (WiMAX) and
Long Term Evolution (LTE) with speeds of up to 100Mbps in certain
conditions, combined with the huge number of internet tablets sold all
over the world, multimedia traffic in mobile networks is expected to ex-
perience an impressive increase in the near future.

1.3 Wireless Networks Drawbacks

Along with the great opportunities brought by mobile communications,
come new challenges that need to be addressed by operators and service
providers. Compared to the wired medium, wireless transmissions suf-
fer from signal degradation due to free path loss and propagation loss
(diffraction, scattering, slow-fast fading) which eventually means lower
achievable throughput for the user. On top of this, the mobility adds
new problems like hand-overs and high variation of the throughput at
high speeds.

Streaming sessions are the most affected by bandwidth variation since
the media stream needs to be played back at a specific constant rate. If
the network can not support that specific rate, video frames encapsulated
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in network packets will be delayed and might miss their playback time. In
such cases, the user will experience image degradation, jerkiness or video
re-buffering when the jitter buffer gets empty and playback completely
stops.

Of course, one solution would be to send from the beginning a video
encoded at a lower bit-rate that will have a smaller chance of being
affected by bandwidth reduction, but in such cases the video quality will
be lower and it will not benefit from the higher bandwidth potentially
available under better circumstances.

The solution would then be to send to the client a video adapted to
his/her own current network conditions to maximize his/her experience.
For that reason, the following items are needed:

e a way to measure or to estimate the quality of the video received
at the client;

e a way to send this metric back to the server;

e take a decision on the server side.

1.4 Motivation

Bit-rate adaptation for video streaming is not a new research topic, but
although a lot of solutions have been proposed, only a few simple ones
have been implemented in the commercial streaming servers. This is
because common media players only support the basic Real-Time Trans-
port Control Protocol (RTCP) standard and most of the rate adaptation
strategies present in the literature need additional reporting capabilities
from the player. Typical adaptation schemes measure network parame-
ters [6] or estimate the buffer occupancy of the player 7] to decide when
to change the video quality delivered by the server. The problem is that
in this case the adaptation mechanism can detect some of the network
related issues, but cannot tell with accuracy how much playback may
be affected. This is especially true in wireless networks where packet
corruption or packet loss is common and cannot be predicted. On the
other hand, small mobile devices have limited capabilities (low resolu-
tion, lower processing power) and the video quality can suffer even if the
network parameters are optimal.

Consequently, it would be best to design a system that could de-
tect both network related problems and the video quality received at the
client side. So far we are not aware of a complete solution that proposes
stream adaptation based on those parameters, which would greatly im-
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prove the accuracy of the algorithm and therefore the research question
of this thesis is:

"How to design and implement an adaptive streaming solution that
takes into consideration network parameters and the video quality mea-
sured at the client? Once the algorithm is defined, which are the main
parameters that need to be tuned for an efficient operation? What are
the necessary feedback mechanisms that need to be used?”

1.5 Thesis Objectives

The objectives of this thesis are to design, implement and evaluate an
adaptive streaming algorithm that uses network parameters and video
quality measurements at the client side to take decisions regarding the
quality of the video that will be streamed.

We propose to develop a layered adaptive streaming platform that
can be used with:

e popular PC media-players like VLC, QuickTime

e a proprietary player that offers video quality reporting capability

The second contribution consists in the use of a new network probing
mechanism, by sending in advance the video frames that would have to
be transmitted anyway, creating an additional load on the network. By
using RTP packets as probing data, the server will not send unnecessary
information over the network and the media client will not need to be
modified.

1.6 Structure of the Dissertation

The present dissertation is structured as follows:

Part IT is divided in two chapters and describes the methods that are
available for measuring network parameters and video quality. Chapter
2 presents the parameters that are used to measure the network state
during streaming sessions along with some modifications necessary for
the algorithm later proposed in Chapter 8.

Chapter 3 shows the current techniques used for video quality mea-
surement along with some experiments performed to test the usability
of those methods in a streaming scenario.

Part III is split into three chapters and depicts the mechanisms
that are available for transporting information from the player to the
streaming server. Chapter 4 and Chapter 5 present the feedback
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methods for network parameters and video parameters respectively, while
Chapter 6 motivates the choices made for the proposed solution.

Part I'V contains four chapters and presents the proposed algorithm
along with the tests performed to tune some of its parameters. In Chap-
ter 7 there is a discussion about the current adaptive streaming solutions
present in the literature and commercial products, showing where the
proposed algorithm is currently situated. Chapter 8 describes the gen-
eral characteristics of the layered adaptive streaming algorithm which
is the focus of this dissertation. Chapter 9 aims at determining the
thresholds for the measured parameters used to reduce the video qual-
ity when a problem is detected, while Chapter 10 presents the design
choices of the probing technique along with the tests done to determine
the limits for the parameters used to decide an increase in the video
quality.

Part V evaluates the performance of the proposed algorithm and
contains validation tests in three different wireless networks.

Finally, in Part VI some conclusions are drawn and future develop-
ments are discussed

1.7 Publications

The research work performed for this thesis has lead to the following
peer reviewed publications:

e George Toma and Laurent Schumacher, "Measuring the QoE of
Streaming Sessions in Emulated UMTS Rel’99 Access Networks"
presented at SCVT2008. In this article we describe a method to
measure video quality for streamed videos and show the results
after testing three commercial streaming servers.

e George Toma, Laurent Schumacher and Christophe De Vleeschouwer,
"Offering Streaming Rate Adaptation to Common Media Players”,
presented at HotMD2011 workshop. The paper presents an adap-
tive streaming algorithm that uses only the RTCP Receiver Re-
ports as feedback mechanism to determine the network state. In
this way, the quality of the streamed video can be adapted even
when common media players are used, like VLC or GStreamer.

e Laurent Schumacher, Gille Gomand and George Toma, "Perfor-
mance Fvaluation of Indoor Internet Access over a Test LTE Mini-
Network" presented at WPMC 2011. In the article we present the
results obtained from experiments performed in a mini LTE net-
work.
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e Ivan Alen Fernandez, Christophe De Vleeschouwer, George Toma
and Laurent Schumacher, "An Interactive Video Streaming Archi-
tecture Featuring Bit-rate Adaptation” under revision to be pub-
lished in the Journal of Communications(JCM, ISSN 1796-2021).
The article presents an interactive streaming platform which in-
tegrates an adaptive streaming algorithm that improves both re-
ceived video quality and the reactivity of the streaming system to
user interactions.
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Chapter 2

Quality of Service

A general definition of Quality of Service (QoS) is given by International
Telecommunication Union (ITU) in [8], as a "collective effect of service
performances which determine the degree of satisfaction of a user of a
service". When used in the context of packet switched telecommunica-
tion systems, QoS refers to the capability of the network to guarantee
that certain parameters of a data flow respect the imposed level of per-
formance, as suggested in [9] and [10]. This is especially needed when
there are several concurrent flows on the same communication channel
and the network capacity is insufficient.
QoS can be managed at different OSI levels:

e at data link - QoS management functions for UMTS bearer service
in the control and user plane, or several service classes in WiMax;

e at network layer - DiffServ which essentially improves the perfor-
mance of some data flows by classifying and shaping the traffic in
different queues. By using queueing disciplines, the priority of spe-
cific packets can be raised or decreased so particular services will
have access to more network resources;

e at application layer, where the application itself can regulate the
data flow.

Such mechanisms have been implemented on a relatively limited
scale, mostly inside corporate, academic or mobile cell networks. Since
assuring End to End (E2E) QoS was impossible due to the implementa-
tion cost and scalability problems, the Internet is built mostly on equip-
ment that operates on a best effort basis, without any other control
mechanism. When possible, a certain level of QoS can be maintained
at the application level by monitoring the transmission and adjusting

13
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specific parameters in the application so they are better suited for the
current transport channel.

2.1 QoS Parameters

Every packet-switched data flow is characterized by quality indicators
that can be measured and have to be maintained in certain limits dic-
tated by the type of application that uses that transport service. These
factors may be accurately measured or just estimated with the error
range depending on the application, the type of traffic, the protocols
used or the architectural design of the network. The most relevant pa-
rameters are:

e Throughput (transfer rate) represents the amount of data trans-
ported by the channel during a fixed time period, usually measured
in bits per second (bps). Maximum throughput, or bandwidth as
often used in the literature, represents the maximum possible quan-
tity of data that can be transmitted under ideal circumstances and
in some cases this number is reported as equal to the channel ca-
pacity [11]. Usually the throughput depicts the total amount of
transported data, including all protocol overheads. To define the
amount of useful data transported by the network, the concept of
goodput is introduced, which basically measures the amount of ap-
plication data transferred. Considering the definitions given above,
the available bandwidth at time t can be defined as the difference
between the channel capacity at time t and current throughput or
link load at time t. When the two have equal values, the available
bandwidth will be zero, a situation similar to network congestion.
The available bandwidth is time varying because it depends on the
link load which is fluctuating on short time-scale, but the capacity
can vary as well in wireless networks, especially in a fast moving
scenario.

e Transmission delay - refers to the propagation time of a packet
from the source to the destination and in this case it is called
one way delay. It always has a minimal value, called the real la-
tency [12] which is of physical nature and depends on the charac-
teristics of the transport medium (wireless, copper, fibre) and the
distance between the communicating entities. On top of that there
is the induced latency [12] which is added in several ways:

— Packet reassembly delay within network devices, so the more
hops, the higher the delay
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— Processing delay at end hosts and intermediate routers

— Queueing delay within the network devices

Queueing delay is the most important, first because its contribu-
tion to the overall latency value can be the most significant and
second because it is the only one that can be reduced through
queue management. This type of delay is related to the capacity
or the available throughput at the moment it was measured. If we
consider the communication channel between two entities as a pipe
with a fixed capacity, every packet will spend a relative constant
time to pass through the pipe. If the capacity has been reached,
packets will have to wait (packets are queued) before entering the
pipe so the amount of time to pass from one end to the other in-
creases. This process is represented in Fig. 2.1. In many cases
the Round Trip Time (RTT) is used instead of the one way delay
because it is easier to measure, but it has two important weak-
nesses [13]:

— The returning path might be different from the sending one,
so the estimated one way delay could have a significant error

— Even if the links are symmetric, different queueing mecha-
nisms might be used for uplink and downlink traffic

Delay variation (Jitter) in the context of computer networks, is
defined as the variation of delay over a period of time. It can have
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different sources, like different packet assembly times due to differ-
ent packet sizes, variable propagation delay or varying load level
of the network equipment. The latter can introduce a significant
amount of jitter in the system, so high delay variation can be a
sign of congestion in the network. Jitter is an important QoS met-
ric to take into consideration when designing the play-out buffer
for applications that need a constant flow of data like voice or
video play-out. The buffer has to be large enough to accommodate
maximum delay variation in order to avoid re-buffering. Another
advantage of using this metric against absolute delay values is that
the same variation can have the equivalent interpretation no matter
what is the average delay.

e Packet loss results when one or more packets do not reach the des-
tination. However, corrupted packets or fragmented packets that
for some reason can not be reassembled at destination can be in-
cluded in the same category. Another case is when a packet arrives
at the destination with a large delay, it can be considered lost as
well, especially in real-time applications. In TCP case for exam-
ple, when the retransmission timer expires, the packet is considered
lost.

Packet loss can be caused by overloaded network equipment that
drops packets when congestion is present, or by corrupted and lost
packets in wireless environments due to signal degradation. A low
level of packet loss may be acceptable in some applications (like
video streaming or Voice over IP (VoIP)) but others require reliable
delivery with zero losses.

2.2 QoS and Media Streaming

Since media streaming has particular requirements in terms of delay,
jitter and losses, QoS plays an important role in assuring a high degree
of user satisfaction. It is necessary then, to understand how the metrics
presented in the previous section affect the streaming service and what
their values for an acceptable performance level could be.

So, what are the conditions of a successful streaming session? First,
a user wants to start experiencing the content as soon as possible, which
means the play-out delay has to be kept small. This delay is influenced
by the play-out buffer size of the player and the transmission delay [14].
Once the playback has started, it has to continue uninterrupted and
without image degradation caused by the delivery process. High jitter
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can affect the streaming activity while packet loss may deteriorate the
displayed frames [15].To avoid re-buffering, the player needs a large buffer
size to accommodate possible variations in available bandwidth. One can
observe that there is a close connection between the buffer size and the
quality of the streaming process, with a trade-off between responsiveness
and robustness. Thus, the buffer can be considered a QoS metric for
video streaming and the ability to maintain it filled between certain
levels is critical for ensuring a continuous playback. For this reason,
the throughput on the path between the media server and the client
has to be below the total channel capacity, otherwise congestion will
occur. This can be obtained through QoS mechanisms, overprovisioning
of the network resources or by keeping the media encoding rate below the
maximum achievable goodput for the whole duration of the streaming
process.

2.3 QoS Parameters in Streaming Applications

When using RTP or HTTP streaming over TCP, congestion detection
mechanisms implemented in the TCP protocol will take care of the flow
control. But because RTP streaming sessions are usually performed on
top of UDP, which does not have a built in congestion control mechanism
and because QoS is not implemented on a large scale, it is important to
be able to determine the network state at the application layer of the
OSI stack. Of course, Datagram Congestion Control Protocol (DCCP)
which has congestion control, could be used as the transport protocol
as is better suited for real time applications due to the lack of flow
control. But as is a relatively new protocol it still lacks large scale stable
implementation [16]. However, by measuring the QoS parameters at the
application level, the streaming solution will be independent on the lower
protocols used for transport. Congestion detection techniques rely on the
RTT and packet loss, so a similar approach can be used for streaming
applications.

2.3.1 Round Trip Time

Latency, as a sole measurement, can not give reliable information about
the state of the network. Nevertheless, delay evolution and especially
delay variation can be used to detect a congestion situation. Because
it is easier to measure, RTT can be used instead of the one-way-delay.
Although some links are very asymmetric in terms of RTT, the variation
of the delay will be reflected in the final value. This is important since a
fast increase in the RT'T suggests that congestion is about to take place
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in the network. Because the variation nature of the instantaneous RTT
is spiky, two variables will be used to characterize delay evolution, as
specified in the computation of the TCP retransmission timer [17]: a
smooth RTT and the RTT deviation. The formulas, as given in [17] are
as follows:

Smoothgpr

= (1 — «) * Smoothryr + a * Instant gpr (2.1)
Deviation

= (1 — B) * Deviation + f8 % |Instant grp — Smoothpprr| (2.2)

where the recommended values for o and S are 0.125 and 0.25 re-
spectively [18]. a and 8 are smoothing factors between 0 and 1. Lower
values provide better smoothing and avoid sudden changes as a result
of a very high or a very low RTT. Conversely, more measurements will
be necessary before detecting a significant increase in the smooth RTT.
Higher values (closer to 1) make the smooth RTT change more quickly
in reaction to abrupt variations in measured RT'T, but delay spikes will
not be levelled.

Because it is interesting to know if the Deviation is positive or neg-
ative (positive Deviation suggests a possible congestion, while negative
Deviation signals the end of congestion), the absolute value in (2.2) is
replaced with the real value:

Deviation = (1 — ) * Deviation
+5 * (Instant g — Smoothgyr) (2.3)

Fig 2.2 shows an example of the RTT evolution along with the
Deviation and Smoothgpr during congestion period. The Network
Emulator (NetEm) Linux module is used to reduce the network band-
width to the streaming rate for a limited time period, while a and £ have
the standard values. The RTT values increase abruptly when a band-
width reduction is applied and quickly decrease when the limitation is
removed. RTT samples were collected every 5 seconds.

The convergence time of the Smoothrrr to the instant RTT varies
with the values given to «, as can be seen in Fig 2.3.

Fig. 2.4 plots only the RTTs that were measured when the bandwidth
limitation was removed. It can be seen that when « takes the standard
value, the convergence time is almost twice as high compared to the case
when o = 0.25. In such cases, short-term RT'T variations will not be
reflected in the Smoothrpr evolution. On the other case, when « takes
values closer to 1, the Smoothgrpr follows closely the evolution of the
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Figure 2.2: RTT evolution in a congested network. Bandwidth reduction

applied at sample 88 and removed at sample 293, marked by vertical
lines.

instant RT'T which is not desired since random delay spikes should not be
taken into consideration. In mobile networks fast bandwidth variations
are possible, which could generate brief RTT increases, so an « of 0.25
should be used instead of the standard value.

2.3.2 Packet Loss Ratio

Packet loss is easy to determine in either HI'TP or RTP based streaming
approaches. TCP already contains the necessary components to detect if
packets got lost through positive acknowledgement with retransmission
techniques and sequence numbers. When RTP protocol is used, each
RTP packet contains a sequence number for each RTP data packet sent
and is to be used by the receiver to detect packet loss. Compared to TCP,
RTP does not interfere in the transmission process when packets are lost;
it is left to the application to decide whether it is necessary to take any
action. Packet loss can be expressed either as a cumulative number since
the beginning of the streaming session or as a percentage representing
the ratio between the number of lost packets and the total number sent,
but should be used what is best suited for a specific application.
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Chapter 3

Quality of Experience

Quality of Experience (QoE) as defined in [19] represents "the overall
acceptability of an application or service, as perceived subjectively by
the end-user". Used in the context of telecommunications, it includes
end-to-end system effects introduced by the client, terminal, network,
service infrastructure and can be influenced by the user’s expectations
and context. The environment (at home or on the move), the nature of
content (movies, news), user’s expectations (expensive or cheap service)
all affect the experience. The viewer’s emotional involvement can affect
the experience in a positive or a negative way. For example somebody
who enjoys the content might be more tolerant to quality degradations,
while an uninterested and bored viewer can get easily annoyed, even if the
content is the same. However, the opposite could equally well be true: a
sufficiently interested viewer might be more sensitive to disruptions and
other quality problems because he/she is anxious not to miss any of the
content. Even more, the device used for viewing the streamed media has
an important effect over the perceived quality: on a Personal Computer
(PC) one may expect to watch movies in HD while on a small device
like a smart phone, lower resolutions will produce the same amount of
satisfaction. So, measuring the experience of a user as a whole is clearly
challenging since it depends on very subjective factors, but work has
been performed to obtain an estimation of user satisfaction.

In video streaming, QoE can be seen as a function of two factors [20]:

e Quality of Content (QoC) is a user’s subjective, often unconscious,
appreciation of the attractiveness or relevance of a piece of content,
like an important sport event or a fresh new episode of a TV series.
It is also determined by how well the received media reproduces
reality, given by the technical properties of the transferred video:
display resolution, video frame-rate, frame compression.

21
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e (Q0S, as discussed in Chapter 2, characterises the transport part of
the streaming process. It is sometimes used directly as a measure of
the whole experience because QoC is of little value unless delivered
intact to the user. If users experience freezing in video playback,
color blurring, significant delays for start-up or other transmission
errors, they may abandon the service, even if the QoC is high.

So, QoL in streaming sessions is mostly determined by the quality of
the video that arrives at the viewer, making the two components QoC
and QoS strongly connected. A higher quality video has a larger size
that has to be transported over the network, so a better QoS is needed,
otherwise the video will arrive with errors at the viewer.

3.1 Video Quality Measurement

As defined in [21]| video compression "refers to a process in which the
amount of data used to represent image and video is reduced to meet a
bit rate requirement (below or at most equal to the maximum available
bit rate), while the quality of the reconstructed image or video satisfies a
requirement for a certain application and the complexity of computation
involved is affordable for the application". But besides that, videos are
subject to distortions during acquisition, transmission, processing, and
reproduction. Examples of these impairments include tiling, error blocks,
smearing, jerkiness, edge blurriness, and object retention [22], so it is
important to be able to identify and quantify video quality degradations.

3.1.1 Subjective Video Quality Measurement

Since human beings are the ultimate receivers in most image-processing
applications, the most accurate way of assessing the quality of video
is by subjective evaluation. This type of measurement is performed by
observers who watch a series of videos and express their perceived quality
by giving a mark on a scale from 1 to 5. Specifically, the subjects are
asked to rate the pictures by giving some measure of picture quality
or they are requested to provide some measure of impairment to the
pictures. The average result gathered from all the subjects is called
the Mean Opinion Score (MOS), where 1 is the lowest perceived video
quality, and 5 is the highest perceived video quality measurement, as
shown in Table 3.1.

The ITU has developed a standard in [23] where it describes how to
present the videos to be evaluated and how to collect and interpret the



3.1. VIDEO QUALITY MEASUREMENT 23

MOS | Quality scale Impairement scale
) Excellent Imperceptible
4 Good Perceptible but not annoying
3 Fair Slightly annoying
2 Poor Annoying
1 Bad Very annoying

Table 3.1: MOS score and its meaning

results. Several methods are proposed, but two main classes based on
whether a reference video sequence is present or not can be identified.

Double-stimulus Impairment Scale (DSIS) method

This method is recommended when one needs to measure the robust-
ness of systems (i.e. failure characteristics, effects of transmission path
impairments) a situation that is similar to the streaming case.

The observer is first presented with a reference sequence that does
not contain impairments, then with the same sequence impaired. Fol-
lowing this, he/she has to note how annoying the image artefacts he/she
experienced were, using the impairment scale (Table 3.1) and keeping in
mind the reference.

At the beginning of each session, the observers should receive an
explanation about the type of assessment along with a sample of the
impairments they would see during the test. The worst quality observed
should not necessarily be graded with the lowest score, but the samples
should be chosen in such a way that they cover the whole grading scale.

Single-stimulus (SS) methods

This technique of assessing subjective video quality is used when there
is no reference sequence to be compared to the tested one. Again, it is a
typical case encountered in streaming situations, when the only available
content is the one that arrives (with possible image degradation) over
the transport channel. The test conditions should be similar to the DSIS
ones and the voting scale remains the same. The testing sequence can be
presented once or many times to the observer, in which case the method
is called Single-stimulus with Multiple Repetitions (SSMR).

Analysis and presentation of results

No matter the evaluation method, the results will be gathered in the form
of an average score from all subjects, along with an associated confidence
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interval which is derived from the standard deviation and the number of
observers. In [23] a 95% confidence interval is proposed, given by:
[u — 0, + 0] (3.1)

where: u is the average score over all subjects, or the MOS. § is
defined as:

S
§ = 196~ (3.2)

where N is the number of observers and

(3.3)

3.1.2 Objective Video Quality Measurement

Although subjective tests are the most precise methods to evaluate video
quality, they are expensive and usually too slow to be useful in real-
world applications. This is why mathematical models are used instead of
human observers to approximate results of subjective quality assessment.
These are based on specific criteria and metrics that can be measured
and evaluated objectively by a computer program. There are several
criteria on which objective measurements can be classified, but the most
common is the one based on the quantity of reference information needed
for the evaluation.

o Full Reference (FR-(VQM)) quality metrics - assume that a refer-
ence, distortion free video exists, the algorithm comparing it frame
by frame with the sequence that needs to be evaluated. Due to the
frame by frame comparison, the two videos must be spatially and
temporally aligned to obtain relevant results. Temporal synchroni-
sation in particular is quite a strong impediment and can be very
difficult to achieve in practice, because of frame drops, repeats, or
variable delay introduced by the system under test in the other
clip. In spite of that, these methods are the most popular, starting
with the common Peak Signal-to-Noise Ratio (PSNR) and Mean
Squared Error (MSE) metrics and ending with more advanced ones
based on Human Vision System (HVS).
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e No-Reference (NR) quality metrics have access only to the impaired
video so they determine its quality by analysing particular prop-
erties of the received signal. These methods are more practical for
streaming situations since in such situations the original video is
not available and there is no need of synchronization. The down-
side though is that usually they are less correlated with subjective
tests than FR methods.

e Reduced-Reference (RR-VQM) quality metrics are a combination
between NR and FR methods. They need only some information
about the original video to estimate video quality. Their advantage
is that they are more precise in estimating subjective MOS than
NR methods and they require less information than the FR ones.

3.2 Video Quality Experiments

3.2.1 Subjective video quality evaluation for streaming
sessions in wireless environment

To determine the effects of transmission errors over streaming sessions in
a wireless access network, two subjective tests were conducted, one using
the DSIS method and another using the SS procedure. Similar quality
evaluation work has been performed in [24], [25], but usually tests like
these are conducted in a controlled environment with high resolution
screens where image imperfections can be clearly observed by the subject.
Although the experiments described in this section followed the DSIS and
SS guidelines, the equipment used was a regular laptop with a matte
screen and a mobile phone. The idea behind these experiments was to
see how the video impairments are perceived when the video stream is
viewed on a mobile device, with a small screen.

The experimental setup is presented in Fig. 3.1. For both tests,
the devices were connected to a wireless access point, further connected
to the streaming server through an emulated UMTS Rel 99 Dedicated
Transport Channel (DCH) [26]. The emulator can change the allocated
bandwidth and the Bit Error Rate (BER) to simulate packet loss and
packet corruption which affect the image quality. Neither mobility nor
handover has been emulated, but typical varying impairments of the
radio access network are duly reproduced. This means that packets in
transit suffer from stochastic bit error or complete loss, with the help
of Linux NetEm module. The fate of each packet is determined by a
Gilbert-Eliot, two-state Markovian time-correlated error model. In the
impairment stage, bits are flipped according to a Weibull model whose
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parameters are tuned according to measurements from a real life UMTS
network. During the simulations, the RLC Transparent Mode (suited
for video streaming) was considered, with a Spreading Factor of 8, which
limits the bandwidth to 240 kbps.

iﬁate the video on 1 to 5 scale.
% The impairments were:

5. Imperceptible
4. Perceptible, but not annoying |
13. Slightly annoying
12. Annoying

i1. Very Annoying

=k
i

’ g

WiFi A_ccess Streaming Server +
Paoint Network emulator

Limited bandwidth and packet corruption

Figure 3.1: Subjective VQM

DSIS experiment

This test has been performed using the notebook display on which 2
versions of the same video were consecutively presented to the user. The
video sequence was chosen from a popular TV series and encoded using
the latest baseline profile of the H.264 codec. The baseline profile was
needed for the compatibility with the Nokia N95 terminal used in the
SS tests. The video characteristics are summarized in Table 3.2 and
were chosen to match the channel bit-rate available in a typical UMTS
connection.

The reference and impaired clips were streamed and played back in
their original size while the subject was seated in front of the computer
display.

At the transmission stage, two cases were considered: with and with-
out transmission errors. For the first run, the video was streamed without
transmission errors and it was considered to be the reference sequence.
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Video Length 60s
Video resolution 391x256
Video frame rate 15fps
Video bitrate 165kbps
Codec H264 baseline profile
Container MP4

Table 3.2: Subjective quality assessment video characteristics

The second run was with the same video, but this time random packet
loss and packet corruption was emulated. For each different observer, the
seed for the random generation was initialised with the same value, so
the test conditions were similar for each participant. After viewing the
reference and impaired sequence, they had to rate the perceived quality,
using the standard impairment scale presented in Table 3.1.

A total of 16 subjects were asked to participate in this experiment,
with one more than the number of observers suggested by ITU in [23].
The majority were university staff or students, so it is possible that their
common background influenced the scoring process. A wider spread of
social categories should have been used for a better statistical relevance.

SS experiment

This test followed the DSIS one, when the subjects were already accus-
tomed with the procedure and after they have already given their first
vote. The video sequence was different from the one used in the previous
experiment, so the evaluators were not influenced by the results of the
first test. The encoding settings were the same as the ones presented in
Table 3.2 so the results from the two tests can be compared. This time,
the device used for watching the clip was a Nokia N95 smartphone, con-
nected to the same network setup. The experiment consisted in one
streaming session, with transmission errors enabled and with the device
hand held by the observers to their own convenience.

Subjective quality evaluation results

The outcome from the two experiments has been summarized in Ta-
ble 3.3.

The MOS obtained from the SS experiment is slightly better than
the one obtained from the DSIS test. This can be caused by the small
size of the smartphone display where image impairments may be less
visible than the ones viewed on the computer screen. Also, observers
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DSIS experiment | SS experiment
MOS 3.1 3.5
Standard deviation 0.71 0.51

95% confidence interval MOS +0.34 MOS +0.24

Table 3.3: MOS and standard deviation for the two experiments

might have had lower expectations when viewing content on the mobile
phone and this could have increased their general score.
Fig. 3.2 shows the votes of each observer for the two experiments.

Given Score
w
- 8,4

1 2 3 4 5 6 7 8 9 10 11 12 13 14 15 16
Observer

Figure 3.2: Score tests given by each participant, along with the 95%
confidence interval

Conclusion

The two experiments have shown that streaming in a lossy, wireless envi-
ronment has a considerable impact on the perceived video quality, but on
a mobile device with a lower resolution display, the effect is less notice-
able. The subjects considered that watching the impaired video produced
a fair to good overall experience. Such evaluation procedure however is
impractical to deploy in a real streaming scenario because of the re-
sources it requires: available subjects to note the video quality, time to
collect and process the data, or the lack of particular testing conditions
required by the subjective evaluation methods.
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3.2.2 QoE Evaluation of Video Streaming Through a FR
Video Quality Metric

Since subjective tests are not practical for evaluating QoE for streaming
sessions, an objective video quality evaluation experiment was conducted
in order to determine user experience. However, at the time when the
experiments were performed, the FR metrics available were optimised for
the measurement of the performance of video codecs. The tests described
in this section try to evaluate the behaviour of a FR quality metric when
used in a streaming scenario. For this reason, we try to compare the
QoE observed for three common streaming servers by using a publicly
available FR video quality metric.
The experimental set-up combines:

o A dedicated streaming farm running CentOS, where several servers
have been deployed, namely Apple’s Darwin Server, Real Networks
Helix and PVNS - a proprietary server. The streaming farm serves
a limited set of H.264 encoded video sequences. The encoding
has been performed so as to provide several versions of the same
sequence, with various bit rates.

e A Linux-based emulator for a UMTS access link, similar to the one
used for the subjective tests in Section 3.2.1

e A client computer hosting a variety of video players, namely Ap-
ple’s QuickTime, RealPlayer and VLC. Media is delivered as RTP
stream, but signalling with the server goes through RTSP. The re-
ceived video sequences are recorded as played on the screen with
the help of a screen-capture software, and stored for further anal-
ysis.

Tools for QoE evaluation

The main strength of the test-bed is the ability it offers to test the im-
pact on the user experience of a variety of settings through the whole
protocol stack. The drawback of this situation is the huge number of
scenarios that would need to be tested to get a more or less complete
view of the working of the system, hence the need to automate the eval-
uation process as much as possible. To evaluate the Quality of user
Experience (QoE), the MSU Quality Measurement Tool [27] was used
and the Video Quality Metric (VQM) was chosen over other metrics like
Structural Similarity Index Method (SSIM) and Perceptual Evaluation of
Video Quality (PEVQ) since it was supposed to offer the best correlation
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with subjective quality tests at the time of experiment. It relies on Dis-
crete Cosine Transform (DCT) comparison of the reference and processed
frames and has originally been designed to compare the performance of
encoders. The output of the algorithm is a score between 0 and 100, the
lower the VQM score, the better the QoE. However, as it can be seen
during the tests, the scale is not linear as the observed picture quality
is acceptable with a score of 3.5, while a very distorted image (to the
point where one would not tell what is in that picture) gets a score just
above 10. In the experimental set-up, the screen capture of the received
streamed sequence is compared to the original sequence. However, when
the Gilbert-Eliot model switches to the impaired state, bit flips and losses
can get so numerous that they trigger re-buffering at the player. Due
to this re-buffering, the captured sequence loses synchronization with
the original one. Since the metric is computed by comparing the videos
frame by frame, a lack of synchronization biases the computation of the
VQM. Even a small delay, hardly perceivable by a human being will lead
the metric computation software to compare different frames for the two
videos (source and received video). If the frames have different contents,
the result will be a misleadingly high VQM. For example, the VQM score
computed for two versions of the same sequence, the second one being
delayed by a single frame, reaches 4.5 instead of 0. To avoid such a bias,
the recorded sequence has been chopped in several parts whenever delay
and consequent freezing or re-buffering were noticed. The frozen part
has been trashed and the individual parts have been brought back to
synchronization with the original video sequence, such that the VQM
could be computed. Typically, for a recorded video sample of duration,
say, 60s, bs of unsynchronized material was removed. The VQM was
then computed for the remaining 55s of the recorded video sequence.
The QoE estimated with this VQM is optimistic, but still realistic, as
long as the frequency and the duration of re-buffering events remain low.
A similar issue should have affected the authors of [28], but this is not
discussed in their paper.

VQM results

First tests were performed using one of the official H.264 video samples
delivered with Darwin streaming server (known as Darwin sample). It
contained one video stream encoded at 175kbps and one audio stream
encoded at 48kbps, so a total bit-rate of 220kbps. As shown in Table 3.4,
the results obtained were good, with a low VQM score for each stream-
ing server. This can be explained by the very basic graphical content
of the Darwin test sequence. Indeed it just shows an animated Quick-
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Server Darwin | Helix | PVNS
Average MOS score 3.52 2.98 4.3

Table 3.4: VQM results for Darwin sample sequence

Server Darwin | Helix | PVNS
Average MOS score 12.1 114 11.9

Table 3.5: VQM results for the Leopold sample sequence

Time logo, with the background always remaining white. Therefore, to
run deeper analysis, a locally created H.264 video sequence was chosen
(known as Leopold sample), which contained more motion, encoded at
200kbps. Figures 3.3, 3.4 and 3.5 present three received frames from
the second streaming sequence, with increasing VQM values, and hence
degraded user experience. The samples were taken from the tests per-
formed with Darwin streaming server and watched with VLC. Table 3.5
summarises the VQM results for the tests with Leopold video sequence.
The computed score is around 11-12, which is fairly bad. In the worst
case, scores of 3-4 are acceptable for a short period of time, as it can be
seen from Fig 3.4. Clearly, the QoE is quite unsatisfactory.

— __.__J. —= ==

Figure 3.3: Sample Frame with VQM = 0.6

Fig. 3.6 shows the evolution of the VQM score for the entire Leopold
sequence. Its 991 frames were transmitted with 5,105 RTP packets.

The main source of errors in the video is the packet corruption at
the NetEm module emulating the behaviour of a real UMTS network.
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Figure 3.4: Sample Frame with VQM = 4.3

Figure 3.5: Sample Frame with VQM = 10.8

Although the network conditions are the same for each stream, each
server behaves in its own way, which results in different VQM evolution
patterns. In Fig. 3.6, the disruptions where the VQM fluctuates abruptly
are related to state switches in the Gilbert-Eliot model. This behaviour
emulates the burstiness of wireless bit errors [26]. However, the same
behaviour is encountered when the corrupted packet is part of an I frame.
This frame can not be decoded, nor the P and B frames that depend on
that I frame. Since one frame is transported in several RTP packets,
the chances that an I frame gets affected can be significant. To the best
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Figure 3.6: Evolution of the VQM score

knowledge of the authors, there is no threshold value on the VQM for
the streaming scenario. Hence, we considered that a VQM smaller or
equal to 3.5 is acceptable, which would correspond to a subjective MOS
value of about 3 (Fair video quality). This threshold is illustrated on
Fig. 3.6, where it appears that the VQM is most of the time above that
threshold.

Fig. 3.7 is derived from Fig. 3.6 and it plots the cumulative histogram
of the VQM data. The bins span from VQM = 0 (ideal case) to VQM
= 24 (worst case observed), with a bin width of 3.5. The threshold and
the mean VQM are also marked on Fig. 3.7, with vertical bars. From
the cumulative histogram, Helix appears as a better performing server
than the two other ones, as it exhibits a higher number of frames with
good video quality (e.g. VQM below threshold) and a lower number of
frames of poor quality (above threshold).

Traffic analysis

To understand why the quality fluctuated so much, a detailed traffic
analysis was performed. Packet sniffer Wireshark was used to capture
the RTP stream at the client. With the data contained in the RTP
protocol it is possible to monitor the packet loss for the whole stream,
or the delay and the jitter for each packet. In Fig. 3.8 the pattern of the
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Figure 3.7: Cumulative histogram of the VQM scores

delay for each streaming server can be observed. Because the sequence is
streamed in UMTS Rel’99 Transparent Mode, the network impairments
have no impact on the delay, as there is no retransmission triggered. The
delay exhibits a periodic pattern as shown on Fig. 3.8, which zooms on
the beginning of a streaming session.

Fig. 3.8 shows that each server has a different delay pattern. PVNS
has the lowest average delay (27.4ms), while Darwin and Helix have an
average delay of about 32ms, as computed by Wireshark. However, the
VQM score does not seem to be correlated to the delay pattern.

Conclusion of the VQM measurements

The Quality of Experience observed in this experiment was rather bad,
which was confirmed by the VQM results. Although designed for codec
comparison, the VQM metric can be used successfully to assess the video
quality of streamed content. With a FR objective quality evaluation tool,
the service provider could run several off-line tests to choose the optimal
encoding parameters for a video to maximise the QoE over a specific
type of access network. On the other hand, the synchronisation issues
and the fact that the original video is needed for quality evaluation, does
not make it a reasonable solution for real time measurements.
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Figure 3.8: Delay evolution (zoom on the first 50 RTP packets)

3.2.3 Real time QoE evaluation using a NR-VQM algo-
rithm

As described in the beginning of Section 3.1.2, the best method suited for
evaluating QoE of a streaming session in real time is to use a NR quality
metric. There are several NR-VQM algorithms proposed in the litera-
ture that take into consideration different aspects of video degradation to
compute the MOS, but the most common impairments having a signifi-
cant impact on the perceived video quality are those that affect temporal
aspects of the video, like jitter and jerkiness [29]. In [30] and [31] the
authors propose an algorithm that is based on the movement vectors
of the video, in [32], [33] and [34] motion discontinuities and clearness-
sharpness degradations are used to estimate the MOS, while in [35] the
authors propose a model based on blurring, block distortion and jerk-
iness/jitter. When choosing the right method for evaluating QoE in
a streaming session over a wireless channel, several aspects have to be
considered [4]:

e the model must have a good correlation to the subjective MOS

e it has to be suited for use in wireless conditions characterised by
frequent packet loss and low bandwidth
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e it has to perform well even on small resolutions typical of mobile
phone displays

e the computational complexity of the algorithm has to be as low as
possible so it can to be implemented on mobile devices

In [4] several NR-VQM models, including the ones mentioned above,
were analysed taking into consideration the characteristics of streaming
sessions over wireless networks. The optimal solution seemed to be of-
fered by the model based on motion discontinuities, proposed in [33],
which was implemented as a plug-in in the GStreamer framework. Mod-
ified in this way, the media player analyses the image quality of the
received stream every 400ms and gives a score that ranges from 10 to
100, 100 representing excellent quality. From the tests done with the
enhanced media player in [4], some observations can be made about the
behaviour of the NR-VQM implementation:

e there is a delay of 2-4s between the time when losses or high jit-
ter appear in the network and the moment image degradation is
detected. This delay depends on the buffer size of the GStreamer
media player.

o there is a larger delay (between 10 and 20 seconds) between the
moments the network perturbations stop and the video quality
score goes back to the maximum value. The delay is proportional
to the level of image degradation, as detected by the algorithm.

3.3 Concluding remarks

Part II presented the elements that define the quality of a streaming
session and some of the methods used to determine them. The QoC
can not be measured since it is purely subjective and depends on the
preferences of the user. The content however has to be transported over a
telecommunication network to the viewer and to successfully accomplish
this, the network has to guarantee a certain level of QoS. Throughput,
packet loss rate and latency are the main parameters that determine
the QoS and Section 2.3 has shown that by measuring the variations
of RTT and packet loss, one can detect if the QoS level assures the
correct delivery of the media stream. When there are losses or high
jitter present in the network, the video quality can be degraded which
affects the overall experience of the user. Picture quality is therefore an
important element of the streaming experience and it is necessary to be
able to measure it. The subjective quality evaluation experiment showed
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that watching impaired content on a small device may hide certain image
artefacts, making the viewing experience better from this point of view
when compared to a large display. The second experiment described
how a Full-Reference metric, originally created to compare video codecs,
could be used to measure the impact of network degradation over the
video quality. But, as pointed out in the two experiments, both methods
are not suitable to determine QoE in real time, so a No- Reference video
quality metric should be used for this purpose. The work performed
in [4] and [29] shows that motion based video quality metric is the most
suitable for a streaming scenario and the algorithm presented in [33]
and [34] has been implemented as a plug-in in the GStreamer framework.
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Chapter 4

Reporting QoS parameters

Typically, a streaming session is a one way process, with the media flow
being sent from the server to the receiver. As discussed in the previous
chapter though, there are a lot of elements that can be evaluated to
determine streaming quality, but most of them have to be computed at
the client side, so it is necessary to have a way to send those parameters
back to the server. This is why in practice there is some type of message
exchange between the two entities mostly to provide feedback on the
quality of the data distribution.

4.1 RTCP protocol suite

The RTCP protocol suite is part of the RTP/RTCP standard [1] and is
the default method for sending feedback information from the player to
the server in a streaming scenario. It was designed to help the streaming
server perform the following actions:

e to monitor and diagnose network problems

e to identify different media flows and to perform synchronization
between flows if necessary (for example between video and audio),
by using a unique identifier for each media stream: Canonical Name
(CNAME)

e to compute the sending f