58 IJCSNS International Journal of Computer Science and Network Security, VOL.12 No.2, February 2012

Control of QoE based on Algorithms for the Disposal
of Packets concerned with Streaming Video in
Wireless Networks

Paulo Bezerra®  Adalberto Melo?®  Allan Costa?®

Carlos Quadros®®

Antonio Abelém?  Eduardo Cerqueira'®®

Federal University of Para (PPGEE/UFPA), Po Box 479 - 66075-110 Belém - PA - Brazil*
Federal University of Para (PPGCC/UFPA), Po Box 479 - 66075-110 Belém - PA - Brazil®
Research Group on Computer Networks and Multimedia Communications (GERCOM/UFPA)?

Summary

Following decades of research, the multimedia networks remain
a great challenge; however, the modern multimedia wireless
networks with video streaming and Internet Protocol voice, have
been attracting special attention due to factors such as mobility
and heterogeneity in the devices that are used, which can
influence the quality of a user’s experience in a particular
application or service. This article compares two algorithms for
the disposal of packets in wireless networks based on the quality
of the experience of the user with video applications when there
is multimedia traffic congestion in the wireless networks and
where the results obtained surpass those of the wireless networks
which lack control of disposal.
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1. Introduction

In the last few years, the wireless networks have, to a great
extent, evolved into Next Generation Networks (NGNSs)
and formed a new structure which enables there to be a
convergence of data, voice and multimedia applications on
a transport platform that allows applications such as IP
voice, known as Voice over Internet Protocol (MolP) to
have mobile access to the Internet and video streaming.
One of the technologies used to make these services
available is the Wireless Local Area Network (WLAN),
which has components that are currently inexpensive
enough to be used in periods of relaxation and can be used
to share an Internet connection with the whole family.
Developments were made in the transmission patterns of
the protocol owners but at the end of the 1990s, these were
replaced with patterns belonging to the various IEEE
802.11 Wi-Fi versions (Wireless Fidelity).

Currently, the Wi-Fi networks are the wireless connectivity
standard for the local networks. As a proof of its success,
one can cite the increasing importance of Hot Spot (the
site where the Wi-Fi technology is available) and the
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growing number of portable computers equipped with
wireless interfaces (standard 802.11).

Based on the increasing demand for multimedia services in
recent years, such as video streaming, Voice over Internet
Protocol (MolP) and Internet Protocol Television (IPTV),
together with the proliferation of mobile devices, the
demand by users for this type of service has been
increasing owing to the ease of access provided by any
device.

Mobile and modern devices such as laptops, Personal
Digital Assistants (PDAs), intelligent telephones and
Portable Media Players (PMPs) have evolved into
powerful portable computers which  have access to
multimedia material. There is a steady rise in the number
of users making use of mobile devices to watch videos that
are transmitted through the wireless networks and which
require a broader range of material of a higher standard.
The forecasts for the telecommunications market show that
multimedia applications will be among the main services
for the networks in the next generation.

These applications usually require time for a quick
response on the network and have a low rate of packet loss
along their routes in order to maintain their quality at an
acceptable level. However, owing to the nature of the
networks based on packets, there are several kinds of
wireless network failings that can cause a considerable
degradation of the flow, although the effect of these
failings on the requests may be trivial if they are not
noticed by the end users.

At the same time, owing to the limitations of the
traditional Quality of Service (QoS) metrics regarding the
evaluation of multimedia applications at the level of the
user, new Quality of Experience (QoOE) metrics have been
introduced.[3].These metrics use a more in-depth analysis
of the flows to ensure the evaluation is better; they take
into account the specific features of each multimedia
application such as the codifiers and decodifiers
(CODECS) and the loss and delay tolerance.

This concept was also investigated with the aim of
providing new network control functionalities and a QoE
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that ensures the spreading of multimedia material through
cable and wireless networks with scant resources.

In one of the works that are described, the writers describe
an algorithm to calculate the required bandwidth for
Variable Bit Rate (VBR) multimedia services. The
calculation is based on the mapping of a QoE descriptor to
calculate the anticipated amount of loss [4].

This study will investigate two algorithms that employ an
intelligent way of disposing of video streaming packets
in wireless networks that take account of QoE where two
metrics will be used to measure the degree of quality
perceived by the user: the Peak Signal to Noise Ratio
(PSNR) and the Structural Similarity Index (SSIM). Apart
from this introductory section, the article comprises five
other sections. In Section 2, there is an account of work
related to the subject of this research. In Section 3, the
QOE metrics are described and Section 4 outlines the
algorithms for the planned disposal. Following this, in
Section 5 a case study is examined in which simulations
were carried out to verify the performance of each disposal
algorithm and which took account of a group of images
with 10,15 and 20 GOP (Group of Pictures) frameworks.
Finally, in Section 6, there is a discussion of ideas and
recommendations for further studies.

2. Related Work

Research studies have shown that the transmission of
multimedia material through the Internet in real-time is
becoming increasingly popular and taking up more
resources of the world network of computers. At the same
time, more attention is being paid to the quality observed
by the end user, and an increasing amount of importance is
being attached to concerns about the influence that
multimedia applications in real-time can exert on other
kinds of flow that travel through the Internet. However, the
use of control algorithms for multimedia traffic envisages
the guarantee of QoS and QoE for both fixed and mobile
users in the wireless networks.

In one of the studies, the authors [04] provide an algorithm
to calculate the required widthband for Multimedia
Variable Bit Services (VBR). The calculation is based on
the mapping of a QoE descriptor that assesses the quality
perceived by the users and a QoS descriptor to calculate
the anticipated amount of loss. Three metrics were used to
measure the quality perceived by the user: the Peak
Signal to Noise Ratio (PSNR), Structural Similarity Index
(SSIM) and the Video Quality Model (VQM).

The model for the planned system estimates the width of
the band that is needed for the degree of quality required
for the flow. The reservation of the band is divided into
two stages. In the first stage, the method determines the
amount of loss for the end user. In the second stage, the
width of the band required is calculated on the basis of the

maximum loss permitted. This second procedure is
designed by means of a form of alignment — Discrete Time
Markov Chain — which determines the process of arrival to
the video file and is based on the H.264/SVC codec. The
video model outlined by the authors has not been devised
to provide an exact description of the original video, but
rather to allow an efficient reservation for the band.

In another study, the writers outline the techniques of
Automatic Network Management (ANM) that automize
the reservation of resources in traffic engineering through
the metrics of user satisfaction. Even though assessing
QOE requires a set of metrics that is able to evaluate the
satisfaction of the end user in an objective way, in practice
the evaluation becomes a complex process because it
involves a series of subjective factors. These factors are
not usually related to the performance of the network but
may be, for example, to do with the humour of the user or
the responses of the system, as opposed to the classic
assessment platforms of QoS which are based on the
network. The current limitations of the systems employed
for the mediation of QoS with regard to subjective factors
regarding human perception, are analysed by the authors
with the aim of understanding the new challenges that
arise in the evaluation of QOE in the delivery of
multimedia systems. This analysis is carried out to allow a
more precise assessment of the degree of quality
experienced by the users. The authors evaluate multimedia
traffic through the network by employing QoE
mechanisms which seek to define which metrics are suited
to an evaluation of quality. These metrics were divided
into two distinct categories, which are called Direct
Metrics when they are obtained form various types of data
in different layers and requiring specific information about
the performance of the network. The Indirect Metrics take
account of the properties that affect the multimedia
experience but are not directly related to the quality of the
multimedia material.

In another study, the authors [06][07] discuss tests for
evaluating the impact of different time periods on the loss
of packets. In practice, the loss can occur because of a
temporary loss of connectivity following link failures or
among those of us in the network, where the best and the
worst scenarios regarding the MPEG transmission flow
can be identified. The tests that were conducted show how
each scenario can be used to verify the kind of artifacts
displayed and the impact of QOE on the spectator. These
tests were carried out in consecutive periods when there
was a loss of IP packets, which vary from 10ms to 500ms
for the movement of the high-resolution video and for the
Standard-definition (SD) and high-definition (HD)
resolutions. It was found that in the tests carried out, the
same conclusions that were reached for SD, apply to HD
and that there were no significant differences between SD
and HD during a period equivalent to that of the packet
losses.
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3. QOE Metrics

At present, there is an increase in the number of studies on
the Quality of Experience (QoE) although not many are
centred on subjective and objective technical indicators.
The relationship between the technical quality parameters
and subjective indicators can be regarded as a concept that
comprises both the objective side (such as, for example,
the parameters related to the network) and the subjective
(for example, contextual parameters concerning the user).
Most of the definitions and empirical studies with regard
to QoE tend to stick closely to the logic of technology and
disregard the subjective experience of the user[8]. As a
result, they do not interact with concepts from other areas,
such as for example, Human Computer Interaction, in
which the “User Experience” and “Usability” are bound up
with QoE and are of great importance.

QoS | APLICATION/SERVICES
QUALITY OF SERVER
LIMITED EFFICACY NETWORK
ITS PERFORMANCE DEVICES/PHONE
AND SPECIFIC
DEVICES
Qe auauryor
USER'S WILL WORK WELL
VIEWPOINT ENOUGH FOR YOU?
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CONTEXT EXPECTATIONS CONT. AMBIENT

CONT. PERSONAL AND SOCIAL
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Figure 1: Diagram of the aspects and metrics of QOE[9]

The existing metrics of QoS, such as the rate of packet loss
and delay, are usually used to indicate the impact of the
performance of the network on the delivery of requests.
However, the conventional QoS metrics only supply
information about the state of the network (the level of the
packet). Metrics such as the perception and awareness of
the user of video traffic must be taken into account to
increase the control over the information in the network.
New metrics, known as QoE metrics, have appeared. The
QoE metrics enable the control and evaluation systems to
know how the user is selling the service and are divided
into subjective and objective metrics [10][11]. In the case
of subjective methods, a group of assessors who are in
particular visualizing conditions, evaluate the “quality”
material of video streaming. The results are handled in a
statistical way to obtain a full picture of the perception of
the user [12]. However, these measures are relatively slow
and expensive, and cannot be used for evaluations in real

time. The objective metrics are based on mathematical
models which seek to approximate to the results of the
subjective metrics. Owing to overloading caused by the
objective metrics in the system, some methods cannot be
used in real scenarios and are mainly used for purposes of
simulation with the PSNR and SSIM metrics.

The PSNR [13] is a complete set of references for metrics
used in the evaluation of the video. To calculate the final
quality, this metric makes use of a mean value for the
difference between the values of luminosity of each pixel
of the original processed moulding. Apart from the fact
that it is fully utilized, owing to its low level of complexity,
the PSNR metric only provides an indication of the
difference between the received frame and a reference
signal during the evaluation of factors such as the Human
Visual System (HVS). To make a comparison that takes
account of the structure of the objects and provides a better
evaluation, the SSIM metric breaks down the images that
have been sent and received while taking note of the three
HVS components — luminosity, contrast and structural
distortions [14].

4. The Projected Algorithms

Currently, the standard 802.11 wireless networks offer
little QoE support for video streaming applications. In the
videos that are codified in the MPEG format, the frames
can be divided into 3 types. These are Type 1 frames. Type
P frames and Type B frames and each kind of frame has a
role of a different importance that can directly influence
both the ultimate quality of the video and the evaluation of
the user [15]. If this feature is observed, it becomes
possible to improve the regulatory elements of the traffic
by means of a configuration, without overburdening the
network resources to the extent of exerting any kind of
influence on the flows in operation.

When the differences between the video flows and the
CODEC parameters are taken into account, as well as the
interdependence of the frames and the other requirements
of QoS and QoE, it becomes more apparent why there is a
need for algorithms that are intelligent and different from
those currently being employed to improve the quality of
the transmissions of video streaming and efficiency in the
use of the network resources. In this scenario, it is
necessary to improve support for QoE with regard to video
streaming in the wireless networks, since this technology
that provides access to the network can be regarded as one
of the most important among the new network
technologies. These algorithms should take account of the
influence of the video streaming traffic on the perception
of the end user in congested networks by improving the
traffic regulators in accordance with the current conditions
of the network, QoE, dependencies and the importance of
the frames. The algorithms must be flexible with regard to
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the need to make a transition from a mobile unit (UM),
from one cell to another, in a way that is sufficiently
transparent for the user to allow the continuity of the
services and applications being undertaken, and also with
regard to the need for alterations in the network devices
and terminals of the users.

Two algorithms that seek to meet the requirements referred
to earlier, are discussed here: they envisage an
improvement in the quality of video experience from the
perspective of the user and are algorithms focused on
disposal and based on the control of inter-flow packets.
Although they may be beyond the scope of this work, the
algorithms can be configured so that they can be used in
networks with different QoS models, as well as in wireless
networks and mobile technologies, such as the 802.11 and
802.16 standards for the wireless network. With regard to
the question of interoperability, since the framework of
packetsand routers are responsible for providing the
procedures required for the control of admission and
congestion, they do not need to undergo extensive
alterations to support the algorithms that are recommended
and only minor modifications need to be carried out.

4.1 Algorithms Prioritizing Disposal (ADP)

In accordance with the MPEG codification framework,
some frames are more important than others due to the fact
that the number of frames depends on others that are being
reconstructed. As in one GOP, all the frames are dependent
on an | Frame, the | Frames are regarded as more
important that the other frames. In the case of the P Frames,
although their frames depend on the | Frames, they also
possess frames that depend on the | Frames that will be
reconstructed. Thus, these are also important although they
are less important than the | Frames .

Finally, since the B Frames do not possess frames
dependent on it, they become frames of a type that is less
important and which have less impact on the experience of
the user. The Algorithm Prioritizing Disposal (ADP)
accounts for the degree of importance of each type of
frame from the codification framework (MPEG) and
includes a system for the disposal of packets that attains a
control of the level of video streaming based on the degree
of importance of the type of frame. When an | Frame is
marked to be rejected, a verification procedure is carried
out to check if there is a packet in the waiting file that
contains a Type P or B. If one exists, it is better to carry
out the disposal of a packet containing an | Frame. This is
because the number of dependent frames is greater than
the number of frames dependent on a P or B Frame. It also
makes it more important since it reduces the loss of these
types of frames and as a result, has a smaller impact on the
final quality of the video with regard to user perception.
Thus, an exchange occurs of the rejected packet containing

a Type | frame for a packet containing Type P or B. Owing
to its degree of importance, the same process takes place
when a P Frame is marked to be rejected, since this time a
process of verification is carried out to check if there is a
packet in the waiting file containing a Type B frame. If this
is the case, the B Frame is rejected instead of the P Frame.
This is also due to the degree of importance and the packet
containing the P Frame, which will be rejected, is entered
in the waiting file, and this also reduces the impact on the
final quality of the video, as is seen in Figure 2.

packet

Queue is Full? Adding packetin queue J

18 drop the less importance
packet of queue

YES

Exists less
importance
packetinthe
queue?

drop packet

Figure 2: Flowchart of the ADP functions

Table 1 below, shows the logical pattern of the algorithm
in a simplified form to highlight its functions.

TABELA 1. DISCARD ALGORITHM FOR PRIORITY (ADP)

1 if queue.isNotFull():

2 queue. add (packet) ;

3 else:

4 if packet.containsFrameType('B’):

5 drop (packet) ;

6 else:

7 packetToDrop :=
queue.getFrameType ('B’) ;

8 if packetToDrop <> null:

9 queue .drop (packetToDrop) ;

10 queue. add (packet) ;

11 else

12 if packet.containsFrameType('P’) :
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13 drop (packet) ; with a broken dependence in the file. If a packet is rejected,
14 else: but does not have a broken dependence in the file, it is
20 packetToDrop = checked to determine if there are packets with a frame
queue.getFrameType ( ‘P’ ) ; with a b_roken depenqlence_ in the file. If this is the case, the
21 - - packet in the file is rejected and the entry packet is
if packetToDrop <> null: included in the file.
22 queue .drop (packetToDrop) ;
23 queue. add (packet) ; TABELA 2. ALGORITHM FOR DISPOSAL DUE TO BREAKAGE (ADQ)
24 else: 1 if queue.isNotFull():
25 drop (packet) ; 2 queue.add (packet) ;
3 else:
. . . 4 if
4.2 Algorithm for Breaking Disposal (ADQ) queue . getFrameBrokenDependencies (packe
. . . . . t):
The purpose of this rejected algorithm is to improve the ) -
management of the network resources and thus make it drop (packet) ;
possible for the quality of the video streaming applications else:
to be stabilized to a satisfactory level. The ADQ is based 7 packetToDrop :=
on the interdependence between the frames and the queue.getFrameBrokenDependencies () ;
perception of the user. This algorithm checks when the file 8 if packetToDrop <> null:
is full and allows the packet that is to be rejected to be 9 queue . drop (packetToDrop) ;
retrieved by checking whether there are packets 10 cue. add (packet) ;
containing frames in the file with a broken dependence, or b - P .
rather, ensuring that if the frames that will be reconstructed, 11 else:
whether they have failings or not, can be reconstructed at 12 drop (packet) ;

their terminal point, in accordance with what can be seen
in Figure 3.
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Figure 3: Flowchart of the Functions of ADQ

As shown below in Table 2, the logical pattern of the ADQ
algorithm, in the case where a packet is marked to be
rejected, is first checked to establish if it contains a frame

5. Results From The Adopted Algorithms

It can be observed that in our previous items, the
differences have already been established between the
objective and subjective QOE metric objectives and those
that concern the algorithms with rejected packets in the
wireless video streaming networks. It should be stressed
that the factors being considered are restricted to the
performance of the rejected packets and not the QoE
metrics. In the light of this, this article compares the
algorithms affecting the disposal of ADP and ADQ with a
wireless network without any control of rejection.

5.1 Methodology

The purpose of the experiment was to simulate the
performance of the algorithms rejected from the packets
while including important factors in the wireless networks
such as the PSNR evaluation, SSIM, the sizes of GOP and
the rates of congestion in the network. To achieve this, a
series of measures were undertaken by means of a
simulation tool for networks called the NS-2 Network
Simulator with modules for the 802.11 standard for the
wireless network and multimedia traffic with the aid of the
evaluation tool of the Evalvid video [17].
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5.2 The Simulation Scenario

The scenario is formed of a fixed node source and a
mobile receptor which is displaced from a home network
to a foreign network (RE) and was used to compare the
algorithms outlined in this study by analysing the
performance for different values of the size of the GOP.
Video flows and VolIP flows were used for all the scenarios
with a better strength and density of traffic, since each
flow was mapped out in a category with a different 802.11
access standard. The flows were divided into access
categories as follows: VoIP for AC_VO, the video flow for
AC_VI, the better strength traffic for AC_BE and the
dense traffic for AC_BK. The foreman video from the
Common Intermediate Format Sequences (CIF), was used
with 30 frames per second (fps), between each P frame,
two B frames and a bit rate of 320 kbps and different sizes
of GOP.

5.3 Results

The following section shows the results of the simulations
which compare the algorithms for the disposal of the
packets. The algorithms were submitted to a scenario with
different GOP sizes (10,15 and 20) and with different rates
of congestion in the network (from 50% to 150%). The
results found with regard to the video flows are shown in
Figures 4 — 6 for the PSNR metrics and Figures 7-9 for the
SSIM metrics for each rejected algorithm in this study and
for situations when the rejection algorithms were not made
use of. Figure 4 shows when the GOP possessed a frame
with 10 frames; with regard to the PSNR metric, it was
observed that they all equalled up to 85% of the
congestion. In a range of 85-115% and of 125-135% of
congestion, the ADP obtained a better evaluation. The
ADQ obtained a better evaluation in a range of 115-125%
of congestion.
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Figure 4: The PSNR Metric with GOP 10

Figure 5 shows that when the GOP has a size of 15 frames
with regard to the PSNR metric, it was observed that

practically all of the frames have the same evaluation — up
to 100% of congestion.

In a range of 100-135% and approximately 148-150% of
congestion, the ADQ has a better evaluation. The ADP
obtained the best evaluation in a range of 135-145% of
congestion.
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Figure 5: the PSNR metric with GOP 15

Figure 6 shows when the GOP has a size of 20 frames with
regard to the PSNR metric; it was observed that all of the
frames have the same evaluation of up to 105% of
congestion. When the congestion is at 125%, in the range
of 125-140% or when it is at 150%, the ADQ has a better
evaluation. The ADP has a better evaluation when the
network is at 110%, 120% and 145% of congestion.
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Figure 6: PSNR Metric with GOP 20

Figure 7 shows when the GOP has a size of 10 frames
based on the SSIM metric; it was observed that all of the
frames had the same evaluation of 50-85% of congestion
and were in the range of 130-150% of congestion. When
the congestion is in the range of 90-110% and when it is at
125%, the ADP has a better evaluation. The ADQ has a
better evaluation when the network is at 115% of
congestion.
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Figure 7: The SSIM Metric with GOP 10

Figure 8 shows when the GOP has a size of 15 frames
based on the SSIM metric; it was observed that all of the
frames had the same evaluation with almost all the rates of
congestion. When the congestion is at 145% of congestion

its evaluation is the same as that of standard 802.11.
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Figure 9 shows when the GOP has a size of 20 frames
based on the SSIM Metric; it was observed that all of the
frames had the same evaluation with almost all the rates of
congestion. The ADQ and ADP have a better evaluation
when the network is between 135-145% of congestion.
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Figure 9: SSIM Metric with GOP 20

The ADP attained more stable PSNR values for all the
congestion values, regardless of the size of the GOP, and
better SSIM values at moderate levels of congestion when
the GOP had a size of 10 and advanced levels of
congestion when the GOP had a size of 15. The reason for
this is that in the other levels of congestion, the ADP was
equal to those of the other algorithms, where it should be
noted that no packet was rejected that contained the I
Frame. The ADQ showed values for the SSIM evaluation
below that of ADP at some periods of the congestion and
moderate PSNR values of quality although it had shown
higher values for the lost frames, including the Type 1
frames, due to the fact that it had an algorithm for the
disposal of packets through a breakage of dependencies.

6. Conclusion and Recommendations for
further studies

The demand for new aggregated multimedia applications
for mobile devices has acted as a driving-force for research
to seek new wireless network standards. At the same time,
it remains a challenge to improve the efficiency of the
multimedia applications for both fixed and mobile users.

In this article it has been possible to analyse a hypothetical
scenario through the assessed results emerging from a
simulation that involves the implementation of two
algorithms for the disposal of packets in an intelligent way.
The ADP and ADQ, which only affect video flows, do not
affect the quality of other multimedia flows and maintain a
quality equal to that of standard 802.11.No rejection of the
packets of the VoIP flows has occurred because it is a flow
of high priority and the network possesses sufficient
resources. The standard 802.11 only shows a small
reduction in the level of the quality of VoIP due to the
increase of delay and jitter with the congested network.
With regard to the standard 802.11 wireless network,
without the use of algorithms for the disposal of packets,
the rate of loss of packets is low. Moreover, it has high
values of traffic congestion caused by dense traffic
controls which had a powerful effect. The network
envisages that it can guarantee support for video flows of
quality and shows a good video quality for all the values of
congestion.

However, the regulator of the service does not distinguish
between the I,P and B frames and has random values of
loss for each type of frame. In this context, there could be
an improvement in the quality of video if, to achieve this,
the importance of each type of frame was taken into
account. Future studies could be undertaken into the
question of the union of two algorithms (ADP and ADQ)
while it is noted that the ADQ does not take account of
frames of less importance without a broken dependence on
the rejected packets.
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