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Abstract

Following the rapid development of mobile infrastructure and hand-held user devices like
smartphones and tablets, the way that mobile networks have been utilized has changed
accordingly. Users are no longer using their phones just to talk to and message each other,
but have migrated most of their multimedia consumption to these devices. The increased
network strain and reduced profit margins that new services bring to the table might lead
to future decoupling between revenues and expenses in the network. In order to avoid this
scenario various different strategies have been proposed and one of them is introduction
of QoS/QoE related resource allocation techniques. This thesis looks at Interruption
Prediction scheduler which tries to predict and prevent audio or video interruptions
experienced during video conference call. In order to test the performance of these
schedulers, MATLAB simulator reusing some of the functions from RUNE toolbox has
been used. Results of the newly presented algorithms are compared with a QoE/QoS
agnostic scheduler.
Unfortunately results of these schedulers in the case of video conference are not as

promising as they were in the case of some other types of services. The research done
shows that these modifications of the scheduling algorithms do not help to increase the
network performance in terms of observed KPIs (Total Time of Interruptions, Frequency
of Interruptions and network throughput) in most of the described scenarios. However,
there are some special scenarios when these schedulers show a certain potential.

Keywords: Quality of Experience, Radio Resource Management, Video Conference,
resource allocation.
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1 Introduction

1.1 Background
Since the introduction of GSM (Global System for Mobile Communications) in 1992[1],
mobile communications have been developing at an incredibly fast pace. We have expe-
rienced this technology advance trough both network infrastructure and hand-held user
equipment. The first few evolutionary steps for GSM were the introduction of GPRS
and EDGE, in 2000 and 2003 respectively[2]. Main contribution of these technologies
was possibility to send and receive data. Technologies that came after, primarily UMTS
and LTE in Europe, were mostly expanding on the amount of data that could be trans-
ferred trough the network and speed at which this could be done[3]. In parallel, mobile
phones have evolved from simple devices, used for voice calls and messages only, into
sophisticated gadgets capable of playing multimedia files, Internet browsing, GPS navi-
gation and even multimedia content production trough integrated cameras and advanced
hardware and software capabilities. Furthermore, new types of user equipment such as
tablets, communications modules for smart appliances and mobile broadband modems
entered into the mobile communications scene.
This has led to a huge growth in both traffic and number of subscriptions over the

passing years, and predictions are that traffic will continue to further increase at a fast
pace. Based on reports by Cisco and Ericsson, mobile data traffic is expected to rise at a
Compound Annual Growth Rate (CAGR) of 40% to 57% in the time period between 2014
and 2019 [4][5]. Graphical representation of this trend is shown in the Fig. 1.1. Mobile
broadband is growing not only compared to what it used to be before, but compared
to all other means of accessing the Internet. Ericsson further predicts that 90% of all
subscriptions will be mobile broadband subscriptions by the year 2020. These changes
in network infrastructure and equipment lead to changes in the users behavior, due to
the number and diversity of the new services offered, but also due to expanding interest
for the new technologies among the users.
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Figure 1.1: Global mobile traffic breakdown[4]

If we come back to Fig. 1.1, we can see that the time when voice was dominant type of
traffic in the mobile networks is long gone, and that it has been replaced by mobile data.
Furthermore, if we look at the Fig. 1.2 we can see that compared to the other services
voice share in the total network traffic has become almost negligible. Additionally, we
can see that it has been replaced by multimedia services and especially video streaming
which is projected to account for 55% of all mobile traffic by the year 2020.

Figure 1.2: Mobile data traffic by application type[4]
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It was mentioned before that gradual network improvements have allowed for all of
these changes to happen, but there are some concerns that Radio Access Network (RAN)
might not be able to follow the rapid traffic expansion in the future. This could lead to it
being a possible bottleneck of multimedia communications in many scenarios, especially
when large number of users are in play[6].
One important thing to have in mind is that the revenues coming from mobile data

are significantly lower per bit produced compared to the ones coming from voice and
messaging services [7]. This fact combined with the general traffic trends described
before, might lead to a generation of so called revenue gap or scissor effect (Fig. 1.3).

Figure 1.3: Revenue gap projection [8]

Regardless of how serious one regards this problem, it is obvious that the operators
will have to adapt to these changes. The most common ground is that they can do this
either trough offering new services and/or making their networks more cost effective[9].
Traditional approach to network and service design is closely related to the Quality

of Service (QoS) 1, which is an important concept from both user’s and operator’s
perspective. Different multimedia applications have different bandwidth, data storage,
delay, jitter and sensitivity to error requirements which are all taken into account trough
QoS. Depending on the service being used and network and wireless channel state, these
parameters can have a noticeable impact on the way user perceives the received service.
In order to understand this impact we need to define user’s service perception and

satisfaction, which is done using Quality of Experience (QoE). There are multiple def-
initions to what QoE actually means. The ITU-T officially defines it as the overall
acceptability of an application or service, as perceived subjectively by the end-user[11].
However this definition is rather old, and in the meantime the scientific community has
mostly agreed on the following definition: "Quality of Experience (QoE) is the degree
of delight or annoyance of the user of an application or service. It results from the
fulfillment of his or her expectations with respect to the utility and/or enjoyment of the

1In ITU-T P.10 [10],QoS is defined as "totality of characteristics of a telecommunications service that
bear on its ability to satisfy stated and implied needs of the user of the service."
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application or service in the light of the user’s personality and current state"[12].
From the definition we can see that even compared to QoS, QoE is useful as it takes

into the account more than just technical performance of the network, including the
subjective experience of the user that is hard to describe using only technical terms. It’s
within operator’s interest to keep the QoE of its users as high as possible in order to
keep them loyal and willing to keep using the services that it offers.
As we mentioned before, the most natural course of action for the operators in order

to stay competitive, is to offer innovative new services and make their networks more
cost effective. The main idea of this thesis is partly connected to both of these options.
Taking into the account customers QoE can lead to creation of new services, but if used
in the right way it can also lead to a novel way of network deployment trough modified
resource management techniques.

1.2 Related work and research gap
As we saw in the previous section, the main problem that operators have to face is
how to satisfy the increased user’s demand, and more importantly how to do it in a
cost effective way. But the nature of the traffic and traffic load are not the only things
that have changed over the years. With the introduction of smart phones and tablets,
user behavior and the way they utilize their equipment has changed significantly. The
improved hardware (touch screen, memory, processing power, power consumption) has
allowed users to partly migrate their multimedia consumption to these hand-held devices.
It’s only natural that this has led to their expectations of what network should be able to
offer them changing as well[13]. Having this in mind, it’s safe to say that the operators
should try and find a good balance between the utilized resources, that determine the
cost effectiveness of the network, and user’s satisfaction or Quality of Experience (QoE),
that will in turn determine user’s willingness to pay for such services.
Defining the user’s satisfaction with a given service could be done in more than one

way, but the most commonly used method is called Mean Opinion Score (MOS) [14].
MOS quantifies the user’s satisfaction on a numerical scale going from one to five. To
obtain MOS values, it is necessary to engage the users to share their ratings of the service
using the rating scheme given in the Table 1.1.

MOS Quality Impairment
5 Excellent Imperceptible
4 Good Perceptible but not annoying
3 Fair Slightly annoying
2 Poor Annoying
1 Bad Very annoying

Table 1.1: MOS Values

Obtaining QoE information can be quite challenging, since it is not always easy to
motivate users to share their experiences related to an offered service. Additionally,
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in order to make relevant conclusions from the feedback, the number of surveyed users
should be sufficiently high, and that can be costly depending on the way the survey is
executed. Due to these problems, making conclusions about QoE without direct input
from the users is something that could be very useful. Preferably, we would like to make
those conclusions based on some of the QoS parameters, since they are easily obtainable.
Knowing that QoE is what we are interested in, and that QoS is what we can objec-

tively measure in our network, it becomes important to find a connection between these
two types of parameters. However, defining the satisfactory mapping between them is
far from a trivial task, and is very much dependent on the type of service we are inter-
ested in. The most important reason for this difficulty is the complexity of the process
leading to the user’s decision. Fig. 1.4 shows some of the factors that influence quality
rating from the user’s perspective. This figure has been derived by the group of authors
working on the [12] based on the work presented in [15][16].
Fig. 1.4 shows us that the decision user makes regarding the quality rating of the

consumed content is related not only to quality perception of the received sensation
(for example, audio or video content), but also to any reference that user might have
related to this sensation. This means that if user is accustomed to receiving content
of certain quality, this will heavily influence his expectations independent of the system
that is delivering the content. Furthermore, both the direct quality perception and the
reference one will depend on other external factors. All of these factors make the user’s
rating very hard to predict, if not impossible in the long run, because of the ever changing
external factors.
Nevertheless, a significant amount of research has been done in this field. In [17] au-

thors introduce IQX hypothesis (exponential interdependency of quality of experience
and quality of service) which expresses QoE as an exponential function of QoS degra-
dation for audio files, and in [18] this hypothesis is further investigated. Simulations
that were used in these experiments were limited to SJPhone softphone[19] and QoS
degradation was taken into account trough simulated packet loss and packet reordering
in the network. Even though this hypothesis has shown some promising results, it could
not deal with bursty packet losses in terms that predicted MOS values did not match the
ones given by the users from the test group. There are multiple other papers, like [20],
that try to use logarithmic laws to describe the connection between QoE and various
different QoS parameters for voice communication, but in the recent years the focus has
been shifting towards multimedia services and especially video streaming.
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Figure 1.4: Quality formation process [12]

In [21] authors base their mapping on temporal artifacts that affect the perceived video
quality. What they try to measure is the influence of content motion on perceived quality
in a video streaming scenario. The results they present are however very situational and
heavily depend on the type of video being streamed, frame rate and video resolution.
Quite a few papers cover the similar problems, like [22][23][24][25] and [26] that try
to find the appropriate mapping between QoE and various different QoS parameters
in the video streaming scenario. There are two main problems that come up if one
tries to generalize the findings of all of these papers. First, they all look at similar but
not identical parameters, varying between frame rate, quantization parameters, frame
dropping, network delay and others. Second, they look at similar but not the same
environmental scenarios which makes any kind of serious comparison or results reuse
impossible, especially having in mind the story behind the Fig. 1.4.
One of the first ideas for preface of this thesis was introduction of the QoS to QoE

mapping, based on the previous work done in the field, which would connect the in-
terruptions experienced by users playing certain content and their respective QoE. But
after the previously described literature survey it became obvious that something like
this is not achievable without a complex empiric research. That is a reason why the
connection between QoE and QoS in this thesis will not be quantitative in terms that
there won’t be any kind of precise mapping between them.
Still, even without identifying the mapping between these two, it is possible to deduce,
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to some extent, what kind of general influence certain changes in some QoS parameters
will have on the user’s QoE. For example, we know that a lower packet delay in network
will lead to lower delays in playing the content in case of video streaming services. This
will further have a positive influence on the user’s satisfaction with a given service,
but we might not necessary know how important this improvement really is. The QoE
improvement from packet delay reduction might be just barely noticeable or it might not
be noticeable at all during the content playback. Without user survey we can’t really
say anything about this, but we can assume that QoE will not be impacted in a negative
way. So at the very least we are able to make these kind of simple deductions.
Looking at the work previously described, it could be seen that most of the work in the

field has been done with regards to either voice [17]-[20] or some video streaming scenarios
[21]-[26]. Very few are concerned with mapping in video conference environment, and
the most acknowledged ones that are, like [27], might be a bit outdated if we assume
that users could have changed their expectations with the introduction of new video
technologies (part of user experience related to the reference path in the Fig. 1.4).
So the service of interest in this thesis will be video-conference. The choice of a video-

conference service has been made not only because there has been less research than
in some other fields, but also because this kind of service can be seen as a synthesis
between video streaming and conventional voice services. In the state of the industry as
it is now, with video streaming taking the leading position in terms of network traffic
[4], it is logical to try and modify the network infrastructure to accommodate for this
kind of change. The important thing is not to do this in a way that would make other
service performances fall victims to these changes.
That is why the video conference is seen as a very good compromising type of service,

since based on the settings it might be very similar to both a voice call (with the
video turned off) and a two directional video stream (with the voice muted). The other
important difference to traditional video streaming has just been mentioned, and that
is the fact that is two directional, meaning that there will be a video stream on both
uplink and downlink for each user. Specific video conference service of interest will be
the appear.in [28] platform2.
The next step is to identify the QoS parameter/s that will be used as a basis for a

design of QoE oriented resource management algorithm. As was discussed before, it is
obvious that connection between them is at best circumstantial and it can’t be described
precisely without a serious empirical research, but we will assume that certain changes
in QoS parameters can lead to some degree of QoE improvement or degradation.
The idea of incorporating QoE awareness into resource allocation is not a new one,

in [29] the resources are allocated based on the utility function that tries to maximize
the QoE of each user in a LTE network. If all of the users experience good channel
conditions, all of them will experience good QoE. But in a constrained system where
some of the users experience bad channel conditions, they will either be denied the
resources all together, or will be denied resources for the high-demand applications. The
utility function is based on Video Structural SIMilarity (VSSIM), which is connected to

2The short platform description is given in the appendix

9



MOS values using linear mapping. In [30] the utility function that links the throughput
given to the user with its perceived quality is used in CDMA cellular network. Authors
of the [31] have developed a multiplexing algorithm that takes QoE into account trough
stalling or interruptions of video playback.
The approach of connecting the interruptions in content playback and QoE will be

reused in this thesis, although for the previously mentioned reasons, no attempts will be
made to make a precise mapping between the amount of interruptions and MOS values.
Basic set-up of the thesis will be similar to the work done in [32]. In this paper au-
thors have introduced a series of Radio Resource Management (RRM) schemes that use
knowledge about the current status of multimedia player buffer on user’s mobile device in
order to minimize the Total Time of Interruptions (TTI) and consequently increase the
user’s QoE. There are four different schemes presented, but we will concentrate on the
one called Interruption Prediction scheme which tries to avoid interruptions by always
scheduling the user who is closest to exhausting the resources already buffered in the
player. Since this scheduler is designed with video streaming in mind, it will be neces-
sary to modify it in order to keep it relevant to the service of interest (video-conference).
Modified schedulers are presented in the section 3.1.

1.3 Contribution and research questions
So, having in mind the challenges previously described that operators are faced with and
increasing acclaim of using QoE as a performance indicator, it feels natural to try and
incorporate the QoE awareness into a mobile network. One way to do it is to define a
QoE oriented scheduling algorithm that would include parameters related to the users
perception of the received service in the process of resource allocation.
After the literature survey, the Total Time of Interruption (TTI) has been chosen as a

parameter of interest. Based on the work done in [31],[32] and [33] we can see that this
parameter is relevant in terms of user’s quality perception. As we have mentioned before,
any kind of strict quantitative connection between the TTI and QoE will be avoided in
order of keeping scientific accuracy. We will however make some conclusions about how
the introduction of Interruption Prediction based schedulers might affect the QoE in
general. Additionally, from [39] we can see that in certain scenarios users prefer smaller
number of longer interruptions compared to the larger number of shorter interruptions.
Because of this we will additionally use the Frequency of Interruptions (FoI) parameter
defined as:

F = N

D
(1.1)

where N is the number of interrupted seconds while playing audio/video content and
D is total length of audio/video stream.
While quite a few papers deal with adapting the scheduling algorithms to the video

traffic as the new dominant type of traffic, there is a limited amount of research being
put in the possible drawbacks such actions might have on other types of traffic.
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Video conference can be seen as a service that could potentially profit from such
network modifications, but at the same time might also experience some negative effects.
In order to test the effect of such algorithms, we will modify the Interruption Prediction
scheduler described in [19] to better suit this kind of service.
Additionally we will introduce user differentiation in the network. Users will be split

into two groups, one of which will be privileged in the process of resource allocation.
After all of the modifications we will try to answer the following questions:

1. How does the use of proposed algorithms affect the network performance in terms
of observable parameters like TTI and network throughput ?

2. How does introduction of user differentiation affect the performance of network as
a whole, but also the performance of individual users ?

1.4 Structure of the thesis
First chapter is used for a gradual introduction of the research problems trough presen-
tation of work previously done in the field, and explanation of the existing research gap.
The chapter is concluded with two research questions which were used to guide the work
done in the thesis. Next chapter is supposed to describe the methodology used in order
to answer the derived questions and additionally detailed explanations of the simulation
scenarios are given.
Third chapter introduces the new scheduling algorithms and also the infrastructure

changes necessary in order to implement them. Also, the way that user differentiation
is taken into account in different scenarios is explained. Chapter four is used for step by
step results analysis of all of the presented cases including the cross comparison at the
end.
Finally chapter five is used to make a conclusion and present possible future work.
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2 Methodology

2.1 General thesis outline
The main objective of this thesis is to do a performance analysis of a set of scheduling
algorithms modified to take into account the quality of experience of the end user. In
order to make this analysis possible the work was split into several phases with different
expected outcomes.
Goal of the first phase was to identify the main parameters that have the biggest

impact on user’s satisfaction with a given service, as well as intervals of interest for
every of these parameters. This task was envisioned to be solved through a literature
survey or potentially through a cooperation with the partners from Telenor. The end
result was supposed to be a QoE related performance metric that is completely described
using QoS parameters. This kind of metric would have a task of giving us an insight into
how a certain change in the infrastructure will affect the performance of the network
and then indirectly the users QoE.
For example, decrease in delay and loss of the packets will lead to less interruptions

in both audio and video streams, which will further lead to higher user’s satisfaction
with a given service. Depending on the results of the literature survey, the metric used
would describe this connection in more or less detail. From the very beginning this was
considered a bit of an ambitious goal, so the more realistic goal of finding a threshold
function based on a QoS parameter of choice was defined.
After an extensive literature survey and a series of unofficial interviews with people

from industry and academia doing research in this field, it was obvious that coming to
any kind of meaningful conclusion in a given time frame was impossible. So, the plan
of defining a detailed mapping or even a threshold function was dropped. Instead, only
a general discussion connecting the simulation results and possible effect on users QoE
will be provided.
In the next phase, goal was to define the changes that could be applied to the net-

work, and more specifically to the resource management scheme. Starting point in this
regard was work presented in [33], and more precisely work presented in [32]. The au-
thors have presented a set of QoE aware cross-layer schedulers that aim to improve
user’s QoE by reducing the number and length of perceived interruptions in the video
streaming scenario. The scheduler with the most promising results is the Interruption
Prediction scheduler that takes into account user’s player buffer state in order to make
the scheduling decisions.
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Since the new service of interest is video conference instead of video streaming, this
scheduler was adapted into a set of two different schedulers:

• Interruption Prediction Audio (IPA) - that tries to predict and prevent interrup-
tions in the playback of the audio stream.

• Interruption Prediction Video (IPV) - that tries to predict and prevent interrup-
tions in the playback of the video stream.

The performance of the newly proposed scheduler will be compared with a reference
case, for which we have decided on Proportionally Fair (PF) scheduler [34]. There
are two reasons for this choice, first one being the fact that this is a QoE agnostic
scheduler that tries to maximize the system throughput while also trying not to victimize
low performing users. The other reason is widespread acceptance and use in practical
systems. Detailed explanation of how all of these schedulers work will be given in the
section 3.1.
Furthermore user profiling will be introduced as a way to expand on the already

existing work. Users will be split into two categories: advanced and basic users, based
on their QoE expectations and requirements. The schedulers will treat the traffic coming
from different categories of users in a different manner in order to make as many of them
satisfied with the service. At this point in time this is a very controversial topic due to
Internet neutrality issue [35], but this aspect is beyond the scope of this thesis.
In order to apply this kind of scheduler inside a practical mobile network, it is nec-

essary to introduce some changes to the infrastructure. We will do this by keeping the
methods proposed in [33]. Authors propose two possible infrastructure solutions. One
is operator based, meaning that the control is in the hands of the operator and the dif-
ferent schedulers are realized on the base station level. Other solution is to mitigate the
control over resource scheduling to the content server which might be in the control of
the operator or the OTT solution provider. The short explanation of necessary changes
is given in the section 3.2.
The final and most important phase of the thesis is going to be MATLAB implemen-

tation of the adapted algorithms in a simple simulation scenario. The simulator used in
this thesis is the upgraded version of the one used in the [32]. Since the previous sim-
ulator has been made in order to implement a different algorithm (aimed at a different
service), for the needs of this thesis it has been heavily modified to account for all the
changes that have been made. Detailed explanation of the models and assumptions used
is given in the following sections.
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2.2 Scenario description
In this section we will introduce the scenario that will be used to make the performance
analysis of the introduced schedulers. We will additionally present the assumptions and
propagation models used to build the previously mentioned scenario.
The considered scenario consists of a single three-sectored Base Station (BS) of radius

R. The observed base station and user equipment will utilize early LTE technology
(Release 8). This base station will serve a certain number of users (Nu), which will
depend on the predefined system load. For high system load there will be 40 and for
moderate system load 20 users uniformly distrusted in the base station’s service area.
Choice of 40 users representing the high system load is taken because this number is
guaranteed to put a high strain on the BS and invoke a high amount of interruptions.
Reason for having even number of users in both cases is because every user needs to

have a pair with whom it will establish a video conference connection. The direct conse-
quence of this is that there will be no three-way conferences. Also, having a conversation
with more than two people would significantly complicate the simulations.
At the beginning of each simulation, the system is empty. Then users start arriving to

the system following Poisson distribution. The arrival rate (λ) of users is 2 connections
per minute (4 users per minute). Each of the users will have two sessions before they
leave the system. The alternative way of looking at this is as if there are two times
more users in the system having only one session each. That is because each pair of
users disconnects after they are done with their connection, stays inactive for a random
period of time (decided by the Poisson process) and then starts the new connection from
a different location. During the call all users are assumed to be stationary.
Once users are generated and ready to communicate they will connect with their

pairs. Connection setup procedure is ignored in the simulations and users are assumed
to connect the same moment they wish to talk to each other. At this point users will start
generating the content (audio and video stream) they want to share with the other party.
To keep the simulations simple, all of the calls will be identical and five minutes long.
In order to model the traffic in a realistic way, traffic used in the simulations is captured
from the real appear.in conversations. Traffic was captured using WireShark[36] software
tool.
Appear.in uses WebRTC [37] communication engine which has integrated adaptive

audio and video codecs. Due to this and the fact that all of the traffic going between the
peers is encrypted, data from multiple conversations was captured and then the relevant
statistics was extracted. In order to find an average size of the video and audio streams,
twenty calls of five minute duration were recorded and analyzed. Additionally in order
to get the idea of how big the video stream is compared to the audio stream and vice
versa, 20 audio only and 20 video only calls were captured. The relevant data was then
extracted by averaging.
When user starts generating the audio/video content, it will be placed inside a user’s

audio/video transmission buffer (TB). Only users that have some data in the transmis-
sion buffer can be scheduled on the uplink. Once the user is scheduled and has sent his
data, that data will be stored in the BS’s buffer. Consequently, only users that have

14



some data ready for them in the BS’s buffer can be scheduled on downlink. The user
that is scheduled to receive the resources on a downlink in a certain time slot will have
the data transferred from the BS’s buffer to its receive buffer (RB). Once enough data
is received user can start playing the content.
The whole process is presented in the Fig. 2.1. The audio and video streams will have

separate buffers both at the user side and on the base station side.

Figure 2.1: Content movement trough the network

If at any moment during content playout amount of data in the receiver’s buffer
becomes smaller than the amount of data needed in order to keep playing the content,
user will experience stalling or interruptions.
In order to check the system performance under different loads and for different vari-

ations of scheduling algorithms, we have defined the following simulation scenarios:

1. System using Modified Interruption Prediction (Audio and Video) scheduler.

2. System using Modified Interruption Prediction (Audio and Video) scheduler with
Soft User Differentiation.

3. System using Modified Interruption Prediction (Audio and Video) scheduler with
Hard User Differentiation.
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All of these scenarios were run for high (40 users) and moderate (20 users) traffic
loads. Fig 2.2 shows the simulated scenarios. Additionally, the reference scheduler in all
of the cases will be PF scheduler (which will also be modified to take into account the
user differentiation).

Figure 2.2: Simulation Scenarios
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2.3 Propagation model and simulation parameters
When user i connects to a base station the following equation is used in order to calculate
the achievable throughput:

Ri = min{ηω ×W log2(1 + Γi
ηγ

), R̂max} (2.1)

where ηω represents the spectral efficiency, W is available bandwidth, Γi is the received
SNR, ηγ is the SNR gap and finally R̂max is the maximum achievable rate.
As we have mentioned before the technology implemented in the simulation scenario

will be LTE (Release 8) so the scheduling of users will happen every two time slots (every
1ms). The most important simulation parameters are given in the table 2.1.[38]

Parameter Value
Number of Base Stations 1
Number of sectors per BS 3
Cell Radius [m] R=400
Propagation Model [dB] L = 128.1 + 37.6 log10(D),D in Km
Max power BS [dBm] PTBS

=43
Max power UE [dBm] PTUE

=24
Carrier Frequency [GHz] FC=2
Channel Bandwith DL [MHz] WDL=5
Channel Bandwith UL [MHz] WUL=5
Spectral Efficiency DL [bps/Hz] ηωDL=1.53
Spectral Efficiency UL [bps/Hz] ηωUL=0.99
Downlink Correlation 0.5, Lognormal fading
Max Rate [Mbps] R̂max=25.5
Number of users (Moderate Load) Nu=20
Number of users (High Load) Nu=40
Scheduling slot duration [ms] ∆t=1
File size Video [Mb] 301.68
File size Audio [Mb] 48.32
Audio player rate [Mb/s] 0.16
Video player rate [Mb/s] 1.0056
Prebuffer [ms] 400

Table 2.1: Simulation Parameters
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3 Proposed changes to the network

3.1 Scheduling Algorithms
3.1.1 Proportional Fair (PF)
Proportional fair is one of the most famous and widely acknowledged scheduling algo-
rithms. The main purpose of this scheduler is to reconcile two opposing interests: One
is to maximize the total data throughput in the network, and the other is to give each
and every user at least some of the network resources independent of the channel that
they might experience.
There are multiple different variations of this algorithm, but the one that will be

used in this thesis is User Prioritization. In this implementation, each user is given
a prioritization factor which is recalculated at every time interval τ (which is in our
case equal to ∆t, or 1ms). User with the biggest value of the prioritization factor at
the beginning of the time interval is scheduled to receive the resources. Prioritatization
factor for user i at the time instance τ is calculated using the following equation:

Fi,τ = Ri,τ
Ai,τ

(3.1)

where Ai,τ is the average rate for user i up until the moment τ and Ri,τ is instant
achievable rate for user i at the moment τ . In situations when multiple users have the
same prioritization factor, tiebreaker is decided in favor of the user with better channel
condition (user with larger instant achievable rate Ai,τ ). Scheduling process is the same
on both uplink (UL) and downlink (DL).
Important thing to notice about this scheduler is that it is completely oblivious to the

state of the audio/video player’s buffer.

3.1.2 Interruption Prediction Audio/Video (IPA/IPV)
As it was previously mentioned, the main idea behind these schedulers is to predict and
try to prevent the possible interruptions while playing the content of interest. Depending
on the scheduler IPA/IPV, the content of interest will be audio/video stream of the video
conference conversation respectively. These schedulers look at the state of audio/video
buffer at the user’s side. Those users that have started playing their content and are
in risk of experiencing interruptions (either have an empty buffer or have less data in
buffer than it’s needed for uninterrupted play) are put in the priority line. If there are
multiple users in the priority line, the resources will be awarded to the user with the
smallest amount of data in the buffer. So the user scheduled in each time interval τ will
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be:
argmini(Bi,τ − (Ci,τ ∗∆τ)) (3.2)

where Bi,τ is the amount of data in the buffer in bits (audio or video depending on
the scheduler), Ci,τ is the player rate in bits per second and ∆τ is the duration of the
scheduling time slot in seconds.
In case of a tiebreaker the scheduled user will be chosen randomly.
Unlike Proportional Fair (PF) scheduler, the Interruption Prediction Scheduler will

have a small difference depending on the direction of the traffic. On downlink, the
scheduled user will be the one with the least data in the buffer, while on the uplink
the scheduled user will be one whose conversation partner has the least data in the
audio/video buffer. This algorithm is graphically represented in the Fig. 3.1.

Figure 3.1: IPA/IPV Scheduling

3.1.3 Modified Interruption Prediction Audio/Video (mIPA/mIPV)
In the previous section we have mentioned that in case of the tiebreaker (multiple users
have the same amount of data in the player buffer) decision on the user that will receive
the resources will be random. The initial reason for this decision was to keep, as much as
it’s possible, compatibility with the Interruption Prediction scheduler presented in [32].
Initial simulation results have shown that this approach might lead to reduction of total
data throughput in the system. For this reason we have introduced a slight change to
these algorithms in order to mitigate this problem.
The only difference between the normal and modified IPA/IPV algorithms is in the

way that tiebreakers are resolved. Now, in case of a tiebreaker, resources will be given
to the user with largest instant achievable rate.
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3.1.4 Schedulers with Soft and Hard user differentiation
In some scenarios we will introduce user differentiation in the network, and in those
situations all of the schedulers (both PF and IP based ones) will be modified to account
for this.

• Soft User Differentiation - In this case the only difference in the scheduling process
is related to the tiebreaker situations. If there is such a situation in the network,
advanced users will be favored compared to the basic users. In case there is a
tiebreaker between two or more users of the same class (either basic or advanced)
the old tie-breaking rules will be applied meaning that user with the maximum
available throughput will be scheduled.

• Hard User Differentiation - In this case, advanced user favoritism will be pushed
to the limits. Every time there are both advanced and basic users competing for
the resources, only the advanced users will be taken into account for the resource
allocation.

3.2 Network Infrastructure Implementation
In order to apply the proposed schedulers inside a practical mobile network, it is nec-
essary to introduce some changes to the existing infrastructure. Since the focus of this
thesis is not on the different ways to physically implement proposed changes, we will
adopt the methods proposed in [33].
Authors propose two possible infrastructure solutions. One is operator based , meaning

that the control is in the hand of the operator and the different schedulers are realized
on the base station level. Authors refer to this solution as FION (Fully Integrated inside
Operators Network) approach. Other solution is to mitigate the control over resource
scheduling to the content server, which might be in the control of the operator or the
OTT solution provider, hence the name OTT (Over The Top) approach. Either way,
there are two new entities to be accounted for:

• Entity dedicated to resource allocation based on the information received by user(s).
This entity will be named Resource Manager (RM).

• Entity dedicated to reporting the important information such as buffer state, etc.
This entity will be named Client Information Reporter (CIR).

3.2.1 FION approach
In this approach the QoE aware decision making is done on the base station level. This
means that the RM entity is located at the same place. In order to make the scheduling
decisions RM needs the information about the ongoing conversations (buffer state, etc.).
The entity in charge of feeding RM the required information is CIR, which is located in
the user’s mobile terminal. Deep Packet Inspection (DPI) might be needed in order to
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retrieve the information that CIR is sending to the RM. This can present a problem in
case of encrypted traffic, but not an unsolvable one. For example, traffic itself can stay
encrypted while the information required in order to make a decision can be sent as a
separate header. We will not go into details about the communication protocol that RM
and CIR might use. Graphical representation of this approach is given in the Fig. 3.2
(modified from [33]).

Figure 3.2: FION Approach

3.2.2 OTT Approach
In this case scheduling is moved from base station to the content provider, who should
be aware of content processing on the user side. Due to the nature of its function, the
CIR entity has to stay in the mobile terminal but the RM is moved from Base Station
to the Content Server.
There are multiple reasons why this approach is less likely to be used than the FION

approach. First, it is hard to imagine that mobile operator would give the control over
resource management to a third party. Even in the case when mobile operator is the
content provider in question, the lag in the decision making process that this movement
of RM might cause could be too much of a risk. Second, in case of video conference
there is no real third party content provider, since all of the content is produced by
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communicating users and often shared in a peer to peer fashion. In case of peer-to-peer
connection this approach is impossible. However, if for whatever reason traffic is forced
to go trough content provider servers this is no longer the case. One of the likely reasons
for this could be Firewall or NAT restrictions. Graphical representation of this approach
is given in the Fig. 3.3 (modified from [33]).

Figure 3.3: OTT Approach
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4 Results (Network performance analysis)

As it was mentioned in the chapter 2, the main part of this thesis will be implementa-
tion of the proposed schedulers and their performance analysis using MATLAB based
simulator. Simulator was adapted from the one developed in [32]. Some of the functions
are reused from RUNE toolbox.
There are multiple different scenarios that are taken into consideration. The main dif-

ferences between them are changes made to the newly introduced schedulers (IPA/IPV).
In cases with user differentiation changes were also made to the reference scheduler
(Proportional Fair). The scenarios discussed are presented in the section 2.2, and the
graphical summery is given in the Fig. 2.2.
In this chapter, each section will be used to reintroduce the most important simulation

parameters and assumptions for each of the observed scenarios and then present the
relevant results. The last section will be used for cross-comparison between the different
scenarios.

4.1 Interruption Prediction Audio/Video (IPA/IPV)
Basic idea behind this scheduler is to try and predict the possible interruptions in the
content playout and try to prevent them by scheduling the users that have the highest
possibility of experiencing those interruptions (lowest amount of data in the audio/video
buffer). Since video conference call consists of both audio and video stream, which might
not necessarily be interrupted at the same times, there will be two kinds of possible
interruptions to take into consideration and they will be observed independently. It is
important to remember that in case when multiple users have minimal amount of data
in the buffer, tiebreaker is resolved in a random manner. The way this randomness is
implemented in the simulated system is by scheduling the user that arrived first.
In sections 1.2 and 1.3 we have identified TTI (Total Time of Interruption) as one

of the main KPIs (Key Performance Indicator). In Fig. 4.1 we can see the Cumula-
tive Distribution Function CDF) of TTI for all of the proposed schedulers as well as
the reference one. Additionally, both audio and video stream interruptions have been
presented independently.

23



Figure 4.1: CDF for Total Time of Interruption (Interruption Prediction Audio/Video)
40 users

From the figure above we can see that results are a bit mixed. One thing that is
interesting to notice is that PF scheduler performs identically for both audio and video
streams, but on the other side there is a significant difference between IPA and IPV
performance for different types of streams.
Approximately 60% users will experience zero audio interruptions using both IPA and

IPV, but will experience at least 100 seconds of video interruptions. In other words these
users will experience video interruptions at least 30% of the time (having in mind that
duration of the conversation is five minutes).
The fact that there is a significant difference in TTI between audio and video streams

is really peculiar and these two schedulers are the only ones that show this kind of
difference in performance. The reason for this is due to pseudo randomness in the way
tiebreakers are resolved. In this case scheduled user is not decided fully randomly but
according to the time of arrival in the system, which means that tiebreakers will be solved
in a manner similar to FIFO (First In First Out) principle. Due to this and the fact that
audio steam is significantly smaller than the video one and the fact that users arrive to
the system gradually (rather than all at once) this kind of scheduling is very successful
in clearing the audio buffers of users on time. However this does not come without price,
and the price that users have to pay are extremely long video interruptions. Up to 30%
of users will have 300 seconds or more of video interruptions which is more than the
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length of the conversation itself.
We can see that for almost 70% of the users TTI for video is significantly smaller when

IPV is used compared to IPA. This hardly comes as a surprise since IPV is prioritizing
users that are about to experience video interruptions. For the worst 30 % of the users
this difference disappears. That is because those are the users that arrive to already
heavily loaded system, and at that point interruptions became unavoidable and slight
differences in the algorithm can hardly make any difference.
One additional reason why the IPA and IPV algorithms perform significantly worse in

general, in this scenario, is the fact that average troughput in the system is much higher
when PF is used.

Short summery of the findings:

• When video part of the video conference is important, PF seems to be better option
than IPA and IPV algorithms because TTI for video is detrimental in the case of
the latter. Expecdetly, IPV performs much better than IPA in terms of video TTI.

• When audio is more important and video can be sacrificed for the sake of it, IPA
and IPV are better than the reference algorithm. Surprisingly, there seem to be
hardly any difference between IPA and IPV in this case.

4.2 Modified Interruption Prediction Audio/Video
(mIPA/mIPV)

For the most part these algorithms are identical to the previously described ones. The
only difference comes to play in the tie breaking scenario. Instead of choosing randomly
between multiple users with the same amount of data in the buffer, schedulers will now
choose the user with the highest available throughput. Logic behind this change was
that it might reduce the enormous video interruptions that previous schedulers were
burdened with.
Based on the data presented in the Fig. 4.2 we can see that modified schedulers have

managed to alleviate this problem.
One thing to notice right of the bat is that all of the schedulers will now show al-

most identical results for both audio and video interruptions. Also, unlike before, there
doesn’t seem to be any noticeable differences between the performance of IPA and IPV
schedulers. This might be a bit surprising if we know that video stream needs higher bit
rates than the audio one, but we should have in mind that it also gets the bigger part
of throughput since it’s generated more quickly. All things considered it is not really
surprising that the amount of audio and video interruptions is almost the same.
This means that there will no longer be any of those extremely long video interruptions.

The improvement in video TTI comes at a price of audio TTI deterioration, meaning
that for 80% of the users modified IPA and IPV are no longer better than PF in terms
of audio interruptions.
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We can see that for 80% of the users PF is noticeably better than the new schedulers,
but the other 20% (the worst performing users) will show opposite results. One thing
that could be seen as a partial advantage of the new algorithms is fairness, in terms of
performance difference between the best performing and worst performing users.
The most likely reason for the difference in performance between PF and IPA/IPV

schedulers is the total throughput in the network. In order to confirm this statement
we have plotted the CDF for throughput in the network for both uplink and downlink
(Fig. 4.3). Looking at this figure we can see that for 80% of users difference in downlink
throughput between PF and IPA/IPV is close to 5.5 Mb/s. That is almost 30% difference
and it explains perfectly the gap in the performance.
Difference in the throughput occurs because PF tries to schedule the user with maxi-

mum throughput while the IPA/IPV schedulers try to schedule user about the experience
the interruption, and most of the time the reason for this is user experiencing bad channel
conditions.
All the discussion up to this point was considering the high user load in the system

(40 users). One of the logical things to think about is how would reducing the system
load affect these results ? In order to check this, we have repeated the same scenario
with only half of the users and presented the results in Fig. 4.4.
We can see that the results are better in general since there are only half of the users

in the system, but apart from that the only difference is that now PF is better for
95% rather than 80% of the users. This makes PF clearly a better scheduler from the
perspective of audio and video TTI.
Short summery of the findings:

• Introduced modifications to the IPA and IPV schedulers result in the equal per-
formance independent of the type of traffic (audio or video) and independent of
the type of scheduler (IPA or IPV).

• While the performance of the PF shceduler is better for 80% of the users in terms
of TTI, modified IPA and IPV are better in terms of overall fairness (difference in
performance between different users).

• The most likely reason for the performance gap between the schedulers is difference
in the average throughput achieved in the network.

• Reducing the system load only increases the performance difference between ref-
erence scheduler and newly proposed ones.
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Figure 4.2: CDF for Total Time of Interruption (modified Interruption Prediction Au-
dio/Video) 40 users

Figure 4.3: CDF for Throughput (modified Interruption Prediction Audio/Video)
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Figure 4.4: CDF for Total Time of Interruption (modified Interruption Prediction Au-
dio/Video) 20 users

4.3 Soft User Differentiation
In this section we will look at the network performance when we introduce user differ-
entiation into the system. The way user differentiation is implemented is by dividing
users into two groups: basic and advanced users. In this case there are 25% of advanced
and 75% of basic users. We have decided on this proportion of users due to the fact
that advanced users are expected to be in minority, but not too drastic in order to make
sure we will be able to see exactly how they influence the system. Again, the only differ-
ence between them is in the way scheduling tiebreakers are resolved. Any time there is a
tiebreaker between an advanced and a basic user, advanced user is going to be scheduled.
Apart from this modification, everything else stays the same.
If we look at the Fig. 4.5 we can see that the performance in general has deteriorated

compared to the previous scenario. This was expected however, because some of the
users are favored irrelevant of channel conditions they might experience just because
they are in the privileged class of users. Reduction of the average throughput received
by users in the network is most likely reason for this as it can be seen in Fig. 4.6.
However, the whole point of introducing the different classes of users was not to make
the system better for all of the users, but to make it better for some of them while not
degrading the performance of others too severely.
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Figure 4.5: CDF for Total Time of Interruption (Soft User Differentiation) 40 users

Figure 4.6: Troughput CDF comparison between modified Interruption Prediction
Video and Soft User Differentiation (40 users)
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So the obvious question is: Has the performance of the advanced users improved, and if
so how much ? If we look at the Fig. 4.7 we can see that their performance has improved
significantly. It is also interesting to notice that the worst performing advanced users
are the ones that profit the most from this change, which is hardly surprising. Now we
can ask ourselves at what price does this improvement come ? From the Fig. 4.8 we
can see that approximately 45% of basic users will have similar performance in terms of
TTI but the other 55% will have up to 3 times larger TTI.
Looking at a system as a whole 25% of total users will experience performance upgrade,

and these are "more important" users. Approximately 34% of total users will have the
same performance and 41% will have significant performance degradation.
Similarly as before, reducing the system load to 20 users will not result in any funda-

mental changes. The absolute TTI values will be smaller due to lesser system load, but
the general relationship between the curves stays the same as we can see in the Fig. 4.9.
At the end of the day, it’s hard to say if introduction of this kind of user treatment

can be viable or not without a serious economic study. Users that are supposed to profit
from this change do, but the question is if that is worth the performance degradation
for almost 40% of other users. One of the biggest challenges in this kind of approach is
to actually find users willing to pay more for higher quality services, especially having
in mind the state of the market right now, where users are used to having a very good
performance whenever that is possible.

Short summery of the findings:

• Expectedly, introduction of user differentiation negatively impacts the general per-
formance in the network due to the decrease in the average network throughput.

• All of the advanced users (25%) will have smaller TTI, around 34% of users will
have the same TTI as before and 41% will have higher TTI (and most of them by
a large margin).

• Reducing the system load improves the results in general (because of the lesser
strain) but the relationship between the different schedulers stays the same.
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Figure 4.7: CDF for Total Time of Interruption Soft User Differentiation (Only Ad-
vanced Users)

Figure 4.8: CDF for Total Time of Interruption Soft User Differentiation (Only Basic
Users)
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Figure 4.9: CDF for Total Time of Interruption (Soft User Differentiation) 20 users

4.4 Hard User Differentiation
In this case we will still have the same proportion of users (25% advanced and 75% basic
users), but the way in which they are differentiated between has changed. Difference
is no longer as subtle as it was before, and now anytime that there are both basic
and advanced users in the competition for the resources, only advanced users will be
regarded. This approach is expected to have a drastic influence on the performance of
the advanced users because they are heavily favored, but it’s just as important to see
how this will affect the basic users too.
If we observe the curves in Fig. 4.10 we can see that PF performs better than the

newly proposed schedulers, which is in accordance to the previously obtained results.
Also same as before, there doesn’t seem to be any significant difference between the
audio and video TTI for any of the observed schedulers. It should be repeated that PF
was modified in the same way as IPA/IPV to take into account the user differentiation.
The first thing to notice is that 25% of the users using IPA/IPV experience zero

interruptions. These are the advanced users that are fully prioritized in the system. We
can see that additional changes have made their performance perfect from the point of
TTI. While the advanced users will have perfect experience irelevant of the schedulers
used, the others are not as lucky as they are. For both new schedulers and PF around 60%
of the users will have relatively good performance (compared to the previous scenarios),
but the rest of the users will have up to 7 times more interruptions (Fig 4.11).
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Figure 4.10: CDF for Total Time of Interruption Hard User Differentiation (40 users)

Since advanced users have perfect performance in this scenario they will not be com-
pared to the advanced users in the previous cases. Basic users on the other hand are
in a different situation, so it might be interesting to see this comparison for them (Fig.
4.11).

Figure 4.11: CDF for Total Time of Interruption Hard User Differentiation (Only Basic
Users)
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We can see that the shape of the curves highly resembles the ones in Fig. 4.8. with two
differences. First difference is barely noticeable and it’s the position of a ’knee" in the
green curve (TTI for basic users in the hard differentiation scenario) where performance
starts deteriorating quickly. In the previous case number of users at this point was
slightly smaller (5%) than in the case of the hard user differentiation. However this is
just a small difference, while the other one is much more impactful. That is the worst
case TTI which becomes two times larger than what it was before. And to put this
into perspective, before no user had TTI larger than 350 seconds (which is high enough
already) but now 35% of the users will have TTI higher than this.
Reducing the system load will have the same effect as in the previously described

scenarios. The figure describing the CDF of TTI in this case is given in the Fig. 4.12.
Short summery of the findings:

• Advanced users will have perfect performance in terms of experienced TTI, however
the ones paying the price for this are the lowest performing 35% of users which
will have up to 7 times worse performance than before.

• Reducing the system load does not change the performance of different schedulers
compared to each other, but it does improve compared to their performance when
the system is under heavy load.

Figure 4.12: CDF for Total Time of Interruption (Hard User Differentiation) 20 users
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4.5 Performance cross-comparison between different scenarios
This section will be used to digest the results obtained in the previous sections in order
to see what could be gained and what could lost by introducing the new schedulers
(IPA/IPV) and also by introducing the user differentiation. Afterwards we will see how
does load reduction affect the performance in terms of parameters of interest. In order
to do this we will introduce a new parameter called Frequency of Interruptions (FOI).
Frequency of Interruptions is defined as the ratio between the number of interruptions
(in this case interrupted seconds of audio or video stream) N and the duration of the
audio/video D [39].

F = N

D
(4.1)

The reason for introducing this parameter is to check if some scheduling algorithms
might have lower frequency of interruptions even though the TTI is higher. Authors of
[40] claim that short but frequent interruptions can often be more irritating for the user
than one long interruption. So, taking this parameter into account should stop us from
overlooking possible hidden advantages of some algorithms.
One thing to notice is that consistently trough almost all of the scenarios PF scheduler

outperforms newly proposed schedulers in almost every aspect. The only time when this
is not the case is in two scenarios, and even then only partly:

1. Interruption Prediction Audio/Video - Here we talk about the unmodified versions
of these two schedulers. This is the only case where results are not dominantly in
PF favor. If we look at the Fig. 4.1 we can see that 90-95% of the users will have
better performance is terms of audio TTI. Additionally this is the only scenario in
which we can see a clear difference between IPA and IPV algorithms. Expectedly
IPV will perform far better in terms of video TTI but surprisingly the same is
true for audio TTI. From table 4.1 we can see that IPV in this case also has lower
frequency of audio interruptions.

2. Modified Interruption Prediction Video/Audio - In this case PF is noticeably bet-
ter in terms of audio and video TTI (for 80% of the users), average length and
frequency of interruptions. But, the only thing that could be seen as a small ad-
vantage of the new algorithms is fairness, in terms that the performance difference
between the best and the worst performing users is significantly smaller. We can
additionally see that not only TTi but also FoI is in the favor of PF algorithm.

It is also interesting to notice that introducing the privileged users into the system
does not significantly influence the frequency of interruptions.
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FoI (A) [%]40u FoI (V)[%]40u FoI (A) [%]20u FoI (V)[%]20u
PF 26.00 27.00 3.59 3.79
mIPV 93.00 93.76 67.06 68.18
mIPA 94.00 92.00 65.55 66.71
PF(SUD) 28.00 28.00 3.38 2.95
IPA(SUD) 94.00 94.00 64.05 65.42
IPV(SUD) 93.00 93.00 65.56 67.13
PF(HUD) 9.02 9.12 4.18 4.07
IPA(HUD) 74.19 74.05 61.47 67.26
IPV(HUD) 73.83 72.86 66.16 66.29

Table 4.1: Frequency of Interruptions [FOI] for different schedulers (40 and 20 users in
the network)

In order to spot the differences in frequency of interruptions between different sched-
ulers more easily we have plotted the figures 4.13, 4.14, 4.15 and 4.16 . From them we
can see two important things. One is the fact that audio and video stream interruptions
show practically the same performance irrelevant of the scheduler used. Other is the
dominant advantage of PF algorithm compared to the newly proposed ones. We can see
that these schedulers have almost 3 times higher frequency of interruptions compared to
PF in a highly loaded system (40 users), and that this difference significantly increases
in the case of a moderately loaded system (20 users).
It is also interesting to notice that while the TTI increases in general for all of the

schedulers when hard user differentiation is introduced, in case of PF scheduler the
frequency of interruptions decreases to only half of what it used to be (this is only true
for the high load scenario).

Figure 4.13: Frequency of audio interruptions for different schedulers (40 users)
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Figure 4.14: Frequency of video interruptions for different schedulers (40 users)

Figure 4.15: Frequency of audio interruptions for different schedulers (20 users)
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Figure 4.16: Frequency of video interruptions for different schedulers (20 users)

Comparing the figures 4.2,4.5 and 4.10 with 4.4, 4.9 and 4.12 respectively, we can see
that reducing the load of the system expectedly reduces the TTI in all of the observed
scenarios. In order to make this comparison even easier, we have presented the CDFs of
TTI for all of the considered schedulers in all of the observed scenarios in figures 4.17,
4.18 and 4.19.

Figure 4.17: CDF for Total Time of Interruption (Proportional Fair different scenarios)
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Figure 4.18: CDF for Total Time of Interruption (Interruption Prediction Video dif-
ferent scenarios)

Figure 4.19: CDF for Total Time of Interruption (Interruption Prediction Audio dif-
ferent scenarios)
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5 Conclusion

The last decade has brought a tremendous increase in both mobile traffic and number of
mobile subscriptions. Additionally, changes in mobile infrastructure and mobile equip-
ment have been followed by the changes in users behavior and their expectations of what
network should be able to deliver to them. Mobile voice has slowly been replaced with
multimedia and especially video streaming as dominant type of traffic. Unfortunately
profit margins of these new services are nowhere near the ones of traditional voice and
messaging, which could lead to the generation of a phenomenon called revenue gap. One
of the ways to fight this phenomenon is introduction of new services or increasing the
cost effectiveness of the network.
There have been proposals to take QoS/QoE into consideration when designing the re-

source management algorithms, and most of them take into consideration video stream-
ing services as the dominant type of traffic. In order to check the viability of such
approach we have chosen one proposed algorithm and adapted it for a different type
of service, video conference. Reason for this is a dual nature of such service because it
consists of both video and audio stream and is also two directional in terms that there
is traffic on both uplink and downlink. In this way we can see what kind of impact
on network performance and consequently user’s QoE these modifications could have.
Optimally we would like for them to lead us to better results in terms of KPIs of interest
(TTI,FoI), which would increase user’s QoE and allow for more users to be served by
using the same amount of resources, and ultimately reduce the network deployment and
maintenance costs. Unfortunately newly proposed algorithms have failed to live up to
these expectations.
Based on the results presented in the chapter four, we can see that newly presented

algorithms do not fare very well compared to the reference case scheduler (PF). There
are few scenarios in which the new schedulers seem viable but these are very few. The
main quality indicator we took into the account was Total Time of Interruption (TTI),
and to smaller degree Frequency of Interruptions (FoI).
If we assume that both video and audio stream are important (not necessarily in equal

proportions), then traditional approach (PF) is better in all of the scenarios. And it’s
not even a close call, in this case PF is better than IPA/IPV in terms of all of the
observed KPIs (TTI, FoI, and user throughput).
In case when audio stream is significantly more important than the video stream

and the latter could easily be turned off without a major impact on the user’s QoE,
unmodified IPV (and to smaller degree IPA) is the best choice scheduler. If we look
Fig. 4.1 we can see that it has significantly lower TTI from PF for 95% of the users.
Additionally, from table 4.1 we can see that even the FoI is much lower compared to the
reference case.
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If for some reason fairness in the network is of importance, then modified IPA/IPV
could be used, but it’s hard to imagine a realistic scenario where operator would sacrifice
the performance and QoE of majority of users just to make the system more fair.
Discussion that we just had gives us the answer to the first research question: How does

the use of proposed algorithms affect the network performance in terms of observable
parameters like TTI and network throughput ? And having in mind the negative results,
we can come to the conclusion that these schedulers do not carry too much potential
to increase the user’s QoE and lead to savings in the network design and maintenance,
which would allow us to fight the emerging revenue gap.
In order to answer the second research question "How does introduction of user dif-

ferentiation affect the performance of network as a whole, but also the performance of
individual users ?" we have to look at the results obtained when user differentiation is
introduced. Again, hopefully this modification would allow us to introduce new services
or make existing services better for the advanced users by increasing their QoE and in
that way increase the revenues coming from them. This however only makes sense if we
at the same time we don’t loose money coming from the other users (or at least loose
less than we have obtained from advanced users).
From the perspective of impact that introduction of user differentiation has in the

system as a whole, results are mostly as one would expect. Both soft and hard user
differentiation show significant performance boost for advanced users, which is hardly
surprising having in mind they are favored in the resource allocation process. These
boosts do not come without price, which is proportional to the gains, meaning that in
case of soft differentiation other users will suffer less than in case of hard differentiation.
Making any conclusions about the viability of such changes is impossible without large
scale empirical research, but there are some hardships that are obvious from the very
beginning.
First, the likelihood of finding users that are willing to spend more money for higher

quality services might not be high, especially having in mind that most of the users are
already used to receiving high quality services. Other problem could be the backlash
of users negatively impacted by these changes. And of course there is the previously
mentioned net neutrality issue, but going deeper into this topic is outside of the scope
of this thesis.
So, unlike the first question where connection between it and the general picture

(reclining revenues and rising costs) is much more straightforward and easier to make
conclusions about, here we have some problems doing that due to the nature of the
relationship which is much more economical than technical. So we can’t really say that
introducing the user differentiation will lead to increases in revenues or reductions of
costs, but we can say that there is a potential for something like that and this research
could be used as a technical building ground for an economic study that could give an
answer to this question.
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5.1 Future work
The simulations that were used in order to do the performance analysis were a bit
simplified in order to be realizable in a given time frame. There are some things that were
left out of the simulator due to technical or similar difficulties. For example, appear.in as
most of the advanced conference applications has possibility to change audio and video
compression and other parameters depending on the network conditions. This was not
taken into the account due to the technical and time limitations, but it is something that
could be looked at in the future. While this can be seen as a drawback of the simulator
it doesn’t heavily influence the results, because even the existing set up gives a good
understanding of how the network would take care of the traffic.
Also, it is safe to assume that users experiencing really bad performance in terms

of interruptions would decide to end the call prematurely at some point because they
feel unsatisfied with the given service. For example, after a certain number of seconds
without sound or video, user will be frustrated enough to end the conversation. The
problem is in deciding the timings when users will say enough is enough and leave the
call. In order to get this information an empirical research is needed, and in order
for results to be useful they should include different profiles of users, different types of
conversation scenarios (business conversations, casual conversations, conversations with
two or more people, etc.) and so on. This topic can even go a step further and take into
the account desynchronization of audio and video during the conversation. For example,
if you talk with someone and the picture you are getting is clearly out of sync from what
you are hearing, how annoying is that and how big this problem have to be in order to
seriously affect the QoE.
Additionally as it was mentioned in the chapter one, a good mapping between some of

the QoS parameters involved with this type of service and user’s perceived QoE would be
very useful and at this point in time is very much an open research field. However, it is
very complicated and time consuming topic since it involves a large array of parameters
which might affect this mapping in one way or another.
This thesis takes into the account simple scenario with only one base station in it.

One other approach could be to take a little bit more complicated network consisting
of multiple base stations into consideration. But having in mind the results obtained in
this project, it is obvious that his kind of experiment would make more sense combined
with some of the proposed additions mentioned before.
Finally if we remember the end of the previous section we can see that those results

would be perfectly complemented by an economic study that would look into willingness
of users to pay for certain QoE improvements (advanced users) and also willingness of
other users (basic) to tollerate certain QoE degradation. This kind of study would give
us a good insight into financial potential of user differentiation.
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6 Appendix

6.1 Appear.in
Appear in is a WebRTC based communication application software that allows users
to use voice and video calls, instant messaging and screen sharing between computers,
tablets and mobile devices. The application is web based and only available for the
following browsers: Google Chrome, Mozilla Firefox and Opera. This is one of the
biggest limitations of the program since it severely limits the number of possible users.
When user wishes to use the video conference service he needs to open a conversation

room, and then send the link to that room to the person he wants to talk to. Once
the other person enters the room using the obtained link conversation can start. In
the process of establishing the connection both of the users will have to communicate
with the appear.in servers. All of the communication between the user and appear.in
servers is done using an encrypted connection (SSL). After that connection becomes
peer to peer and all of the traffic is encrypted using the SRTP protocol with client
generated encryption keys. Only in limited cases, traffic will be relayed trough the
appear.in servers. One of the possible reasons for such action could be NAT or firewall
restrictions.
Overall architecture of the WebRTC engine is given in the Fig. 6.1.
As we can see from the figure, audio codecs used are iSAC, iLBC and Opus. While the

video codec used is VP8. Detailed description of these codecs can be found in [37][41]
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Figure 6.1: WebRTC Architecture
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