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ÖZET

GÖREVDEŞ UYGULAMALAR İÇİN ALTO VE YAZILIM TANIMLI
AĞ MİMARİSİ PROTOKOLLERİNİN ENTEGRASYONU.

ÇETİNKAYA, Cihat

Doktora Tezi, Uluslararası Bilgisayar Anabilim Dalı
Tez Danışmanı: Doç. Dr. Müge SAYIT

Eylül 2017, 82 sayfa

Yazılım Tanımlı Ağ (YTA), bilgisayar ağlarının veri ve kontrol düzlemlerini
birbirinden ayrılmasıyla ortaya çıkan yeni bir ağ mimarisidir. Bu ayrıştırma, ağ üze-
rinde çalışan uygulamaların gereksinimleri göz önünde bulundurularak belirli ağ
operasyonlarını geliştirmeyi olanak sağlar. Bu tezde temel olarak, YTA üzerinde
koşan video akışlandırma uygulamalarının performanslarının iyileştirilmesi hedef-
lenmiştir. Bu amaç için ilk olarak, YTA üzerinde koşan HTTP üzerinden dinamik
uyarlamalı video akışlandırma kullanan istemcilerin elde ettikleri deneyim kalitesini
arttırmak için rota seçimine ilişkin dört farklı yöntem önerilmektedir. İkinci olarak
ise, YTA ve Uygulama Katmanı Trafik Eniyilemesi (UKTE) protokolünün bir arada
çalıştığı video akışlandırma sistem mimarisi önerilmektedir. Önerilen mimari üze-
rinde, istemciler için hem uygun video sunucusu hem de akışlandırma rotası seçi-
mine ilişkin iki farklı yöntem önerilmektedir. Benzetim sonuçları, YTA üzerinde
çalışan video akışlandırma uygulamalarının geleneksel video akışlandırma uygula-
malarına göre daha iyi performansa sahip olduğunu göstermektedir.

Anahtar sözcükler:Yazılım Tanımlı Ağlar, Uygulama Katmanı Trafik Eniyi-
lemesi, HTTP üzerinden dinamik uyarlamalı video akışlandırma, deneyim kalitesi,
OpenFlow, Rota seçimi, Sunucu seçimi





ix

ABSTRACT

INTEGRATION OF ALTO AND SDN PROTOCOLS FOR PEER TO
PEER APPLICATIONS

ÇETİNKAYA, Cihat

PhD in International Computer Department
Supervisor: Assoc. Prof. Dr. Müge SAYIT

September 2017, 82 pages

Software Defined Networking (SDN) is a recently emerged network architec-
ture by decoupling the control and forwarding planes of computer networks. This
seperation enables to develop specific network operations by considering the requ-
ierement of the applications running over the network. In general, this thesis aims
to improve the performance of video streaming applications running over SDN. For
this purpose first, four different route selection methods are proposed to increase
the quality of experience (QoE) received by clients using Dynamic Adaptive Video
Streaming over HTTP (DASH) running over SDN. Secondly, a video-on-demand
(VoD) system architecture based on SDN and Application Layer Traffic Optimi-
zation (ALTO) protocol interoperability is proposed. By using the proposed VoD
architecture, two different methods are proposed for both the suitable video server
and streaming route selection. Simulation results show that video streaming appli-
cations running over SDN have better performance when compared to traditional
video streaming applications.

Keywords: Software-defined Networks, Application Layer Traffic Optimiza-
tion, Dynamic Adaptive Streaming over HTTP, Quality of Experience, OpenFlow,
Route selection, Server selection
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1. INTRODUCTION

Software-defined Networking (SDN) is a recently emerged network architec-
ture by proposing the seperation of control plane and data plane of the computer
networks (Open Networking Foundation, 2012). The seperation of the control plane
(where forwarding decisions are made) from the data plane (where packets are for-
warded) makes possible the network directly programmable, virtualizable, andman-
agable from a centralized point. One of the key advantages of the SDN is that it
enables network operators to develop specific routing algorithms and service nego-
tiations according to the requirements of the applications running on the network.

Cisco estimates that IP video traffic will dominate the Internet bandwidth us-
age with a 82% of all consumer Internet traffic by 2021 (Cisco, 2017). The increas-
ing demand for the video leads researchers to develop new video streaming applica-
tions by considering the underlying network conditions in order to provide a better
performance in terms of Quality of Experience (QoE). Hyper-Text Transfer Protocol
(HTTP) adaptive streaming has been the most prevalent approach preferred in Inter-
net video streaming applications such as Youtube1, Netflix2 and Hulu3 recently. The
main reasons of this tendency are based on HTTP advantages such as usage of ex-
isting caching infrastructure and firewall traversal. Moving Picture Experts Group
(MPEG) has standardizedDynamic Adaptive Streaming over HTTP (DASH) (Soda-
gar, 2011) as the only available international standard for HTTP adaptive streaming.
In DASH, the video is encoded at various qualities and the client adapts the quality
of the video over the time.

Cisco also predicts that 71% of the video traffic will be served by the servers
within the Content Delivery Network (CDN) by 2021. Therefore, it is also cru-
cial for a video streaming application to benefit from network related information
when directing the clients to appropriate servers in the CDN. A working group in
the Internet Engineering Task Force (IETF) has proposed Application Layer Traffic
Optimization (ALTO) protocol to provide network related information such as hop-
count, available bandwidth, routing-cost to the applications running on the Internet.

The aim of this study is to improve the performance of the video streaming
applications utilizing SDN. The studies proposed in this thesis can be categorized in
two classes:

1www.youtube.com
2www.netflix.com
3www.hulu.com
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• First, with the advantage of developing specific routing algorithms enabled
by the SDN, new route selection methods are proposed in order to increase
the QoE of the DASH clients in an SDN domain.

• Second, a video streaming architecture is proposed utilizing SDN and ALTO
integration in which the video servers can span across a wide area network
(WAN).

1.1 Contributions Of The Thesis

In the first class of the proposed studies, four route selection methods are pro-
posed in order to increase the QoE of the DASH clients. The first method aims
to improve the QoE of the clients by increasing the average received bitrate and
to provide fairness among clients by decreasing the difference between the bitrates
received by the clients. In the second method, an optimization framework is pro-
posed for increasing QoE of DASH clients and for providing service classes in an
SDN domain. A novel segment-based route selection method by considering the
bitrate of the requested segment is proposed in the third method. Fourth, based on
the third method, an algorithm for determining the streaming paths for each client
in the system by considering the bitrates of the future segments is proposed.

The second class of the proposed studies focuses on utilizing SDN and ALTO
for video streaming applications. For this purpose first, the integration of SDN
and ALTO is proposed for multimedia services. Second, a CDN-based Video-on-
Demand (VoD) architecture is proposed based on the SDN and ALTO integrated
multimedia service. Third, a method is proposed to improve the QoE of the clients
for suitable CDN server selection process in the CDN-based VoD architecture. In
the fourth study, differing from the third, the proposed method aims to improve the
QoE of the clients while reducing the cost of Internet Service Providers (ISP) for
suitable CDN server selection process. Table 1.1 gives the list of the publications
that were produced during the thesis study.

1.2 Organization Of The Thesis

This thesis is organized as follows:

• In Chapter 2, the SDN controller developed for the studies proposed in the
thesis are explained.
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Table 1.1. Publications produced during the thesis study

No Title Book Title Status

1
SDN for Segment based Flow
Routing of DASH (Best Pa-
per Award)

IEEE 4th International Con-
ference on Consumer Elec-
tronics (ICCE-Berlin), 2014.

Published

2
Route Optimization for
DASH over Software De-
fined Networks

IEEE 23rd Signal Process-
ing and Communications Ap-
plications Conference (SIU),
2015.

Published

3

Video-on-Demand System
Architecture with ALTO-
SDN Integration (STG
Award)

IEEE 2016 International
Black Sea Conference on
Communications and Net-
working (BlackSeaCom),
2016.

Published

4 ALTO-assisted CDN-based
Video Streaming over SDN

IEEE 25th Signal Process-
ing and Communications Ap-
plications Conference (SIU),
2017.

Published

5
Demonstration of SDN &
ALTO Interoperability for
Multimedia Services

IEEE 3rd International
Conference on Network
Function Virtualization and
Software Defined Networks
(NFV-SDN), 2017

Submitted

6

Segment-aware Dynamic
Routing for DASH Flows
over Software Defined
Networks

Elsevier, Journal of Network
and Computer Applications Submitted

7

DASH-QoS: A Service Dif-
ferentiation Architecture for
DASH over Software Defined
Networks

IEEE Transactions on Multi-
media Submitted

8
SDN-ALTO Collaboration
For CDN-based Layered
Video Streaming

IEEE/ACM Transactions on
Networking Draft

9
Dynamic Server Selection for
VoD Systems Utilizing SDN-
ALTO Integration

Elsevier, Computer Networks
Journal Draft
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• Chapter 3 describes the proposed route selection methods for DASH over
SDN.

• Chapter 4 presents the proposed video streaming architecturewith SDN-ALTO
integration.

• Chapter 5 concludes the thesis and discusses the future works.
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2. SOFTWARE-DEFINED NETWORKING

In this chapter, a brief introduction to SDN and the SDN controller modules
developed for the studies proposed in the thesis are given.

SDN is a recently emerged network architecture introducing the separation
of the data plane and the control plane of the computer networks (Open Network-
ing Foundation, 2012). In the SDN architecture, the complexity and the costs of
a network are reduced, therefore network management becomes easier and more
flexible. SDN capabilites enable network operators to have flexible control over
network services such as routing, traffic engineering and quality of service (QoS).
The overview of the SDN architecture is given in Fig. 2.1. The SDN architecture di-
vided into three planes. The data plane consists of network devices such as routers,
switches and firewalls. Differing from the conventional network architecture, the
data plane does not make forwarding decisions. Instead, the data plane receives the
forwarding information from control plane through a Southbound API. The con-
trol plane is the most important element of the SDN architecture. A device called
controller is responsible for the management of the network. The controller talks
to the devices in data plane through the Southbound API. OpenFlow (McKeown
et al., 2008) is the standard protocol communicating the controller and data plane.
The application plane is the layer where services and the policies of the network are
implemented. The control plane and the application plane communicates through a
Northbound API. In the next section, the design of the SDN controller is given.

Figure 2.1. Overview of the SDN Architecture.
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2.1 Design Of The SDN Controller Modules

Fig. 2.2 shows the overall design of the developed SDN controller modules.
In the architecture, the forwarding layer (data plane) consists of clients, servers and
OpenFlow switches which is emulated using Mininet (Lantz et al., 2010) software.
The SDN controller modules are implemented on Floodlight1.

Figure 2.2. Design of the SDN controller.

• HostManager (HM) : It detects the new clients joining the system and main-
tains clients’ information such as user class type, IP and MAC addresses.
When a new client starts the video streaming application, it establishes a
Transmission Control Protocol (TCP) connection with the server. Upon re-
ceiving the first TCP message sent by the client, the first hop switch sends
a PacketIn message to the controller since its flow-table does not have any
rule for the client’s request. HM module receives and extracts the PacketIn
message and informs the RouteManager (RM) module for the assignment of
the streaming path.

• LinkManager (LM) : It measures the available bandwidth of the links by
sending StatsReq messages to the switches and receiving StatsReply period-

1http://www.projectfloodlight.org/floodlight/
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ically. If congestion occurs on a link, it informs the RouteManager module
with the new values of available bandwidth of the links. The formula of the
available bandwidth calculation of a link is given in Equation (2.1) and Equa-
tion (2.2). LM module obtains the current traffic on the links after receiving
the StatsReply message from the switches. By using the smoothing formula
given in Equation (2.1), the estimated traffic is calculated. Finally available
bandwidth value of a link l, which is denoted as abwl , is calculated by using
formula (2.2)

trl = α× (recently_measured_traffic) + (1− α)× trl−1 (2.1)

abwl = capacityl − trl (2.2)

α is set to 0.6 to give a slightly more importance to the recently measured
traffic (Cetinkaya et al., 2014).

• RouteManager (RM) : It is invoked by the HM when a new client joins the
system or by the LMmodule when congestion occurs. It is responsible for the
assignment of the streaming paths based on requirement of the video stream-
ing system. After assigning the streaming paths between the clients and the
server, RM forwards the new streaming paths information to the FlowMan-
ager (FM).

• FlowManager (FM) : It keeps flow rules of the streaming paths and sends
the new flow rules to the corresponding switches by FlowMod messages.

Table 2.1 gives the list of publications -each of which is coauthored by the
author of this thesis- that uses the SDN controller which is developed in this thesis
study.
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Table 2.1. Publications produced using the proposed SDN controller.

No Title Book Title Status

1
Design of A Layer-based
Video Streaming System over
Software-Defined Networks

8th International Conference
on the Network of the Future
(NoF17), 2017

Accepted

2
Towards QoS-aware Routing
for DASH Utilizing MPTCP
over SDN

IEEE 3rd International
Conference on Network
Function Virtualization and
Software Defined Networks
(NFV-SDN), 2017

Accepted

3 Evaluation of MPTCP Con-
gestion Control for DASH

IEEE 7th International
Conference on Consumer
Electronics-Berlin (ICCE-
Berlin 2017)

Accepted

4

Rate Adaptation Algorithm
with Backward Quality In-
creasing Property for SVC-
DASH (Distinguished Paper
Award)

IEEE 7th International
Conference on Consumer
Electronics-Berlin (ICCE-
Berlin 2017)

Accepted

5
Server Selection For Video
Streaming Applications Over
Software Defined Networks

IEEE 24th Signal Process-
ing and Communications Ap-
plications Conference (SIU),
2016.

Published

6
Learning-based Approach
for Layered Adaptive Video
Streaming over SDN

Elsevier, Computer Net-
works, Volume 92, Part 2,
2015, Pages 357-368, ISSN
1389-1286

Published

7
An SDN-assisted System De-
sign for Improving Perfor-
mance of SVC-DASH

Federated Conference on
Computer Science and Infor-
mation Systems (FedCSIS),
2015

Published

8
Performance Evaluation of
DASHRate AdaptationAlgo-
rithms

IEEE 23rd Signal Process-
ing and Communications Ap-
plications Conference (SIU),
2015.

Published
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3. ROUTE SELECTION FOR DASH OVER SDN

In this chapter, the proposed route selection methods for improving the QoE
of the DASH clients running over SDN are presented. The rest of the chapter is or-
ganized as follows: First, background information about DASH standard is given.
Second, the related works about DASH over SDN is summarized. Third, an op-
timization model is proposed to improve the QoE of the clients by increasing the
average received bitrate and to provide bitrate fairness among clients. Fourth, a ser-
vice differentiated optimization framework is proposed for increasing the QoE of
DASH clients and for providing service classes in an SDN domain. Fifth, a segment
based route selection method by considering the bitrate of the requested segments is
proposed for DASH clients running over SDN. And for last, based on the segment
based route selection method, an algorithm for estimating the current network load
by considering the bitrates of video representations and an algorithm for determining
the streaming paths for each client in the system are proposed.

3.1 Dynamic Adaptive Video Streaming Over HTTP

In the recent years, Hyper-Text Transfer Protocol (HTTP) adaptive streaming
has been the most prevalent approach preferred in Internet video streaming applica-
tions. Youtube, Microsoft Smooth Streaming, Netflix, Apple HTTP Live Streaming
can be cited as examples for such applications. The main reasons of this tendency
are based on HTTP advantages such as usage of existing caching infrastructure and
firewall traversal. Moving Picture Experts Group (MPEG) has standardized Dy-
namic Adaptive Streaming over HTTP (DASH) as the only available international
standard for HTTP adaptive streaming (Sodagar, 2011).

Fig.3.1 illustrates the general overview of the DASH standard. In DASH,
video files are encoded at various bitrates to construct different representations of
the same video in a server. Each representation is further divided into smaller units
called segments. At the server side, there is aMedia PresentationDescription (MPD)
file which includes the segment information such as bitrate and URL. Clients adapt
the video quality by requesting segments of different representations over time after
connecting the server and retrieving the MPD file. As a client driven architecture,
the decisions determining the request time and the quality of the representation is
based on the quality adaptation logic of the clients. Since the rate adaptation algo-
rithm running at the client side is out of the scope of DASH standard, developing a
rate adaptation algorithm has aroused great attention of both industry and academia.
The proposed rate adaptation algorithms may take into account the estimated band-
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Figure 3.1. Overview of the DASH

Table 3.1. The average bitrate of the representations in 720p video.

Representation Id Average Bitrate (Kbps)

1 790
2 1030
3 1240
4 1540

width of the paths between the client and the server (Rainer et al., 2012), (Li et al.,
2014), (Jiang et al., 2014), buffer status (Huang et al., 2014) or both (Cicco et al.,
2013) in order to decide the representation to be requested. The adaptation logic of
the DASH client software used during the simulations of the proposed studies in this
chapter is based on throughput measurements as in (Rainer et al., 2012).

In the simulations, two different DASHvideo datawith resolutions of 1280x720
(720p) and 1920x1080 (1080p) are served by theDASH server (Lederer et al., 2012).
The 720p video has four different representations while 1080p has six different rep-
resentations. These representations are splitted into 300 segments, each with a du-
ration of 2 seconds. The average bitrate of the representations in both video data are
given in Table 3.1 and Table 3.2.

Table 3.2. The average bitrate of the representations in 1080p video.

Representation Id Average Bitrate (Kbps)

1 2200
2 2500
3 3100
4 3600
5 3900
6 4220
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3.2 Related Work

The flexibility on determining the routing algorithms provided by SDN leads
researchers to propose video streaming application specific routing strategies in the
literature. In (McDonagh et al., 2013), an OpenFlow (McKeown et al., 2008) con-
troller monitors the Real-time Transport Protocol (RTP) traffic on the video stream-
ing path and if it detects RTP loss, it sends the commands to the switches to switch
the alternative streaming path. A streaming path selection strategy based on Dijk-
stra algorithm by considering available bandwidth and video data rate is proposed in
(Karl et al., 2013). Similar to (Karl et al., 2013), the authors in (Valdivieso Caraguay
et al., 2015) propose Dijkstra algorithm to determine multimedia streaming paths
and give a framework for providing Quality of Service (QoS) by using the param-
eters of bandwidth and loss rate of the links. In (Uzakgider et al., 2015), a rout-
ing strategy for scalable video streams based on a learning model is proposed. In
addition to that study, several video streaming systems are presented in the litera-
ture (Cetinkaya et al., 2015b; Egilmez et al., 2011, 2013; Laga et al., 2014) propos-
ing various flow routing strategies to define different streaming paths for scalable
video layers. These studies mainly focus on User Datagram Protocol (UDP) video
streaming over SDN. However, designing new routing algorithms for transferring
the video packets of an adaptive HTTP streaming application requires considering
DASH specific parameters such as representation bitrates and TCP behavior as well
as available bandwidth information.

In (Seddiki et al., 2014), authors propose a QoS model by introducing a traffic
shaping scheme which defines packet forwarding rules according to the type of the
protocol. By assigning priority to the HTTP flows, DASH clients achieve higher
throughput when compared to the case that traffic shaping is not used (Seddiki et
al., 2014). An optimization model providing service differentiation by determining
the queue allocations among the paths between the server and the clients in an SDN
domain is proposed in (Bagci et al., 2016). In (Petrangeli et al., 2015), when aDASH
client requests for a segment, the controller checks the buffer fullness of the client,
the duration and the size of the segment and sends a prioritization command to the
switches if necessary. Although the system proposed in (Petrangeli et al., 2015) uses
the information related to the segment bitrate, no path selection strategy is defined
in this study. In (Georgopoulos et al., 2013), DASH clients select the representation
according to the commands received from the controller. The controller decides to
the representations by considering fairness and device characteristics of the users
(Georgopoulos et al., 2013). In (Nam et al., 2014), HTTP streaming by using SDN
capabilities is proposed. In this study, the controller periodically obtains information
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such as re-buffering events and playing information from the clients. According
to the status of the clients and obtained network information from the SDN, the
controller decides to change the server or the streaming path in the SDN domain. In
(Quinlan et al., 2015), authors show that if streaming flows are limited such that the
total bandwidth is distributed evenly among clients, then perceived video quality
is balanced compared to the case of no limitation. Leveraging SDN technology
to monitor QoE achieved by the clients is proposed in (Farshad et al., 2015). The
authors propose an SDN based DASH architecture in which QoE related parameters
of each client are collected and network resources are allocated by an external device
communicating SDN controller in (Bentaleb et al., 2016). In (Kleinrouweler et al.,
2016), SDN controller allocates the bandwidth of the bottleneck link for DASH
client flows. Similar to (Kleinrouweler et al., 2016), bandwidth allocation for HAS
client flows is proposed in (Ramakrishnan et al., 2015). SDN controller allocates
bandwidth by using the QoE related information received from the clients. In (Mu
et al., 2016), SDN based network resource allocation method for providing fairness
among DASH clients is proposed. In (Egilmez et al., 2012), streaming paths for
adaptive HTTP streaming clients are determined by using constrained shortest path
optimization taking congestion, delay and jitter parameters into consideration in an
SDN domain. Various path selection strategies including round robin path selection,
path selection based on deep packet inspection, path selection according to the level
of loads are proposed to increase QoE achieved by HAS clients in (Jarschel et al.,
2013).

3.3 Route Optimization With Fairness For DASH Over SDN

In this section, a multiobjective optimization model is proposed for the selec-
tion of the paths between the DASH clients and the server (Cetinkaya et al., 2015a).
The aim of the optimization model is to improve the QoE of the clients by increasing
the average received bitrate and to provide fairness among clients by decreasing the
difference between the received bitrates of the clients.

3.3.1 Proposed Work

Let P denotes the set of paths between the clients and the server and H de-
notes the set of online clients in the session. The optimization model maximizes the
available bandwidths of the paths assigned to the clients (Equation 3.1) in order to
improve the received bitrate of the clients and minimizes the standard deviation of
the available bandwidths of the assigned paths (Equation 3.2) in order to provide
fairness among clients with respect to the received bitrate. The optimization model
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is as follows:

max
|H|∑
i=1

abwi (3.1)

minσabwi
, i ∈ H (3.2)

subject to,

|H|∑
i=1

abwi ≤ Ctotal − trother (3.3)

In Equation 3.1, abwi denotes the available bandwidth of the path assigned to the i th
client. In Equation 3.3 Ctotal is the total capacity of the paths in the network where
trother is the amount of traffic except the DASH video packets. SDN controller runs
the optimization model when a new client joins the system and assigns the streaming
path between the video server and the all clients in the system as an output of the
model.

3.3.2 Simulation Study

The network topology used in the simulation study is shown in Fig.3.2. In the
network, there are four fully-connected switches that produces five paths between
clients and the server. The capacity of the paths are limited during the simulations.
There are four DASH clients that join the system with 30 seconds of interval. The
video served by the DASH server is 720p video which details are given in Table 3.1.
Each representation is divided into 300 segments with a length of 2 seconds. Thus,
the conducted simulations last for 600 seconds. To evaluate the performance of the
proposed work, best-effort routing method is also implemented on the SDN con-
troller. The proposed work and the best-effort routing methods are tested under two
different set of path capacities. In Setting1, the capacity of the paths are [1000, 4000,
4000, 1000, 1000] Kbps, where the capacity of the paths in Setting2 are [3000, 7000,
3000, 3000, 3000] Kbps. The capacity of the shortest-path is 4000 Kbps in Setting1
and 3000 Kbps in Setting2. The experiments are repeated 10 times and the received
bitrate, outage durations and startup delay values of the clients are measured. The
average received bitrate shows the quality of the received video. The outage dura-
tion refers to the freezes that client experiences due to the rebuffering. The startup
delay is the amount of time that clients wait the video to playback after the requesting
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Figure 3.2. Network topology for the simulations.

it. In the simulations clients start to playback the video after receiving 15 segments.

Fig.3.3 and Fig.3.4 shows the time-dependent average received bitrate of the
clients in the proposed work and best-effort routing method under Setting1 and Set-
ting2, respectively. Since the clients join the system with 30 seconds of interval,
the measurement in the graphs are given from 90th seconds when the last client
joins the system. It is seen from Fig.3.3 and Fig.3.4 that the average received bitrate
of the clients in proposed work is much more higher than the received bitrates of
the clients in the best-effort routing method in both settings. Also, in the proposed
work, the average received bitrate of the clients are higher than 1540 Kbps which
is the average video bitrate of the highest quality representation. Thus, the clients
in the proposed work playback the highest quality video and keep the occupancy of
video buffers high. Keeping buffer occupancy rates high ensures client to playback
the video without experiencing freezes even if there is not enough capacity in the
system due to the sudden decreases in bandwidth of the paths.

Table 3.3 shows the outages in seconds when there are no video packets to play
in the clients’ buffers. In the proposed method, the client does not experience any
outages in both Setting1 and Setting2. In best-effort routing method, the outages
are observed in Setting2. In Table 3.4 the average startup delay of the clients are
given. As seen from the Table 3.4, poor network capacity also delays to transmit
the packets necessary to start playing the video, thus causing the startup delay to
increase.

One of the objectives of the proposed optimizationmodel is to provide fairness
among the clients by reducing the standard deviation of the assigned paths’ available
bandwidths. In order to evaluate the fairness of the proposed work, the Jain fairness
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Figure 3.3. Average received bitrate of the clients under Setting1.
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Figure 3.4. Average received bitrate of the clients under Setting2.
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Table 3.3. Outage duration

Outage Duration (sec)
Setting1 Setting2

Min Max Avg Min Max Avg

Proposed work 0 0 0 0 0 0
Best-effort routing 0 0 0 1 2 13.9

Table 3.4. Startup delay

Startup delay (sec) Setting1 Setting2

Proposed work 13.5 14.2
Best-effort routing 17.3 22.2

index (Jain et al., 1984) is calculated for both Setting1 and Setting2. In Setting1,
the fairness index is 1 since clients are assigned to paths with same bandwidth as a
result of the proposed optimization model. The fairness index is measured as 0.998
for Setting2. These results show that the fairness is achieved in proposed work.

In this study, an optimization model is proposed for the selection of video
streaming paths between DASH clients and server running on an SDN domain. The
aim of the optimization model is to increase the QoE of the clients while providing
fairness among clients. The proposed work also aims to improve the system-wide
performance by dynamically changing the paths between the server and the client.
The simulation results show that the proposed work outperforms the Internet’s best-
effort routing method in terms of QoE.

3.4 A Service Differentiation Architecture For DASH Over SDN

In this section, a service differentiated architecture is proposed for DASH
clients residing within an SDN domain. In the proposed work, different service
classes are defined and congestion-related problems are solved in order to provide
an increase in QoE according to the users’ service classes. In order to take traffic
characteristics specific to the DASH applications into account, the average bitrate
of the video files stored in the server and current available bandwidth of the links
between the server and the clients are considered. Providing service differentiated
classes requires providing the same service level among the users within the same
class. In addition to that, available network capacity should be shared fairly, con-
sidering service payments. Hence, a path assignment strategy providing fairness
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among and within the classes has to be developed for defining streaming paths ac-
cording to user class for a given network topology. The contributions of this study
can be listed as follows:

• An architecture providing service differentiation to DASH clients is proposed.
This is the first study that proposes an SDN based fair service differentiation
architecture considering the characteristics of DASH applications.

• An optimization scheme based on Mixed Integer Programming (MIP) is de-
signed to determine the streaming paths between the server and the clients.
The optimizationmodel aims tomaximize received quality and providing fair-
ness among users belonging to the same service class. Furthermore, a decom-
position based heuristic algorithm is developed to reduce the computational
complexity of the MIP based optimization scheme.

• The performance of the proposed architecture is evaluated by giving different
weights to the optimization parameters under different network conditions.
The network topologies are selected among the real topologies of large ISPs
in the world.

3.4.1 The Proposed Work

In the proposed work, SDN controller determines the streaming paths between
the DASH clients and server, controller then sends the flow rules to the switches.
The determination of the streaming paths is invoked by two events:

• When a new client joins the streaming system (triggered by HostManager)

• When congestion occurs on the streaming paths between the clients and server
(triggered by LinkManager)

In both cases, the controller runs the path assignment procedure given in the next
subsection.

3.4.1.1 MIP Model

In this subsection, the MIP framework is presented. The algorithm determin-
ing the streaming paths between the clients and the server takes network topology
and available bandwidth of the links as inputs. This algorithm is executed by the
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RouteManager module in controller and flow rules related to the selected paths are
sent to the switches by FlowManager module.

We define set A = {(i, j) : i ∈ N, j ∈ N − {i}} to represent the links
where set-N is the set of switches. Furthermore, set-M = N − {H,S} represents
the switches excluding the host (H) and the server (S) nodes. The set of all users,
premium users, and standard users are denoted as U , UP , and US , respectively. Ca-
pacities of links are denoted by Cij and the set of link capacities are denoted as C0.
Furthermore, the capacity of the highest capacity link in the network is denoted as
Cmx. The amount of data flow on link-(i, j) of user-k is denoted by fk

ij . The variable
bound on fk

ij is given in Eq. (3.4).

0 ≤ fk
ij ≤ Cmx ∀(i, j) ∈ A ∀k ∈ U (3.4)

The objective function can be expressed as:

max

[
γ1

∑
i∈UP

si − γ2
∑
i∈UP

ei + γ3
∑
i∈US

si

]
. (3.5)

Our objective function does not have a physical meaning, per se. However,
this is a multi-objective optimization problem, hence, we are optimizing multiple
physical quantities. Since we are optimizing multiple objectives we combine them
linearly through multiplication of weights (i.e., γi’s). The weights in the composite
objective function determine the individual objectives’ priorities.

The first term maximizes the data flow allocated to premium users (si is the
source rate allocated to user-i). The second term has negative sign so it is for min-
imization of ei’s (the absolute value of the difference between the source rate of
premium user-i and the average value of the source rates of all premium users).
The third term is again for maximizing the flows allocated for standard users. The
weights (i.e., γ’s) can be assigned for the emphasis.

For example, γ1 = 1.0, γ2 = 0.1, and γ3 = 0.01 would lead to an optimiza-
tion problem where the most important objective is to achieve maximum flow for
premium users, the second objective is to minimize the differences between flows in
the premium category, and the third objective is to maximize the flows in the stan-
dard category after achieving the first two objectives. In fact, solving a particular
problem for a range of γ values will outline the operating region for the problem.
The constraints for this optimization problem are defined after this point.
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We define binary variables akij as flow indicators in Eq. (3.6). If a non-zero
amount of data of user-k is flowing on link-(i, j) then the indicator variable is set to
one (i.e., akij = 1) and 0 otherwise. When fk

ij = 0 Eq. (3.8) forces akij = 0, where
ϵ is the minimum value for non-zero flows (for the sake of simplicity assume that
ϵ = 1 Byte for now). On the other hand, when fk

ij > 0 Eq. (3.7) forces akij = 1 .

akij ∈ {0, 1} ∀(i, j) ∈ A ∀k ∈ U (3.6)

fk
ij ≤ Cij × akij ∀k ∈ U ∀(i, j) ∈ A (3.7)

fk
ij ≥ ϵ× akij ∀k ∈ U ∀(i, j) ∈ A (3.8)

Binary variables xij given in Eq. (3.9) are utilized in Eq. (3.10) and (3.11) to
determine whether link-(i, j) is used by any flows. If at least one akij on a particular
link is equal to 1, then xij is forced to take 1, by Eq. (3.10), however if all akij = 0

then xij ≥ 0 (by Eq. (3.10)) and xij ≤ 0 (by Eq. (3.11)) will force xij = 0.

xij ∈ {0, 1} ∀(i, j) ∈ A (3.9)

xij ≥ akij ∀k ∈ U ∀(i, j) ∈ A (3.10)

xij ≤
∑
k∈U

akij ∀(i, j) ∈ A (3.11)

We need to ensure that all end-to-end paths are single path routes. Eq. (3.12)
guarantees that only one link going out of the host switch (H) is used for the flow
of user-k. Eq. (3.13) limits the outgoing flow of user-k at the other switches to at
most one link. Since each user’s data can flow on a single path si has the variable
bound given in Eq. (3.14). ∑

j∈N

akHj = 1 ∀k ∈ U (3.12)∑
j∈N,j ̸=i

akij ≤ 1 ∀k ∈ U, ∀i ∈ N (3.13)

0 ≤ si ≤ Cmx ∀i ∈ U (3.14)

Eqs. (3.15), (3.16), and (3.17), jointly guarantee the flow conservation at switches.
Flow conservation constraint of host switch is given in Eq. (3.15) which states that
outgoing flows of user-k at host node is equal to the source rate allocated to user-k
(i.e., sk). In a similar manner, Eq. (3.16) is used to ensure that the entire flow of user-
k terminates at the server (S) node. Eq. (3.17) is used to perform flow balancing at
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intermediate switches (M ). ∑
j∈N,j ̸=H

fk
Hj = sk ∀k ∈ U (3.15)

sk =
∑

j∈N,j ̸=S

fk
jS ∀k ∈ U (3.16)∑

i∈N,i ̸=j

fk
ij =

∑
l∈N,l ̸=j

fk
jl ∀k ∈ U ∀j ∈ M (3.17)

To avoid any loop backs to the host, we zero all incoming flows to host node
(from the switches) as ∑

i∈N−H

fk
iH = 0 ∀k ∈ U. (3.18)

To avoid any loop backs to the server, we zero all outgoing flows from server
node (back to the switches) as ∑

i∈N−S

fk
Si = 0 ∀k ∈ U. (3.19)

We define the slack flow (gkij) that represents the amount of allocated but unuti-
lized capacity for user-k over link-(i, j). Variable bound for gkij is the same as that
of fk

ij and given in Eq. (3.20). Eqs. (3.21) and (3.22) jointly ensure that the whole
capacity of a particular link is allocated to real and/or slack flows if the link is uti-
lized by at least one flow (i.e., xij = 1). Slack flow is zero if actual flow is also zero
which is enforced by Eq. (3.23).

0 ≤ gkij ≤ Cmx ∀(i, j) ∈ A ∀k ∈ U, (3.20)∑
k∈U

{fk
ij + gkij} ≥ xij × Cij ∀(i, j) ∈ A (3.21)∑
k∈U

{fk
ij + gkij} ≤ Cij ∀(i, j) ∈ A (3.22)

gkij ≤ akij × Cij ∀(i, j) ∈ A ∀k ∈ U (3.23)

We cannot limit the amount of data flow in a path arbitrarily, instead, the
amount of flow on a path can be limited by allocated capacity on the bottleneck link
of the path. Therefore, there should be at least one link of each path with non-zero
actual flow and zero slack flow. To keep the count of non-zero slack flows we intro-
duce binary indicator variableswk

ij in Eq. (3.24) which is equal to zero if gkij = 0 and
equal to one if gkij > 0 as given in Eqs. (3.25) and (3.26). Eq. (3.27) guarantees that
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for each path the number of links with non-zero real flows is at least one more than
the number of links with non-zero slack flows (i.e., for all paths there is at least one
link in the path of user-k’s flow where real flow utilizes all the allocated capacity to
the user).

wk
ij ∈ {0, 1} ∀(i, j) ∈ A ∀k ∈ U (3.24)

gkij ≤ wk
ij × Cij ∀k ∈ U ∀(i, j) ∈ A (3.25)

gkij ≥ ϵ× wk
ij ∀k ∈ U ∀(i, j) ∈ A (3.26)∑

(i,j)∈A

wk
ij ≤

∑
(i,j)∈A

akij − 1 ∀k ∈ U (3.27)

All flows utilizing the same link are allocated the same amount of bandwidth
on the link (whether they utilize all the allocated capacity or not). Eq. (3.28) guar-
antees that all non zero flows utilizing the same link get equal allocations for the
link. To further clarify this constraint consider two users’ paths (e.g., user-2 and
user 4) utilizing link-(5, 8) and none of the other users’ paths utilize link-(5, 8). For
this particular scenario, Eq. (3.28) effectively reduces to f 2

58 + g258 ≤ f 4
58 + g458 and

f 4
58 + g458 ≤ f 2

58 + g258 (i.e., f 2
58 + g258 = f 4

58 + g458).

fk
ij + gkij ≤ fh

ij + ghij + Cij(2− akij − ahij) ∀(i, j) ∈ A ∀k, h ∈ U (3.28)

Eq. (3.29) guarantees that data flow for premium users is larger than standard
users. Furthermore, Eq. (3.30) and (3.31) ensure that data flows for premium and
standard users are higher than or equal to the guaranteed bit rate (ζg) and the min-
imum bit rate (ζm), respectively. At this point we can give the exact value of the ϵ
introduced earlier which is ϵ = ζm.

sk > sh ∀k ∈ UP ∀h ∈ US (3.29)

sk ≥ ζg ∀k ∈ UP (3.30)

sh ≥ ζm ∀h ∈ US (3.31)

While solving the optimization problem, we observe that phantom flows exist
in the solution which are invalid flows that do not violate flow balancing constraints
(e.g., node-4 and node-5 sending each other the same amount of data or node-6,
node-7, and node-8 creating a data flow loop among themselves), however, renders
some other constraints ineffective. Hence, to eliminate such flows we determine the
hop count of relay nodes from the host node and make sure that a node with higher
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hop count cannot transmit data to another node with lower hop count, thereby, elim-
inating phantom flows. We first introduce binary indicator variables pki in Eq. (3.32)
which are one if switch-i is a relay for user-k’s flow and zero otherwise. Since host
and server nodes are always relays for user-k’s flow, pkH and pkS are set to one as
stated in Eq. (3.33) and (3.34). At the other switches, if any of the incoming links
transport user-k’s flow to switch-i (i.e., akji = 1) then switch-i is also a relay node
for user-k’s flow as expressed in Eq. (3.35).

pki ∈ {0, 1} ∀k ∈ U ∀i ∈ N (3.32)

pkH = 1 ∀k ∈ U (3.33)

pkS = 1 ∀k ∈ U (3.34)

pki =
∑

j∈N,i ̸=j

akji ∀k ∈ U ∀i ∈ M (3.35)

We determine the degree of switch-i as a relay for user-k’s flow (i.e., the hop
count from the host) by using the integer variables rki . Variable bound on rki is given
in Eq. (3.36). Note that the maximum degree of a switch can at most be the total
number of switches, |N |, in the network. The degree of the host is always one as
stated in Eq. (3.37) and the degree of the server equals to one more than the total
number of relay switches on user-k’s path as stated in Eq. (3.38).

0 ≤ rki ≤ |N | ∀k ∈ U ∀i ∈ N (3.36)

rkH = 1 ∀k ∈ U (3.37)

rkS = 1 +
∑

(i,j)∈A

akij ∀k ∈ U (3.38)

We set the degrees of switches which are not relaying the data of user-k by
using Eq. (3.39) which states that if switch-i is not a relay for user-k’s data (i.e.,
pki = 0) then rki = 0, however, if switch-i is a relay for user-k’s data (i.e., pki =

1) then rki ≤ |N | which is satisfied by all switches. If switch-i and switch-j are
communicating directly for relaying the data of user-k then the link between them,
link-(i, j), must be used to transport non-zero flow (i.e., akji = 1) otherwise akji = 0.
Eq. (3.40) and (3.41) jointly result in rki = rkj+akji for akji = 1 (i.e., both rki ≤ rkj+akji

and rki ≥ rkj +akji are true). If akji = 0 then Eq. (3.40) and (3.41) are always satisfied
(i.e., they become redundant). Nevertheless, the degree of a switch is one more than
the switch it receives data from as established by Eq. (3.40) and (3.41).

rki ≤ |N |pki ∀k ∈ U ∀i ∈ M (3.39)

rki ≥ rkj + akji + |N |(akji − 1) ∀k ∈ U ∀j ∈ N ∀i ∈ N − j (3.40)

rki ≤ rkj + akji + |N |(1− akji) ∀k ∈ U ∀j ∈ N ∀i ∈ N − j (3.41)
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The second term in the objective function is to minimize the differences be-
tween the allocated rates to the premium users. In fact, minimizing the differences
allocated to different users is a commonly adopted objective for achieving fair-
ness (Quinlan et al., 2015). For example in (Mu et al., 2016), RMS (Root Mean
Square) difference between the rates allocated to different users are minimized in
the context of streaming video. Minimizing the sum of absolute values of differ-
ences of rates allocated to different users also serves in achieving fairness (Shi et
al., 2014). Furthermore, by employing such a metric we can keep our model as a
linear model. For this purpose, we introduce variables di (i.e., difference of user-k’s
data rate and the average data rate of all premium users) which are assigned values
as expressed in Eq. (3.42). Note that −Cmx ≤ di ≤ Cmx as stated in Eq. (3.43)
which is a direct result of variable bound on sk in Eq. (3.14).

di = si −
1

|UP |
∑
k∈UP

sk ∀i ∈ UP (3.42)

−Cmx ≤ di ≤ Cmx ∀i ∈ U (3.43)

Since we need to find the absolute values of di’s (i.e., ei = |di|) which is
achieved by utilizing Eq. (3.46)–(3.49). We utilize binary variables bi given in
Eq. (3.46) for obtaining the absolute values of di’s. The variable bound on ei’s are
given in Eq. (3.45). When di is positive, Eq. (3.46) and (3.49) always hold, how-
ever, for Eq. (3.47) to hold binary indicator variable bi must be set to zero, hence, the
effective constraints are Eq. (3.46) and (3.48) in this case (i.e., di ≤ ei and di ≥ ei)
which results in di = ei. When di is negative, for Eq. (3.46) to hold, bi = 1 which
makes Eq. (3.47) and (3.49) the effective constraints (i.e., −di ≤ ei and −di ≥ ei)
resulting in −di = ei.

bi ∈ {0, 1} ∀i ∈ U (3.44)

0 ≤ ei ≤ Cmx ∀i ∈ U (3.45)

di + 2× Cmx × bi ≥ ei ∀i ∈ UP (3.46)

−di + 2× Cmx × (1− bi) ≥ ei ∀i ∈ UP (3.47)

di ≤ ei ∀i ∈ UP (3.48)

−di ≤ ei ∀i ∈ UP (3.49)

3.4.1.2 Heuristic Algorithm

Algorithmic complexity of our MIP model is in the NP-complete class. Con-
sider the topology where the host and the server are connected directly by a certain
number of links with different capacities. The problem of optimal assignment of
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standard and premium users to these links is an instance of the NP complete prob-
lem of generalized bin packing (Baldi et al., 2012). Therefore, by the additional
complexity of determining end-to-end paths with side constraints makes our prob-
lem an NP-complete problem. Hence, the computational complexity of the MIP
problem is high, therefore, it does not scale well as the number of switches and
users grow. In this subsection we present a heuristic algorithm which has much
lower computational complexity. We present an analysis of the MIP model and the
heuristic algorithm in next subsection to compare the computational complexities
and performances of both approaches. The pseudo-code of the heuristic is outlined
in Fig. 3.5. The most important factor increasing complexity of the MIP model
is that all flows are considered jointly resulting in a high number of variables and
constraints. In the heuristic algorithm we first determine feasible end-to-end paths,
however, only one path a time is determined by using the MIP model with some
auxiliary constraints. Later, we assign users’ flows on these paths by using the orig-
inal MIP model, however, without the complexity of determining paths (i.e., paths
are determined in the previous step of the algorithm) which reduce the number of
variables and constraints drastically. Note that we still use the MIP model in the
heuristic algorithm (in fact multiple times sequentially), however, the problem in-
stances we utilize the MIP model use very low number of variables and constraints
in comparison to the original MIP model. Furthermore, we divide the problem in
two main parts. In the first part we assign paths and bandwidths to the standard
users. In the second part we assign paths and bandwidths to the premium users.

In the first part (lines 1–12), we determine minimum bandwidth end-to-end
paths (denoted by S) each having a minimum bandwidth of ζm (lines 2–10) and
assign all standard users to these paths (line 11–12). For this purpose, we assume
that there are no premium users (line 2). We introduce the variables η1ij which is
used to count the usage of link-(i, j) by the obtained paths, Pl (line 3). In line 5,
the objective function of the MIP framework is modified with γ1 = γ2 = 0, and
γ3 = −1 such that the total bandwidth of the standard users are minimized (i.e.,
max

[
−
∑

i∈US
si
]
= min

[∑
i∈US

si
]
). Note that we also include the additional

constraint in line 5 to make sure that if a link is utilized more than once, the capacity
associated to that link is fairly shared among the standard users (e.g., if the link-(3, 2)
is used 5 times while having the initial capacity of C0

3,2 = 5000 kbps, than each
standard user can at most has a bandwidth of 1000 kbps, si ≤ 1000 kbps). After
solving theMIP model sequentially we obtain minimum bandwidth paths (Pl), mark
the links in Pl (line 6) and update the capacity matrix,C1, by subtracting the flows in
the links of Pl (line 7). This process continues until the maximum flow between the
Host and the Server in C1 is less than the minimum bandwidth ζm (i.e., we cannot
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Figure 3.5. Heuristic algorithm
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find any more paths with at least end-to-end ζm capacity). After we obtain the set
S which contains all possible Pl sets, we assign all standard users to these paths.
We create a virtual network, H1, consisting of the Host (H) and Server (S) nodes
as well as virtual nodes (ul, ∀l ∈ S) that represent paths in S. In fact, each virtual
node is connected to only the Host and the Server (i.e., virtual nodes do not have
links to each other). Link capacities of each virtual node is equal to the capacity
of one path in S as stated in line 11. For example, if we have three paths in S with
end-to-end capacities of x, y, and z then there are three virtual nodes in H1 with
link capacities of x, y, and z (e.g., virtual node one has only one incoming and only
one outgoing link of capacity x). When the new virtual network is constructed we
solve the original MIP framework with the objective of minimizing the maximum
bandwidth of standard users (line 12). By the completion of the first part of the
algorithm, the paths for standard users and corresponding bandwidth values (Ŝ). We
update the capacity values of C0 by removing the bandwidth used in the standard
users’ path assignment steps and store this residue capacity as C2.

In the second part (lines 13–23), we determine maximum bandwidth end-to-
end paths each having a minimum bandwidth of ζg (lines 13–21) and assign all
premium users to these paths (lines 22–23). In this case we assume that there are
no standard users (line 13). The main idea is similar to the case that we obtain the
minimum bandwidth paths (line 2–10). However, the only difference is the weights
(γ) of the objective function. Since we aim to maximize the bandwidths of the
premium users, the objective function of the MIP framework should be modified
as: max

[∑
i∈UP

si
]
. This can be achieved by choosing γ1 = 1, γ2 = γ3 = 0

(line 16). After solving the modified MIP problem, we get the set of maximum
bandwidth paths P that contains all path information (Pm) obtained (line 19). By
using the path information and path capacities we create another virtual network,
H2, in a similar way that we do in the first part (line 22). However, in the second
part, we choose γ1 = 1 to maximize the capacity allocated to the premium users
(line 23). Minimizing the differences between the assigned capacities among the
premium users is also facilitated by choosing γ2 = 1 or γ2 = 0. Since the capacities
of standard users are already determined in the first part of the algorithm, we do not
assign capacities to the standard users in the second part (i.e., γ3 = 0). Upon the
completion of the second part of the algorithm paths for the premium users (P̂) are
allocated.
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3.4.2 Simulation Study

General Algebraic Modeling System (GAMS)1 with CPLEX solver is em-
ployed for the solutions of the optimization problems. There are 10, 20 and 30
clients connected to the DASH server, respectively. Half of the clients are sub-
scribed as premium user whereas the remaining clients are standard users. Clients
join the system with the 10 seconds of intervals.

The video served by the DASH server is 720p video which details are given in
Table 3.1. For both type of users, the clients adapt the quality based on the through-
put measurements. The guaranteed bandwidth value offered to the premium user
equals to 1200 Kbps, and the guaranteed bandwidth provided to standard users
equals to 900 Kbps. Only soft guarantees can be given to the users since detect-
ing and changing a congested streaming path may take several milliseconds and this
causes a decrease in available bandwidth during a short period. However, the re-
ceived video quality by the clients are not affected significantly by this problem as
observed from the simulation results given in the next section. The simulations last
for 300 seconds. The controller communicates with the switches in every 2 seconds.

We use two different type of real-world topologies, known as Dfn and Com-
puserve2. There are 11 switches and 7 paths between the server and the clients in
Compuserve topology. Dfn consists of 57 switches and 1179 paths between the
server and the clients. We create cross traffic on the links in both topologies dur-
ing simulations. The available bandwidth value of each link in the SDN domain is
independently distributed according to uniform distribution with randomly selected
mean values between 1000 Kbps and 10000 Kbps. The available bandwidth of the
links periodically changes due to cross traffic.

3.4.2.1 Comparison of MIP model and Heuristic Algorithm

In Table 3.5, we present a comparison of average data rates (in kbps) for pre-
mium and standard users obtained with the MIP model and heuristic algorithm as a
function of number of users for the Compuserve topologywith γ1 = 1, γ2 = γ3 = 0.
We vary the number of total users from 8 to 16 with an increment of 2 users. The
MIP model and the heuristic algorithm are solved by using CPLEX in a personal
computer which has 16 GB of RAM with Intel Core i7 3.2 Ghz processor. It takes
prohibitively large amounts of time when we attempt to solve the exact optimiza-

1http://www.gams.com/
2http://www.topology-zoo.org/
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tion problem (i.e., MIP) when the number of users exceeds 16, therefore, we cannot
present results for higher number of users. Indeed, we cannot obtain results for the
DFN topology by using the MIP model due to the high number of switches which
increases the number of variables and constraints drastically. The difference in to-
tal bandwidth assignment of the MIP model and the heuristic algorithm can be as
low as 0.32% (for 14 users) and can be as high as 8.32% (for 16 users). Since the
heuristic algorithm cannot assign the premium user bandwidths optimally, in some
scenarios heuristic algorithms’s bandwidth allocation to standard users are higher
than the MIP model’s assignment of bandwidth to standard users.

Table 3.5. Average data rate (in kbps) for premium and standard users obtained by the MIP model
and heuristic algorithm as a function of number of users for Compuserve topology

Avg. Data Rate (kbps)

Model Users 8 10 12 14 16

MIP
Premium 14820 17580 18900 21250 29231
Standard 4405 5902 6486 9650 9920
Total 19425 23482 25386 30900 39151

Heuristic
Premium 13800 14472 18756 17800 27864
Standard 4440 7056 5976 13000 8064
Total 18420 21528 24732 30800 35928

In Table 3.6, we provide average solution times (in seconds) of the MIP model
and the heuristic algorithm with respect to the number of users. Solution times for
theMIPmodel increases withmuch higher pace than the solution times of the heuris-
tic algorithm. In fact, with 16 users solution time for the MIP model is two orders
or magnitude higher than the solution time of the heuristic algorithm. Nevertheless,
the heuristic algorithm results in a huge gain in solution time by sacrificing a limited
performance loss. Note that solution times given in Table 3.6 are obtained by im-
plementing SDN controller software on a personal computer. It is clear that solution
times tend to decrease when SDN controller runs on a higher-capacity server (i.e.
with multi-core processors and with higher memory capacity).

3.4.2.2 Simulation Results

As mentioned in previous section, the proposed architecture aims to provide
QoE maximization, fairness and to provide different classes of services. We com-
pare the performance of proposed architecture with two different approaches. One
of them is best-effort (shortest path) service model. In the best-effort service model,
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Table 3.6. Average solution times (in seconds) for the MIP and heuristic algorithm wrt. number of
users for Compuserve topology

Avg. Solution time (s)

Model / Users 8 10 12 14 16

MIP 13 101 191 538 601
Heuristic 2.09 2.50 2.71 3.22 3.30

k-shortest path are selected among the paths between the server and the clients. Pre-
mium users are assigned to shortest paths while standard users are assigned to the re-
maining paths in the k-shortest path set. Other comparison approach is based on the
approach given in (Egilmez et al., 2013), where the path selection is determined as
a CSP (constrained shortest path) problem taking the bandwidth and delay variation
into account. In order to obtain comparable outputs with our approach, the streaming
paths are determined for premium users first. After that, available bandwidths of the
paths are re-calculated and streaming paths are determined for standard users. We
refer this approach as CSP-QoS in the graphs and tables given in this section. The
performance results related to the proposed approach are represented as Proposed-
max for γ1 = 1, γ2 = γ3 = 0 and Proposed-fair for γ1 = γ2 = 1, γ3 = 0. In the
simulations, we measure the QoE parameters such as the received bitrate, number of
received packets for each representation, the number and the duration of outages ob-
served in the clients, the number of quality switches and fairness among the clients.
All parameters used in the simulations are the same for all service differentiation
approaches. The simulations are repeated over 10 times for both approaches and the
results are obtained by averaging the outcome of each test.

In Figure 3.6, the average received bitrates by each client for all approaches
are given with varying number of clients for both topologies. These values are ob-
tained by averaging the received bitrates for all simulations. As observed from the
figure, both types of users have achieved the offered service guarantee when the
path selection is done by the proposed service differentiated architecture in both
topologies. The premium users have received similar amount of bitrate for the pro-
posed and CSP-QoS approaches in Compuserve. The reason for such behavior is
that there are only 7 paths in this topology and generally similar paths are selected
for premium users with both approaches. In the simulations run over Dfn topol-
ogy, the received bitrate achieved by premium users with the proposed approach
is higher than that of CSP-QoS and k-shortest approaches. The performance gain
in the received bitrate value reaches up to 31% and 50% when the performance of
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the proposed approach is compared to CSP-QoS and k-shortest path approaches,
respectively. These results show that when the number of paths increases and the
topology becomes larger, the proposed approach outperforms other approaches. Al-
though the received bitrate values observed for standard users are generally similar
in the proposed and CSP-QoS approaches, standard users have higher received bi-
trates in CSP-QoS approach for certain configurations (e.g., Figure 3.6a and 3.6b)
because in our proposed approach we set γ3 = 0. When the available bandwidth of
the streaming paths determined for the standard users increases, the received bitrate
values of standard users approaches to the bitrate values received by premium users.
γ3 is set to 0 to prevent this situation.

On the other hand, premium users also receive better service than that of stan-
dard users in k-shortest path based service differentiation strategy. However, unac-
ceptable decrease in the received bitrate values of standard users are observed in the
graphs with k-shortest path approach.

Frequent quality changes negatively affect the perceptual quality experienced
by the clients, hence it is one of the crucial parameters related to QoE. In Figure 3.7,
the number of quality changes observed in the clients are given for all approaches.
The decrease in the number of quality changes observed with the proposed approach
is up to 39% when it is compared to CSP-QoS approach. Minimum number of
quality changes is observed in k-shortest path approach since the reserved bandwidth
value causes clients generally receive segments of lowest quality representation and
they rarely request segments of next higher representation.

The percentage of received segments from each type of representation is given
in Figure 3.8. Especially for premium users, the video quality perceived by the
users in the proposed architecture is better than that of CSP-QoS and k-shortest path
approach.

If the bandwidth is not adequate for sending the selected representation, the
clients start to experience outages in video. In Table 3.7, average, max and min
durations in seconds observed in a client according to the user types are given. In
the table, avg refers to the average of outage durations observed in same type of user
while max and min refers to the maximum and minimum outage duration observed
in the clients during the streaming session, respectively. The results are given only
for the k-shortest path approach due to the fact that we did not observe any outages
in the proposed architecture.
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Table 3.7. Outages observed in Dfn topology (s)

# of clients Proposed-max Proposed-fair CSP-QoS k-shortest

10 0.2 0.1 0 75.4
20 0 0 3.4 78
30 0 0 4.4 10

Table 3.8. Standard Deviation Values Observed in the Proposed Architecture

Compuserve Dfn

# of clients Prop.-max Prop.-fair Prop.-max Prop.-fair
10 697 33 401 322
20 336 144 508 262
30 105 76 667 333

Figure 3.6. Average received bitrate - (a) Compuserve - 10 clients, (b) Compuserve - 20 clients, (c)
Compuserve - 30 clients, (d) Dfn - 10 clients, (e) Dfn - 20 clients, (f) Dfn - 30 clients.

Since one of the aims of the optimization framework is to provide fairness
among premium users, we calculate the standard deviation of the bitrate received
by these users in order to show how fairly the network resources are distributed.
In Table 3.8, the standard deviation values are given for different γ values. When
γ2 equals 1, the difference of the standard deviation values become smaller. This
shows that the optimization framework is successful in increasing the fairness (i.e.,
all users achieve similar service quality).
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Figure 3.7. Number of quality changes - (a) Compuserve - 10 clients, (b) Compuserve - 20 clients,
(c) Compuserve - 30 clients, (d) Dfn - 10 clients, (e) Dfn - 20 clients, (f) Dfn - 30 clients.

Figure 3.8. Percentage of the received representations - (a) Compuserve - 10 clients, (b)
Compuserve - 20 clients, (c) Compuserve - 30 clients, (d) Dfn - 10 clients, (e) Dfn - 20

clients, (f) Dfn - 30 clients.

In this study, we proposed an architecture for increasing QoE of DASH clients
and for providing service classes in an SDN domain. The controller dynamically
changes the streaming paths between the server and the clients by taking the under-
lying network conditions into account. Streaming paths are determined according
to the optimization framework. Although the optimization framework is given for
two different service classes, it can be enhanced for more service classes.
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The proposed approach is compared to two service differentiation approaches.
In one of the comparison approaches, streaming paths are determined by consider-
ing k-shortest paths. In the second comparison approach, the streaming paths are
determined by using the solution to the constrained shortest path problem. Perfor-
mance evaluations are performed for both approaches via the simulations done in
real-world topologies. The simulation results show that the proposed architecture,
as well as providing fairness, provided increase in QoE in terms of received bitrate,
achieved quality, outage durations and number of quality changes when compared to
other service differentiation approaches. We observed up to 83% and 31% increase
in average received bitrate with the proposed approach when compared to k-shortest
path and CSP-QoS approaches, respectively. The observed average outage duration
reaches up to 78 seconds for a 300 seconds of video with k-shortest path approach,
while outage duration observed in the proposed approach equals to zero. On the
other hand, it is observed that the proposed approach provided up to 39% decrease
in the average number of quality switching when compared to CSP-QoS approach.

3.5 Segment-Based Route Optimization For DASH Over SDN

In this section, a route optimization solution is provided to the problem of what
is the best route between the server and a client under the changing networks condi-
tions and variable bitrate of the segments (Cetinkaya et al., 2014). In the proposed
work, the paths between the DASH client and the server are selected by considering
available network throughput, bitrate of the segment and path length. Each time
the client requests a segment, the path is changed between the server and the client.
Hence, flows are rerouted for each segment during the streaming session in order to
maximize overall throughput.

3.5.1 Proposed Work

In our study, the route selection of the flows is done by considering the paths
from the server to the clients. The proposed system is illustrated in Fig. 3.9. As
shown in the figure, each time the client requests a segment (1), the server informs
the controller about the client and the requested video segment (2). The controller
selects a path considering the bitrate of the requested segment and network load
(3). After selecting an optimum path for the requested segment, the controller sends
flow information to the corresponding switches along the selected path viaFlowMod
message which is defined in OpenFlow protocol (4). Finally, the server starts to send
the requested video segment over the defined path (5).
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Figure 3.9. Steps of segment based rerouting process.

In the third step of Fig. 3.9, the controller determines all possible paths be-
tween the client and the server to select a path by using multiobjective optimization.
The aim of the optimization is selecting the path having adequate capacity to send
the segment at that moment while minimizing the path length. In order to determine
the path, the controller needs to calculate the available bandwidth of the paths. For
this purpose, the controller queries the switches periodically via sending PortStats
messages which is defined in OpenFlow protocol to obtain information about cur-
rent load on the links. Since the bitrate of the DASH segments are variable, the
load on a link changes dynamically. Instant load values are averaged by using the
smoothing formula given in Equation (3.50). In Equation (3.50), LDt

ij is the current
load, α is the smoothing factor and LDij is the averaged load of the link i on the jth
path. α is set to 0.6, hence we give slightly more importance to the current load.

LDij = α× LDt
ij + (1−)× LDij (3.50)

After determining the load of each link in a path, the available bandwidths
of all paths are calculated by measuring the bottleneck link bandwidth as shown in
Equation (3.51). In the formula,Mj is the number of links, Cij is the capacity of the
link i. Note that the bottleneck link bandwidth gives the available bandwidth of the
path.

abwj = min(Cij − LDij), 1 ≤ i ≤ Mj (3.51)

Nevertheless, the HTTP streaming throughput does not achieve the maximum



35

Figure 3.10. Network topology used during the experiments.

available link bandwidth due to the behavior of the competing TCP flows. Hence,
we integrate a factor, called beta factor, for adding some buffer for the measured
available bandwidth value. The optimization model is,

(bw)

min
(p1,...,pj)

= min
(p1,...,pj)

{
min

(1≤i≤Mj)

{
(Cij − LDij)× β − stbr

}}
(3.52)

(length)

min
(p1,...,pj)

= min {Mj} (3.53)

subject to,
bw ≥ 0 (3.54)

where β represents beta factor and stbr represents the bitrate of the current
segment. In the next section, we observe the performance of the optimization model
by using different values of β factor.

3.5.2 Simulation Study

We used the topology as shown in Fig. 3.10, with one DASH server and five
DASH clients. In the figure, the dotted line represents the OpenFlow protocol. The
capacity of all links equals to 4Mbps. The video served by the DASH server is 720p
video which details are given in Table 3.1.

The proposed model is tested on the given network topology and its perfor-
mance is compared to that of Internet’s best effort (shortest path) service. We mea-
sured the bitrate of the requested segment, which shows the quality of the played
video, outage duration and startup delay. Outage duration refers to display freeze
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Figure 3.11. Average bitrate values of requested segments.

in case a client needs to rebuffer and it is measured in seconds. Startup delay is the
time passed until the video starts to play after the client sends its first request to the
server. Hence, long pre-buffering time increases the startup delay. The clients start
to play the video after receiving 15 segments. The simulations are repeated 5 times
and the results are averaged. In the simulations, the clients join the system with 10,
20 and 30 seconds of intervals.

The average bitrate values according to these intervals are given in Fig. 3.11
According to Fig. 3.11, the results show that the proposed system provides up to 180
Kbps increase in bitrate when compared to best-effort routing. The best performance
is obtained when β = 0.7 and 30 seconds of interval. Since the duration of competing
flows is shorter than the case of 10 seconds and 20 seconds of interval, 30 seconds
of interval gives best results in all simulations.

Averaged outage duration values are given in Fig. 3.12. Minimum outage
duration values are observed when β = 0.7. This shows that when β = 0.7, the bitrate
of the requested segment is compatible with underlying network capacity. On the
other hand, if some buffer value is not added to the measured available bandwidth,
i.e. beta factor equals to 1.0, the outage duration is high when the number of TCP
competing flows is increased. When traditional best effort routing is used, even if
the number of competing flows is not high, i.e. where the clients join the systemwith
30 seconds of interval, outage duration equals to 14.60 seconds on average. This is
due to the client rate control algorithm does not adapt fast enough to the changing
network conditions and the requested bitrates are too high in some situations. The
best-effort performance can be improved if the more sophisticated rate adaptation
algorithms are implemented.
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Figure 3.12. Outage duration values.

Figure 3.13. Startup delay values.

In Fig. 3.13, averaged startup delay values are given. If the pre-buffering time
is high, clients experience long startup delay. Pre-buffering time increases when
the bitrate of the requested segment exceeds the available bandwidth. Hence, if the
bitrate of the requested segment is not compatible with underlying network capacity,
both outage duration and startup delay values are increased. As seen in the graph
given in Fig. 3.13, minimum startup delays are observed when β = 0.7. As expected,
startup delays are increased when the clients join the system with 10 seconds of
interval, since the arrival of video packets are delayed due to the competing flows.

In this study, a novel segment based path routing method for DASH clients
running over SDN network is proposed. The proposed routing algorithm outper-
forms traditional best-effort routing by optimizing route selection for each requested
segment. According to the bitrate of the current segment, packet flows are deter-
mined by the controller according to an optimization model. The proposed opti-
mization model aims to find the most suitable path by considering the available
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bandwidth, bitrate of the current segment, competing flows and the path length. We
also observe required buffer ratio for the measured available bandwidth to provide
seamless streaming.

3.6 Segment-Aware Dynamic Routing For DASH Over SDN

In this study, we propose to consider the bitrates of the individual segments
as well as the representation bitrates and network capacity in determining routing
paths for DASH over SDN. Although we focus on DASH standard, our proposal
can also be utilized for DASH-like HTTP Adaptive Streaming (HAS) architectures.
The contributions of the proposed study of segment based rerouting for DASH ap-
plications can be listed as follows:

• We propose a path selection algorithm taking segment bitrates, representation
bitrates and current network capacity into account for segment based rerouting
of DASH flows.

• The proposed algorithm aims to provide high QoE while providing fairness
among clients. In order to provide fairness along the streaming session, the
next path assignment for a client is done by considering the throughput re-
ceived by that client until that moment.

• We consider the bitrates of the prospective future segments when estimating
the near future network capacity and reroute the flows based on this estima-
tion. This is a proactive approach used in determining the streaming paths for
DASH clients.

• We show the performance of the proposed approach by giving the results
of various rerouting periods comparatively under various network conditions
and topologies.

In previous section, we proposed to select the streaming path for a given client
by considering the bitrate of its currently requested segment (Cetinkaya et al., 2014).
In this work, we propose an approach taking the bitrates of the segments into ac-
count while determining routing paths of DASH packets in an SDN domain. This
study differs from the study given in the previous section (Cetinkaya et al., 2014)
since the streaming paths are determined for all clients in the system and packets
are dynamically rerouted by considering the current network load and bitrates of the
future segments. In the next section, we give the motivation behind segment based
rerouting approach.
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3.6.1 Motivation

In this section, we give the motivation of taking the segment bitrates into ac-
count in the path selection strategy for DASH application running over SDN. In
DASH architecture, although the bitrate information given in the MPD file indi-
cates the bitrates of the representations, these values are average values of bitrates
of the segments in the representations. However, the bitrates of the segments vary
significantly. In Fig. 3.14 and Fig. 3.15, the distribution of the segment bitrates
of Big Buck Bunny video’s (Lederer et al., 2012) 720p and 1080p representations
are given, respectively. The figure shows the difference between the bitrates of the
segments belonging to same representation can be up to 2 Mbps for 720p video and
8.5 Mbps for 1080p video.
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Figure 3.14. Representation: 720p

Consider the problem of path selection for conveying the packets of DASH
clients in an SDN domain. One solution is to select the path having maximum ca-
pacity for each client connecting to the server. Later, we will show that this approach
may not provide the expected performance in terms of QoE and network utilization.
Suppose that the controller assigns paths by taking the bitrate of the representations
and available bandwidth of the paths into account. However, considering the bitrate
of the representations may lead the controller to make non-optimal path assignment
due to the variations of segment bitrates as seen from the values given in Fig. 3.14
and Fig. 3.15.

In this work, we propose a path selection strategy by considering segment
bitrates and available bandwidth of the paths. The details of the proposed algorithm
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Figure 3.15. Representation: 1080p

are given in the next section.

3.6.2 Proposed Work

At the beginning of a streaming session, forwarding tables of OpenFlow en-
abled switches are empty. When a DASH client starts the streaming application,
it sends the TCP SYN packet to the server to establish the TCP connection. Upon
receiving this message, the switch sends a PacketIn message to the controller to
learn the forwarding rule determined for this client. The controller determines the
path according to the segment based flow routing algorithm explained in this sec-
tion and sends the related commands to the switches along the selected path based
on the output of the algorithm. As an input of the segment based flow routing al-
gorithm, the controller requires having the information of the requested segments
bitrate, hence it must have the information about the number of the currently re-
quested segments. The controller can acquire this information by communicating
with the clients. However, communicating with all clients in the system is not a
scalable approach. In the proposed system, the server periodically communicates
with the controller to give information about the requested segments by the clients.
The communication steps of the proposed system are given in Fig. 3.16. As shown
in the figure, while clients request segments from the server according to their rate
adaptation algorithm (step 1), the server periodically informs the controller about
the requested video segments (step 2). The controller determines the set of paths for
the clients in the system considering the bitrates of the requested segments and the
current network capacity (step 3). After selecting the set of paths for the clients, the
controller sends related flow information to the corresponding switches via Flow-
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Figure 3.16. The communication steps of the proposed system.

Mod messages (step 4). Finally, the server starts sending the video requested seg-
ments over the newly defined paths for each client (step 5).

In the process given in step 3 in Fig. 3.16, the controller determines the
streaming paths for all clients by considering the bitrate of the current requested
segments, average throughput received by the clients and available bandwidth in-
formation. Determining the optimal set of streaming paths requires controller to
have the knowledge about current network capacity. In order to acquire informa-
tion about current network load, the controller runs an algorithm estimating the total
available capacity of the network before determining the streaming paths for the
clients. The algorithm used for estimating the current network capacity is given in
Fig. 3.17. Available bandwidth information for all paths is required by the controller
since network capacity is determined by using this information. In order to measure
available bandwidth, the controller periodically communicates with the switches and
obtains traffic statistics for the flows other than DASH flows. These statistics are
smoothed by using formula (3.55) and available bandwidth value of a path p, which
is denoted as abwp , is calculated by using formula (3.56). In the formulas, trp and
capacityp represent the estimated traffic load and capacity of path p, respectively.
α is set to 0.6 to give a slightly more importance to the recently measured traffic
(Cetinkaya et al., 2014).

trp = α× (recently_measured_traffic) + (1− α)× trp−1 (3.55)
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Input:
P : The set of paths between the server and the clients
abwp: The available bandwidth of path p ∈ P (measured using formula 2)
abwl: The available bandwidth of link l
lp: The set of links of path p
brmin:The lowest representation bitrate

Output:
Estimated total capacity

1: estimated total capacity = 0 ;
2: while ( at least one path p ∃ abwp ≥ brmin ) do
3: pmax =maxp { abwp } ;
4: estimated total capacity = estimated total capacity + abwPmax ;
5: for ( ∀ l ∈ lPmax ) do
6: abwl =abwl - abwPmax ;
7: end for
8: P = P / {Pmax} ;
9: for ( ∀ p ∈ P ) do
10: abwp =min { abwl, l ∈ lp } ;
11: end for
12: end while
13: return estimated total capacity ;

Figure 3.17. Network Capacity Estimation Pseudocode

abwp = capacityp − trp (3.56)

The network capacity estimation algorithm is run by the controller when a new
flow other than DASH flow started or ended. The controller detects that a new flow
is started when it receives a PacketIn message from the switch. On the other hand,
if a flow is idle for a pre-defined threshold, the switches detecting idle flows inform
the controller by sending a FlowRemoved message. Hence, the controller detects
the ended flows and reruns the network capacity estimation algorithm given in Fig.
3.17. In line 3 of the algorithm, the capacity of a path having maximum available
capacity, pmax, is added to the estimated total capacity if the available bandwidth of
the path is greater than or equal to the lowest representation bitrate (this condition is
tested in line 2 of the algorithm). In the for loop starting in line 5 of the algorithm, the
available bandwidth of the links composing pmax are decreased because the capacity
values of the links are used in the capacity calculation. pmax is removed from the
path set (line 8) and the capacities of the remaining paths are recalculated (line 10).
The algorithm continues to run until there is no path having the capacity greater than
or equal to the lowest representation bitrate remaining in the path set.
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When a client starts the video streaming application, it first receives the MPD
file from the server and starts sending its requests for downloading the segments con-
secutively. In the proposed system, the server periodically sends the information of
the requested segments to the controller. This period is managed by a static variable
called rerouting_period (rp). The server determines one of the clients in the system
as the pivot client 3 and it sends the id of the requested segments of all clients in each
multiple of rerouting_period based on the id of the requested segments by the pivot
client. Suppose there are 3 clients connected to the DASH server, rerouting_period
is 10 and the 1st client is the pivot client. When the first client requests the 10th,
20th, 30th ... segments; the server sends the id of the latest requested segments by
these 3 clients.

When the controller receives the message containing the id of the requested
segments of the clients from the server, it executes the algorithm given in Fig.3.18.
Note that this algorithm is run at the step 3 in the communication steps shown in
Fig. 3.16. The output of the algorithm is the streaming paths determined for each
client. In the for loop in line 1 of the algorithm, the streaming paths are assigned
to the clients, starting from the first client in the list. The client list is sorted by
the controller in descending order according to the average received bitrate from
the beginning of the streaming session and the list order is updated each time the
algorithm 2 runs. If the estimated total capacity, which is the output of algorithm 1,
is sufficient enough to send video at moderate quality to the clients (line 1), the paths
are assigned in ascending order according to the available bandwidth of the paths
(line 3). Hence, the first client in the list, which has the lowest average received
bitrate, has the highest priority when assigning streaming paths. Here, available
bandwidth is calculated by using the formula 3.56.

If total capacity of the network is limited, then the estimated total capacity is
compared to the estimated sum of bitrates of possible future segments of the clients
(line 6). This summation is calculated by the formula (3.57), where brhs represents
the bitrate of the segments of the current representation requested by client h. For
each client, the future segment having maximum bitrate is considered in the calcu-
lation. Although the client may change the representation until the next rerouting
period, this calculation gives an approximation for the summation of future seg-
ments bitrates and it is sufficient enough for providing seamless streaming service
in the worst case.

3Generally, the client that first joins the system is selected as pivot client. If the pivot client leaves
the system, the server selects the client which is foremost in terms of the requested segments as the
new pivot client. The new pivot is the client requested the most amount of segments so far.
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∑
h∈H

(max{brhs , ..., brhs + rp}) (3.57)

If estimated total capacity is greater than or equal to the estimated sum of
bitrates of possible future segments of the clients, the client having the highest aver-
age received bitrate is assigned to the path which has sufficient available bandwidth
(line 9). For the remaining clients, the paths having maximum available bandwidth
are selected (line 11). The estimated available bandwidth of the path p, which is
represented as estimated_abw_p is calculated according to formula (3.58).

estimated_abwp = abwp −
∑
h∈H

(max{brhs , ..., brhs + rp}) (3.58)

If network is highly congested, the path assignment strategy is similar to the
previous condition, but average available bandwidth is considered when paths are
assigned to the clients not having the highest received bitrate in this case (line 21).
The calculation of the average available bandwidth of the path p used in line 21 of the
algorithm is given in formula (3.59). In the formula, avg_abwp represents the aver-
age available bandwidth and pclient_count represents the number of clients assigned to
the path p. If there are more than one DASH flows on the path p, streaming through-
put does not achieve the maximum available bandwidth due to the competing TCP
flows. By considering the behavior of competing TCP flows, available bandwidth
value is multiplied by β, which is set to 0.7 (Cetinkaya et al., 2014). Note that the be-
havior of competing flows is only considered when the network is highly congested
since more accurate bandwidth estimation is needed under congestion in order to
minimize the duration of outages.

avg_abwp =
abwp

pclientcount + 1
× β (3.59)

The segment based flow route selection algorithm designed for DASH clients
aims to provide fairness among clients as well as seamless streaming service. In
order to provide fairness, if network is congested, the client having the highest re-
ceived bitrate is assigned to the path having a limited available bandwidth as much
as sufficient enough to transfer the video with minimum quality. In the next section,
we present the performance of the proposed segment based path selection algorithm.
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Input:
H: List of clients (sorted in descending order according to the average received
bitrate)
P: Set of paths between the server and the clients
Hp: Set of clients assigned to the path p ∈ P
abwp: The available bandwidth of path p ∈ P
Pclient_count: The number of clients assigned to the path p
lp: The set of links of path p
brmin:The lowest representation bitrate
brmed:The medium representation bitrate

Output:
streaming path set assigned to the clients

Initialization:
∀ p ∈ P, pclientcount = 0 ;
∀ p ∈ P, hp = { } ;

1: if (estimated total capacity ≥ | H | × brmed then
2: for (each h ∈ H) do
3: selected path p for h max

p
{ abwp } ;

4: Pclient_count = Pclient_count +1 ;
5: end for
6: else if (estimated total capacity≥ the sum of bitrates of possible future segments

) then
7: for (each h ∈ H) do
8: if (h has the highest average received bitrate) then
9: selected path p for h =min

p
{estimated_abwp ≥ brmin} ;

10: else
11: selected path p for h = max

p
{abwp} ;

12: end if
13: Hp = Hp ∪ {h} ;
14: abwp = abwp − brmed;
15: end for
16: else
17: for (each h ∈ H) do
18: if (h has the highest average received bitrate) then
19: selected path p for h min

p
{estimated_abwp ≥ brmin} ;

20: else
21: selected path p for h = max

p
{avg_abwp} ;

22: end if
23: Hp = Hp ∪ {h} ;
24: end for
25: end if

Figure 3.18. Segment-based flow route selection algorithm
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3.6.3 Simulation Study

There are one video server and multiple DASH clients in the network topolo-
gies used in the simulations. The video sent by the DASH server is 1080p video
which details are given in Table 3.1. We also implemented a different routing ap-
proach which is similar to the studies proposed for improving the performance of
HTTP streaming over SDN in the literature (Nam et al., 2014), (Jarschel et al., 2013)
in order to give comparable results. In the comparison study, when network capac-
ity changes due to the cross traffic, the streaming path of the DASH client having
the highest received bitrate is changed to the streaming path having maximum avail-
able bandwidth. For this purpose, the controller monitors the traffic in order to de-
tect capacity changes in the network and changes the streaming path after detecting
change in the capacity. We refer to the comparison study as max-flow routing ap-
proach. The topologies and simulation parameters are the same for the proposed and
for the comparison study in all simulations. Each simulation is repeated 30 times
for each parameter set and results are given by averaging the results. In this section
we show the performance of the proposed system by giving QoE related parameters
such as the average received bitrate and the duration of pauses and by evaluating
the provided fairness among DASH clients. In order to evaluate performance under
different network conditions, we execute two sets of simulations under two different
network operations as static and dynamic.

3.6.3.1 Static Network Operations

In static set of simulations, two network topologies are used in order to observe
the performance of the proposed system under constant traffic. For both topologies,
the volume of the cross traffic does not change and the capacity has remained the
same during the simulations. In the first topology, there are three paths in the net-
work. The available bandwidth values of the paths equal to 2000 Kbps, 2000 Kbps
and 3900 Kbps, respectively. In the second topology, there are two paths and the
available bandwidth values of the paths equal to 4100 Kbps and 4500 Kbps, respec-
tively. There are three clients connected to the DASH server in both topologies.

In Fig. 3.19, average, minimum andmaximum received bitrate are given com-
paratively for the simulations running over the first topology. The bitrate values
given in the graph represent the received representation bitrates by the clients; hence
these values indicate the received video quality by the clients. The average received
quality for each rerouting period in the proposed approach is similar to themax-flow
routing approach. The difference between both approaches is seen in the minimum
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Figure 3.19. Average, minimum and maximum received bitrate observed in the simulations over
the first topology.
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Figure 3.20. Average, minimum and maximum received bitrate observed in the simulations over
the second topology.

and maximum quality received by the clients. On the other hand, a significant effect
of rerouting period on the received bitrate values is not observed in this topology.
Average, minimum and maximum received bitrate values are given for the second
topology in Fig. 3.20. Observed results obtained from the second topology are sim-
ilar to those of the first topology. For both topologies, while the difference between
minimum and maximum received quality in the proposed approach is small, the
difference between these values is larger in the max-flow routing approach. These
results show that fair sharing of network resources is provided. In addition that, av-
erage received quality by the clients is higher than the minimum video quality even
for the highly congested network. Minimum received bitrate reaches its maximum
value when rerouting period is set to 1, while setting this period to 10 gives the best
performance in terms of average received bitrate.

In Table 3.9, the observed statistics related to buffer underflow outage dura-
tion values are given for the first topology. In the graph, the average outage duration
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Table 3.9. Observed outage duration statistics in the simulations over the first topology.

Average Max-total Max-indv.

rp=1 0 0 0
rp=5 0.33 2 1
rp=10 0.22 1 1
rp=15 1.44 3 1
rp=20 6.53 14 1

max-flow 51.77 79 2

Table 3.10. Standard deviation values of the received quality.

First Topology Second Topology

rp=1 39 88
rp=5 33 147
rp=10 38 76
rp=15 29 192
rp=20 28 193
max-flow 200 490

value represents the averaged outage duration observed by a client in all simulations.
Total outage duration is calculated by summing the outage duration observed in a
client during a streaming session. The maximum total outage duration observed in
a client is given in the graph. Maximum outage duration refers to the maximum of
individual outage durations experienced. Because the links in the first topology are
is highly congested, clients frequently experience outages with max-flow routing
approach. When max-flow routing approach is executed, the average outage dura-
tion observed in the clients lasts 51.77 seconds. This value equals to 6.33 seconds at
most in the proposed approach. There is no outage observed in the seconds topology
since the link capacities are not limited in this topology.

The standard deviation of the received video bitrate values are given in Table
3.10 in order to reveal how fair the proposed approach is. As seen from the values
given in the table, the video quality achieved by DASH clients is similar in the
proposed segment-based flow routing approach.
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3.6.3.2 Dynamic Network Operations

In the dynamic set of simulations, simulations are performed over larger net-
work topologies. In these simulations, the amount of cross traffic dynamically
changes in order to show the performance of the proposed system under dynamic
network conditions. In the simulations, there are 3, 5, 10, 15, 20 DASH clients
connected to the server, respectively. Total network capacity is set to a value that
is proportional to the number of clients in each simulation. Total network capacity
values equal to 18 Mbps, 30 Mbps, 60 Mbps, 90 Mbps and 120 Mbps for 3, 5, 10,
15 and 20 clients, respectively. When the simulation starts, clients are assigned to
the path having maximum available bandwidth in both proposed and comparison
approaches. Cross traffics are launched on 30% of the paths after all clients join the
system. These paths are chosen randomly. The amount of cross traffic on a path
equals to the 50% of the path capacity and the cross traffic is active for 100 seconds.
100 seconds after cross traffic is ended, another cross traffic is launched on 30% of
the paths. This time, cross traffics are active for 200 seconds and the amount of the
traffic on a path equals to 80% of the capacity of the path. The simulations last for
600 seconds.

The average received bitrate, the minimum received bitrate and the maximum
received bitrate as a function of the number of the clients are provided in Fig. 3.21,
Fig. 3.22 and Fig. 3.23, respectively. When there are three clients in the system, the
comparison study reaches its best performance. The main reason is that the over-
all system performance is noticeably improved for limited number of clients since
only one flow, i.e. 30% of the flows, is rerouted in the comparison approach. Ac-
cordingly, when the number of clients in the system increases, the performance of
the comparison approach decreases because rerouting only one flow effects increas-
ingly smaller portion of all flows on the network. Note that even if the average
received bitrate is higher than the average received bitrate obtained in the proposed
approach, the minimum received bitrate in the comparison approach is lower when
3 clients in the system. The results also indicate that the average received quality
obtained in the proposed approach is higher than that of the max-flow routing ap-
proach, especially if the number of clients in the system is greater than 3. Hence,
these results also show that the performance of the proposed system is preserved at
the same level regardless of the number of clients in the system. Smaller rerouting
period values provides increase in received bitrate values, however the difference
between the received bitrates values obtained with rerouting period being 1 and 20
is at most 3%.
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Figure 3.21. Average received bitrate observed in the dynamic network conditions.
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Figure 3.22. Minimum received bitrate observed in the dynamic network condition.
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Figure 3.23. Maximum received bitrate observed in the dynamic network condition.
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Table 3.11. Outage duration observed in the dynamic network conditions.

# of clients
3 5 10 15 20

Average

rp = 1 0 0 0 0 0
rp = 5 0 0 0 0 0
rp = 10 0 0 0 0 0
rp = 15 0 0 0 0 0
rp = 20 0 0 0 0 0
max-flow 18 37 12 17 14

Max-total

rp = 1 0 0 0 0 0
rp = 5 0 0 0 0 0
rp = 10 0 0 0 3 0
rp = 15 0 0 1 2 2
rp = 20 0 1 3 2 1
max-flow 54 93 44 64 62

Max-Indv.

rp = 1 0 0 0 0 0
rp = 5 0 0 0 0 0
rp = 10 0 0 0 1 0
rp = 15 0 0 1 2 2
rp = 20 0 1 1 1 1
max-flow 3 4 2 3 2

The average outage duration, the maximum total outage duration and the max-
imum individual outage duration are provided in Table 3.11, respectively. It is ob-
served that the outage durations experienced in the proposed approach are small.
However, the outage duration observed in the max-flow routing approach is up to
40 seconds. This variation between outage durations between two approaches is
mainly based on the fact that the bitrates of the individual segments are considered
in the proposed approach. By considering the bitrate of the segments, the clients
requiring higher bandwidth are detected and the paths are assigned according to ca-
pacity requirements in the proposed approach.

In Table 3.12, the standard deviation values are given for the seconds set of
topologies having dynamic network capacity. These values are small for the pro-
posed approach. Hence, this shows that the desired fairness is also provided under
dynamic network conditions. When obtained standard deviation values are exam-
ined, the best performance in terms of fairness is provided when rerouting period
equals to 5 or 10.
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Table 3.12. Standard deviation values of the received quality in the second set of simulations

# of clients
3 5 10 15 20

rp = 1 72 39 28 51 50
rp = 5 78 35 62 45 46
rp = 10 25 110 41 67 60
rp = 15 68 95 41 46 51
rp = 20 45 94 78 71 62
max-flow 285 212 236 284 223

In this work, the advantages of dynamic rerouting of flows by considering the
bitrates of the segments and network conditions are shown for DASH applications.
For this purpose, we have presented an algorithm for estimating the current network
load by considering the bitrates of video representations and an algorithm for de-
termining the streaming paths for each client in the system. The controller takes
current network load and the bitrate of the future segments into consideration in or-
der to determine the streaming paths. Streaming paths determined for each client
are rerouted dynamically in order to provide seamless video streaming service and
to provide fairness among DASH clients.

When the performance is examined considering the frequency of rerouting pe-
riods, the best performance in terms of received video quality is obtained for rerout-
ing period equals to one segment and five segments. The main reason of that is
high frequency in rerouting causes to provide quick response to the changes in the
segment bitrates and network conditions. However, since rerouting in each segment
causes an increase in messaging complexity, it is recommended that rerouting pe-
riod should be small only if the number of clients in the system is limited. When
the number of clients is high, scalability can be preserved by grouping clients and
setting different rerouting period to these groups individually. Then the network
operator can set the rerouting period by considering the size of these groups and by
considering the trade-off between the message complexity and the performance in
terms of expected QoE.

The performance of the proposed system is shown by comparing it to max-
flow routing approach given in the literature. Extensive simulations performed in
Mininet environment show that the proposed flow routing approach outperforms
max-flow routing in terms of the received bitrate, the outage duration and the fair
allocation of network resources among clients in the system. For dynamic network
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conditions, on average, 3% increase in average received bitrate, 11% increase in
minimum received quality, 48% decrease in outage duration, and 62% decrease in
standard deviation of received bitrates are observed in the proposed system com-
pared to the max-flow routing approach.
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4. SDN-ALTO INTEGRATION FOR VIDEO STREAMING AP-
PLICATIONS

Today, most people enjoy the video streaming services running over Inter-
net. Video-on-Demand (VoD), Live Streaming, Over-the-Top (OTT) TV services
offered by the companies such as Netflix1, Youtube2, Hulu3 can be given as ex-
amples to video streaming services. For a video streaming system company or a
network operator that also serves a video streaming service to its customers, maxi-
mizing the QoE or providing the guaranteed QoS based on SLAs (SLA) is the most
crucial part of the streaming system. The works proposed in the previous chapter
shows that using SDN improves the performance of the video streaming systems.
Also, SDN technology can be a good alternative to improve the performance of
the video streaming systems especially if network operators co-operate with video
streaming service company (Wichtlhuber et al., 2015).

Since video streaming clients and the servers are distributed over the world,
the end-to-end streaming path between the servers and the clients may across mul-
tiple ISPs. Hence, some level of information on network characteristics of end-to-
end paths is required by the video streaming applications to provide a certain level
of performance. Application Layer Traffic Optimization (ALTO) protocol is stan-
dardized by taking such Internet application’s requirements into account. ALTO
provides abstracted physical network information such as available bandwidth, de-
lay, hop count, routing costs (Alimi et al., 2014). While network operators share
some information about its domain, they can also receive information about net-
work characteristics of other ISPs from ALTO server (Alimi et al., 2014).

In this chapter, the proposed works on video streaming architecture utilizing
SDN-ALTO integration are presented. The rest of the chapter is organized as fol-
lows: First, background information about ALTO protocol is given. Second, the
related works about SDN-ALTO integration is summarized. Third, the design of the
SDN-ALTO interoperability for multimedia services is presented. Fourth, a CDN-
based Video-on-demand system architecure is proposed. Fifth, a CDN server selec-
tion algorithm is proposed to increase the QoE of the clients. And for last, a CDN
server selection algorithm is proposed that reduces the cost of ISPs while increasing
QoE of clients.

1www.netflix.com
2www.youtube.com
3www.hulu.com
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Figure 4.1. General overview of the ALTO architecture (Alimi et al., 2014)

4.1 Application Layer Traffic Optimization

Network applications such as files sharing applications, peer-to-peer video
streaming applications and web applications can perform better if they get underly-
ing network-related information. ALTO protocol provides several services related
to path or ISP costs to give information to the overlay applications.

General overview of the ALTO system architecure illustrated in Fig.4.1. In
the architecture, ALTO client queries the ALTO server by using ALTO protocol and
receives network-related information. ALTO client obtains the information of the
appropriate ALTO Server that it will communicate by using ALTO server discov-
ery service. ALTO server aggregates the ALTO information from multiple sources
such as static network databases, dynamic network information, routing protocols,
provisioning policies and third parties. There are four ALTO services, namely Map
Service, Map Filtering Service, Endpoint Cost Service and Endpoint Property Ser-
vice. These services are offered by ALTO server to the ALTO clients via ALTO
protocol. The hosts or group of hosts are defined as endpoints. While Map Service
and Map Filtering Services provide information of the location of the hosts, End-
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Figure 4.2. General overview of ALTO information service framework (Alimi et al., 2014)

point property service gives the information about the characteristics of the hosts,
such as connectivity type and network location. Endpoint Cost Service provides
cost information related to the endpoint pairs. Hop count, bandwidth, administra-
tive ISP costs between the pairs of endpoints can be given as examples to the costs.
Defined as in (Alimi et al., 2014), in order to obtain more than one cost type with
using Endpoint Cost Service, ALTO clients are required to send a request for each
cost type. Since this approach increases the messaging traffic and burden on the
ALTO server, ALTO working group has recently proposed to use multi-cost ALTO
which allows clients to query multiple metrics with a single request.

4.2 Related Works

There are several studies proposing a CDN-based VoD system running over
SDN in the literature. In (Egilmez and Tekalp, 2014), the streaming paths between
the video server and the clients residing in different SDN domains are defined based
on the messages exchanged between the controllers of each domain. In (Rego et al.,
2015), a load balancing strategy among virtual servers via OpenFlow is proposed
for a cloud-CDN video streaming system. High volume flows’ TCP connection mi-
gration from a CDN server to another one by deploying SDN switches in a provider
network is proposed in (Wichtlhuber et al., 2015). In an SDN domain, a path and
server selection framework for Scalable Video Coding (SVC) videomanycast is pro-
posed in (Xue et al., 2015). In (Nam et al., 2014), path and server route selection
strategy is proposed for DASH clients running over an SDN domain. If a client
experiences outage in the video streaming session, SDN controller either changes
the intra route between the client and the gateway router or changes the CDN server
outside the SDN domain, depending on where the problem lies (Nam et al., 2014).
None of the proposed systems utilize ALTO services for obtaining information about



57

end-to-end paths spanning over multiple ISPs in the above studies.

ALTO and SDN integration is proposed in (Gurbani et al., 2012) and commu-
nication models for ALTO and SDN with various use cases are discussed in (Xie et
al., 2012). The idea of utilizing ALTO services for SDN controllers in different do-
mains to determine end-to-end paths is presented in (Yin et al., 2017). The authors
state that network applications such as peer-to-peer file sharing or video on demand
systems can be supported by SDN-ALTO integration. However, application spe-
cific methods are not introduced in (Yin et al., 2017). An HTTP video streaming
service utilizing the advantages of ALTO and SDN integration is proposed in (Faigl
et al., 2014). The server selection request sent by the clients is redirected by the
SDN controller which has knowledge about underlying network conditions. In this
system there is not any strategy defined for determining end-to-end paths where the
server and the clients are in different ISPs.

4.3 SDN & ALTO Interoperability For Multimedia Services

In this section, a video streaming system architecture utilizing SDN andALTO
is proposed. Differing from the literature, in the proposed architecture, SDN con-
trollers feed information to the ALTO server as well as receive abstracted informa-
tion from it in order to maximize the achieved QoE. The proposed work has the
following capabilities:

• Providing ALTO services and two-way communication between ALTO server
and SDN controllers.

• Abstraction of SDN domain network characteristics at ALTO server.

• Provision of an SDN controller module that obtaining and evaluating of in-
formation of network where the servers reside in and directing the clients to
the appropriate server in its domain.

Fig.4.3 illustrates the general overview of the proposed architecture. In the
proposed architecture, the SDN controllers are part of the video streaming sys-
tem and have information about up-to-date capacity/usage information about video
servers residing in their domains. The controller of the SDN domain periodically
communicates with the ALTO server for two reasons. First, the controller sends the
current server capacity information as well as smoothed available bandwidth and
delay information of the current route between the gateway router and router that
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Figure 4.3. Demonstration of the proposed video streaming architecture utilizing SDN and ALTO.

the server(s) connected to. Note that if the network operator follows a policy that
limits the flow amount of outside traffic, it may send smoothed available bandwidth
information by considering this policy. Second, the controller obtains abstracted
network information related to remote ISPs by querying ALTO server.

ALTO protocol provides Map Filtering Service, Endpoint Property Service
and Endpoint Cost Service. Map and Map filtering services are related to location
of endpoints, i.e. hosts. In this architecture we implemented and enhanced the End-
point property service of ALTO protocol where this service provides information
about the endpoints. Endpoint groups are defined as Provider-defined Identifiers
(PID) by ALTO. We define each SDN domain as a PID. When ALTO server re-
ceives server capacity and smoothed available bandwidth information from a con-
troller, ALTO server normalizes these values. Normalized values are ranked in a
list with its numerical values determined based on normalization. SDN controller
acting as an ALTO client queries ALTO server by using ALTO Endpoint property
service and obtains the information about ISPs where video servers reside.

When a client starts the video streaming application, it sends Domain Name
System (DNS) query to its local DNS in order to obtain IP address of a server. SDN
controller also serves as the local DNS server. By using the information received
from ALTO server, the controller determines the server having the maximum value
of capacity and available bandwidth pair in the ranked list. The controller sends the
IP address of the selected server to the client as DNS reply. After establishing TCP
connection, the client starts to download video segments from the server based on
the output of its rate adaptation algorithm.



59

4.4 CDN-Based Video-On-Demand System Architecture Utilizing
SDN-ALTO Interoperability

In this section, a VoD system architecture utilizing SDN-ALTO integration for
CDN-based video streaming applications is proposed (Cetinkaya and Sayit, 2016).
To the best of our knowledge, this is the first study proposing a VoD architecture
which utilizes ALTO-SDN integration.

In traditional CDN-based video streaming applications, the video is stored
in CDN servers that is geographically distributed over the world and residing in
different ISPs (Nygren et al., 2010). Whenever a client requests to play a video,
the client is redirected via DNS messages to the suitable CDN server. The selection
of the suitable CDN server is based on the policy of the CDN company. In order
to redirect the client to a CDN server, client’s local DNS server sends a query to
the authoritative DNS server of the video streaming company. Authoritative DNS
relays this query to the authoritative DNS server of the CDN company, where the
IP address of the selected server is returned to the client in the end. The selection
of the suitable CDN server can be done by taking the delay between the local DNS
of the client and the CDN servers or load of the CDN servers into consideration
(Kurose and Ross, 2012). In order to measure the delay between the CDN servers
and the client to determine the best server selection, the query of local DNS can
be sent to the different CDN servers or the client’s TCP connection are directed to
random servers. This approach may degrade the performance of the video streaming
applications (Kurose and Ross, 2012).

In the proposed VoD architecture, the clients that run the CDN-based video
streaming application are considered residing in an SDN-enabled access network.
SDN controller determines the most suitable CDN server for clients and the intra-
ISP routing path between the CDN server and the clients.

SDN controller of the domain communicates with the ALTO server to get
the abstracted information such as hop-count, delay, routing-cost between itself and
CDN servers residing in other ISPs. SDN controller also exchanges messages with
the CDN company to obtain information about CDN servers such as IP addresses
and loads. With the information received from both ALTO server and CDN com-
pany, the SDN controller can redirect the clients to CDN server. The benefits of
this approach are twofold. First, since CDN company has no information about un-
derlying network information of the client, selecting the optimal CDN server based
with information that SDN controller has, reduces the costs of CDN company. On
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Figure 4.4. Messaging timeline of the proposed VoD system arhitecture.

the other hand, considering the loads of the CDN servers in server selection process
prevent extra burden on the servers. Fig. 4.4 illustrates the messaging timeline of
the proposed VoD system architecture.

• When a client requests the video e.g. clicks the URL of the requested video,
the browser triggers a DNS query to the local DNS server (LDNS) of the client
(1) in order to receive the IP address.

• SDN controller also runs a DNS server and by default all DNS queries from
LDNS to authoritive DNS server of the CDN company are redirected to DNS
server running on SDN controller (2). Therefore, SDN controller receives the
client’s video request by analyzing the DNS query.

• SDN controller determines the suitable CDN server for client (7) by using



61

information received from CDN company (Step 3-4) and ALTO server (Step
5-6).

• DNS server running on the SDN controller returns the IP address of the de-
termined CDN server to LDNS (8).

• The LDNS returns the IP address of the CDN server to client (9).

• After receiving the IP address of the CDN server, the client sends video re-
quest to the CDN server (10).

• The first-hop switch that receives packets of the client’s request looks up it’s
flow table if there is any matching flow for the client request. Since the flow-
table does not contain any flows related to client’s request, the switch sends a
PacketInmessage to the SDN controller (11) in order to learnwhere to forward
the packets of the request.

• After receiving the PacketIn message from the switch, the controller deter-
mines a suitable path between client and the CDN server (12).

• The controller sends the flow information via FlowMod messages to the cor-
responding switches along the path (13).

• Finally the video streaming session starts after the connection between the
client and the CDN server is set (14-16).

4.4.1 CDN Server Selection

As mentioned earlier at step (7) in Fig. 4.4, by using the network-related in-
formation received from ALTO server and CDN company, the SDN controller de-
termines a suitable CDN server for the client. In the decision process of the suitable
CDN server, the SDN controller may consider the requirement of the SLAs guar-
anteed by the video streaming company. In Section 4.5 and Section 4.6, different
CDN server selection algorithms are given.

4.4.2 Intra-ISP Route Selection

After determining the CDN server at step (7), the controller should select the
intra-ISP path for the flow between client and the selected CDN server at step (12)
in Fig. 4.4. There are two cases for the selection of the intra-ISP route:

• CDN server is within the SDN domain, then the controller can determine the
end-to-end path between client and the selected CDN server.
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• CDN server is in another ISP, then the controller determines the path between
the client and the gateway router sending packets to that ISP. Note that, this
gateway router is determined by Border Gateway Protocol (BGP) (Rekhter et
al., 2006) since it requires an inter- ISP communication.

In both case, the SDN controller determines the streaming path by considering avail-
able bandwidth of the intra-ISP paths. In the proposed studies given in Section 4.5
and Section 4.6, the SDN controller selects the path which has maximum available
bandwidth as the intra-ISP streaming path.

4.5 CDN Server Selection For Improving The Quality Of Experi-
ence

In this section, a multiobjective optimization model is proposed to select a
suitable CDN server that improves the QoE of the clients (Cetinkaya and Sayit,
2016).

4.5.1 Proposed Work

As mentioned in previous section, SDN controller determines the suitable
CDN server for client (7) by using information received from ALTO server (3-4)
and CDN company (5-6). In the proposed work, at step (3-4) the SDN controller
receives the IP addresses, loads of CDN servers and the average end-to-end delay
between the CDN servers and the SDN domain from CDN company. At step (5-6),
the SDN controller receives the routing-cost from the ALTO server. In this study, the
routing-cost received from the ALTO server is the available bandwidth information
between the ISPs.

Let N represents the video servers that CDN company distributes the video
content through. After completing step (3-6) the SDN controller has three values
for each CDN server; load, delay and cost. The optimization model aims to find the
server which minimizes these three values. For this purpose, we define an utopia
point which indicates the optimal solution. The solution of the optimization is the
closest point to the utopia among the solutions. First, the variables of each CDN
server are normalized. Let S represent the set of CDN servers. For each of x ∈
S; normld

x represents the normalized value of the load of x, normd
x represents the

normalized value of the delay to the x and, normc
x represents the normalized cost

value for connecting x. These normalized values are obtained by the equation (4.1)
and the row vector of normalized variables (4.2) are constructed for each x. In (4.1),
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yx represents the original y value of x, ymin represents minimum value of y and ymax

represents maximum value of y where y ∈ {ld, d, c}.

normy
x =

yx − ymin

ymax − ymin

(4.1)

N(x) =
[
normld

x , norm
d
x, norm

c
x

]
(4.2)

Network capacity and server load directly affects the received video quality
while delay effects startup latency. Therefore, minimizing server load and ALTO
cost is more important than minimizing delay. To give more importance to the load
and cost variables, we assign different weights to them and normalized the variables
by taking the weights into account. Let ω denotes the row vector of the weights
assigned to the objective variables. Normalized objective variables are weighted
(4.3) calculating the inner product of ω and N(x).

∇x = ⟨ω,Nx⟩ (4.3)

Let λ denotes the utopia point. The optimization model is given as follows:

minimize
x

∥∇x, λ∥

subject to x ∈ S
(4.4)

The model finds the server x, which optimization variables are closest to the
utopia point. The optimization model is solved by exhaustive search. If the number
of CDN servers is excessive, then a subset of the CDN servers can be used in the
model to put a limit to the computational complexity of the calculations. The CDN
server subset can also be selected by considering geographic proximity.

4.5.2 Simulation Study

The network topology of the simulation setup is shown in Fig. 4.5. The topol-
ogy consists of an access SDN-ISP and three ISP networks. There are four CDN
servers located in each ISP. The bandwidths of the links connecting CDN servers
are limited as [5000-20000] Kbps. The average bitrate of the video is 2500 Kbps.
There are ten video clients requesting video during the simulation session. ω weight
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Figure 4.5. Network topology used in the simulations.

vector used in the optimization model is set to ⟨0.35, 0.50, 0.15⟩ where the elements
of the vector denote the CDN load, ALTO cost and delay respectively.

In order to evaluate the performance of the proposed system, we have imple-
mented another approach and present the results of the both approaches in com-
parison. In the second approach, the clients are redirected to CDN servers using a
round-robin load balancing. The simulations are repeated 10 times and the results
are obtained by taking the outcome of each simulation average into consideration.
We measure the received bitrate, startup delays and outage durations observed in the
clients during the simulations.

In Fig. 4.6, the Cumulative Distribution Function (CDF) graph of average
bitrate (throughput) received by the clients in each simulation are given for both
approaches. As seen from the graph, 0.05% of the average received bitrate values
are less than 5000 Kbps in the proposed approach while 25% of these values are less
than 5000 Kbps in the load balanced CDN selection. On the other hand, more than
20% of the average received bitrate values measured with load balanced approach
are higher than 14 Mbps. The distribution of the measured throughput shows that
network resources are not fairly shared among clients even if the loads of the CDN
servers are balanced.

Since TCP is used as underlying transport protocol, packets are never lost and
arrive to the clients eventually. However, a delay in the arrival time of packets might
occur if the client is connected to a heavily-loaded CDN server or the streaming path
between the client and the CDN server has inadequate bandwidth. As a result, the
video buffer of the client might drain. In this case, client suffers from outages.
In Table 4.1, minimum, maximum and average outage durations observed in the
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Table 4.1. Outage Duration Statistics

Outage Duration
(in sec.)

Min Max Avg

Proposed 0 0 0
Load-Balanced 0 207 73.33

clients are given. In the table, maximum refers to the maximum of outage durations
observed in a client while maximum total refers to the maximum of total outage
duration observed in all clients during a streaming session. Average outage duration
values are obtained by averaging the measured outage durations of all clients in all
simulations. The clients play the video seamlessly with the proposed approach while
the clients experience outage durations with the load balanced approach.

Startup delay is the amount of time for video to start up after client’s request.
In Table 4.2, the startup delay values that clients experience are given. In the table,
minimum, maximum and average values are calculated as the same way in outage
durations. The minimum startup delays are same in both approaches. However,
the clients in the load balanced approach may experience a startup delay up to 18
seconds.

The simulation results show that QoE in terms of average received throughput,
startup delay and outage duration increased with ALTO guidance compared to the
traditional method using load balancing among CDN servers.
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Table 4.2. Average Startup Delay

Startup Delay
(in sec.)

Min Max Avg

Proposed 4 8 5.8
Load-Balanced 4 18 8.8

4.6 CDN Server Selection For Reducing ISP Cost

In this section, a multiobjective optimization model is proposed to select a
suitable CDN server that improves theQoE of the clients and reduces the cost of ISPs
(Cetinkaya and Sayit, 2017). In this study, differing from the study that proposed
in the previous section, SDN controller uses ALTO multi-cost queries in order to
obtain the information about underlying network characteristics requiring inter-ISP
communication.

4.6.1 Proposed Work

In the proposed work, at step (3-4) the SDN controller receives the IP ad-
dresses, loads of CDN servers from CDN company. At step (5-6), the SDN con-
troller queries for the multi-cost values including routing costs, delay and ISP ad-
ministrative cost between the client and CDN servers.

The information retrieved from ALTO server is numerical multicost values.
Although these values are not the real cost or delay values, they are calculated by
ALTO server based on the real values. SDN controller runs a multi-objective op-
timization algorithm by using ALTO multi-cost values and load of CDN servers
as the input variables of the optimization. The optimization model is given in Eq.
(4.5-4.11)

min(a1 · ls) (4.5)

min(a2 · costISPs) (4.6)

min(a3 · delays) (4.7)
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max(a4 · capacitys) (4.8)

with subject to

s ∈ S (4.9)

delays < thrdelay (4.10)

ls < thrload (4.11)

The expressions from Equation 4.5 to Equation 4.8 are the optimization objec-
tives, where ls represents the normalized load of CDN server s, costISPs, delays
and capacitys represents the normalized values of ISP administrative cost, delay
and capacity of the path between ISP of the client and ISP of CDN server s, respec-
tively. In the model, S is the set of CDN servers, thrdelay is the delay threshold value
defining maximum acceptable delay and thrload is the load threshold value defining
maximum acceptable load of a CDN server. Delay threshold value for live video
streaming applications can be selected more stringent than for VoD applications.

The optimization model is solved for finding a solution s representing the
selected CDN server. Optimization objectives are weighted according to the im-
portance of the parameters and a values given from Equation 4.5 to Equation 4.8
represents these weights. In order to solve the optimization, we define the utopia
point where administrative cost, delay and CDN load equals to zero and capacity
equals to its maximum value. Optimal solution is the server s having the minimum
distance to this utopia point.

4.6.2 Simulation Study

The network topology of the simulation setup is shown in Fig. 4.7. The topol-
ogy consists of an access SDN-ISP and four ISP networks. There is one CDN server
located in each ISP. The bandwidths of the links connecting CDN servers are limited
as [7-50] Mbps. The delays between the ISPs are selected in between 0.13 and 1.20
msec. The average bitrate of the video is 4 Mbps. There are 20 clients requesting
video during the simulation session.
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Figure 4.7. Network topology used during the simulations.

In the simulations, the proposed optimization model is tested under two dif-
ferent weight sets. In the first weight set (Proposed-w1), the weight of the paths’
capacity between ISP of the client and ISP of CDN servers (a4) is selected as 0.4
where the other weights remain 0.2. In this set, the optimization model tends to
select the CDN server which has the most inter-ISP path capacity. In the second
weight set (Proposed-w2), the weight of the ISP administrative cost (a2) and the
weight of the paths’ capacity (a4) are selected as 0.33 where the weight of CDN
server load (a1) and ISP delay (a3) remain 0.17. Hence, in the second set, CDN
servers are selected by giving more importance to reduce inter-ISP communication.

In order to evaluate the performance of the proposed system, we have imple-
mented another approach and present the results of the both approaches in com-
parison. In the second approach, the clients are redirected to CDN servers using a
round-robin load balancing. The simulations are repeated 10 times and the results
are obtained by taking the outcome of each simulation average into consideration.
We measure the received bitrate, startup delays and outage durations observed in
the clients during the simulations. We also give the ISP administrative cost values
measured in all approaches.

In Fig. 4.8, the graph of the average bitrate (throughput) received by the clients
in each simulation are given. Proposed-w1 and Proposed-w2 represents the simula-
tions performed with the first and the second set of weights, respectively. Average
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received bitrate values are obtained by taking the average of the measured through-
put in all clients for all simulations. In the graph, max throughput and min through-
put values represent the maximum and minimum measured throughput in one client
during all simulations, respectively. As seen from the graph, the highest average
received throughput and the highest minimum throughput is measured with the first
set of weights Proposed-w1 in the proposed approach. If the importance of the ISP
administrative cost is increased, the received bitrate reduces. However, the quality
is still good enough as the minimum throughput of clients equals to the video bitrate
with Proposed-w2.

Since TCP is used as underlying transport protocol, packets are never lost and
arrive to the clients eventually. However, a delay in the arrival time of packets might
occur if the client is connected to a heavily-loaded CDN server or the streaming
path between the client and the CDN server has inadequate bandwidth. As a result,
the video buffer of the client might drain. In this case, client suffers from outages.
Minimum, maximum and average outage durations observed in the clients are given
in Table 4.3. Maximum and minimum outage duration refers to the maximum and
minimum outage durations observed in a client, respectively. Average values in the
outage durations are obtained by averaging the total outage duration observed in the
clients for all simulations. The clients play the video almost seamlessly with both
proposed approaches while the clients in the load balanced approach experience long
duration of outages.

Startup delay is the amount of time for video to start up after client’s request.
In Table 4.4, the startup delay values that clients experience are given. In the table,
minimum, maximum and average values are calculated as the same way in outage
durations. The minimum startup delays are similar for all approaches. However,
the clients in the load balanced approach may experience a startup delay up to 27
seconds.

In Fig. 4.9, the cost of inter-ISP communication is shown. The values show
the average cost for all clients during the streaming session. These values are cal-
culated based on the cost values given by the ALTO server. We define cost as a
cost paid for transferring one block of communication unit (packet or bps). The
maximum possible cost value given by ALTO server equals to 100. In the simula-
tions, intra-ISP administrative cost value is set to 0 and inter-ISP administrative cost
values are set to 20, 45, 30 and 100 for remaining four ISPs, respectively.

Performance evaluations show that the proposed architecture helps to increase
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Figure 4.9. Inter-ISP administrative cost graph

Table 4.3. Outage Duration Statistics (sec)

min max avg

Proposed-w1 0 0 0
Proposed-w2 0 0 0
LoadBalancer 0 99 22.9

Table 4.4. Startup Delay (sec)

min max avg

Proposed-w1 5 10 7.9
Proposed-w2 4 12 8.75
LoadBalancer 3 27 12.35

the performance of the VoD and live video streaming applications when compared
to load balanced CDN server selection approach. If more weight is given to ISP
administrative costs in the optimization, inter-ISP communication costs are reduced
while received video quality is still satisfactory.
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5. CONCLUSION

This thesis aims to improve the performance of the video streaming appli-
cations utilizing SDN. The studies proposed in this thesis can be classified in two
categories.

As the first category, some novel route selection methods are proposed for
DASH running over an SDN domain. For this purpose first, a route selectionmethod
is proposed for the selection of the paths between the DASH clients and the server.
The aim of the proposed work is to improve the QoE of the clients by increasing
the average received bitrate and to provide fairness among clients by decreasing the
difference between the bitrates received by the clients.

Second, an optimization framework is proposed for increasing QoE of DASH
clients and for providing service classes in an SDN domain. The controller dynam-
ically changes the streaming paths between the server and the clients by taking the
underlying network conditions into account. Streaming paths are determined ac-
cording to the optimization framework. Although the optimization framework is
given for two different service classes, it can be enhanced for more service classes.

Third, a novel segment based route selectionmethod by considering the bitrate
of the requested segments is proposed for DASH clients running over SDN. The
proposed optimization model aims to find the most suitable path by considering the
available bandwidth, bitrate of the current segment, competing flows and the path
length. We also observe required buffer ratio for the measured available bandwidth
to provide seamless streaming.

Fourth, based on the segment based route selection method, an algorithm for
estimating the current network load by considering the bitrates of video represen-
tations and an algorithm for determining the streaming paths for each client in the
system are proposed. The controller takes current network load and the bitrate of
the future segments into consideration in order to determine the streaming paths.
Streaming paths determined for each client are rerouted dynamically in order to pro-
vide seamless video streaming service and to provide fairness among DASH clients.

Simulation results show that, thanks to the SDN that allows to develop specific
routing algorithms considering the requirement of the applications, the QoE of the
DASH clients is improved in terms of received bitrate, outage duration, startup delay
and quality switching.
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As the second category, SDN-ALTO integration for video streaming applica-
tions is proposed. For this purpose first, an architecture is proposed for integrating
SDN andALTO for multimedia services. In the architecture, the SDN controller acts
as an ALTO client and receives the network related information from ALTO. The
SDN controller provides ALTO server with the inter-domain network information
such as available bandwidth of the paths.

Second, a novel CDN-based VoD architecture is proposed based on the SDN
and ALTO integrated multimedia service.

Third, a method is proposed to improve the QoE of the clients for suitable
CDN server selection process in the CDN-based VoD architecture.

Fourth, differing from the third, a method is proposed to improve the QoE of
the clients while reducing the cost of ISPs for suitable CDN server selection process.

Performance evaluations show that the proposed CDN-based VoD architec-
ture helps to increase the QoE of video streaming applications in terms of average
received throughput, startup delay and outage duration increased with ALTO guid-
ance compared to the traditional systems. We believe that network application ar-
chitectures based on SDN-ALTO interaction can be considered as one of the future
internet frameworks. The design of the proposed CDN-based VoD architecture can
also be used as guidance for other types of network applications.
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