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Abstract

As one of the key technologies residing in the future Internet concepts, Software
Defined Networking (SDN) makes it possible to develop application-centric flow
routing strategies. Thanks to the benefits offered by the SDN architecture,
the performance of multimedia communication applications can be improved by
developing application-centric flow routing strategies. Recently, MPEG-DASH
standard which allows rate adaptation over HTTP has become popular. In
this work, we present an architecture that provides increase in received quality
of DASH clients running over an SDN domain. Within this architecture, we
propose an optimization model which determines the streaming paths of the
video packets of the clients. We also define different types of user classes and
provide a guaranteed service and fairness among the users of the same class.
Furthermore, we created a heuristic algorithm to facilitate the scalability of the
solution. The simulation results show that, by considering the output of the
optimization model and dynamically changing the routing paths in an ISP, the
video quality offered to the DASH clients is significantly improved and a certain
level of service guarantee is provided.
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1. Introduction

Video streaming applications dominate Internet bandwidth usage due to an
increasing demand for such applications, as stated by Cisco. Recently, most of
the video streaming applications such as Microsoft Smooth StreamingEI, Adobe’s
EL and Apple’ﬂ applications send video packets over HTTP since HTTP traffic
has reliable data transfer infrastructure, advantages of web cache usage, and
firewalls [I]. Triggered by such applications, Dynamic Adaptive HTTP Stream-
ing (DASH) standard is proposed by MPEG [I]. DASH standard enables the
clients to change the bitrate of the video according to rate adaptation strategy of
the client in order to maximize the received quality. For this purpose, video files
stored in the DASH server have different representations with various bitrates;
and each representation is divided into small segments to provide adaptation
during a streaming session. In dynamic adaptive HT' TP streaming systems, in
addition to the encoded video data alternatives, the video server also stores a
Media Presentation Description (MPD) document containing the address and
timing information of these segments. DASH standard specification determines
the format of MPD document and functionalities of the MPD parser and seg-
ments. After receiving the MPD file from the DASH server, DASH clients
request a representation for each segment; hence they can change the bitrate
of the received video in each segment period. The time of the request and the
selection strategy of the representation are not defined in the standard. Thus,
different rate adaptation algorithms for DASH clients deciding representation
to be requested by taking estimated bandwidth [2, B} 4], buffer status [5], or
both [6], into account were proposed in the literature. Although remarkable
approaches against limited bandwidth and rapid changing network conditions

have been introduced; if the underlying bandwidth of the end-to-end path is not

Thttps://msdn.microsoft.com/en-us/library/f£469518.aspx/ [MS-STTR] . pdf
%http://www.adobe.com/tr/products/hds-dynamic-streaming. html
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adequate and changes frequently, then decrease in QoE (Quality of Experience)
parameters such as received bitrate and outages are inevitable.

Software Defined Networking (SDN) is a recently emerged paradigm intro-
ducing the separation of the data plane and the control plane of computer
networks [7]. By putting the network intelligence to the control plane, this tech-
nology allows network operators to develop and implement application specific
routing strategies. Routing information which are defined according to the re-
quirements of an application are sent to the switches via an external device, the
controller. Besides deciding and sending the routing information, the controller
periodically communicates with the switches to monitor network capacity. It
is possible to minimize the aforementioned negative effect of congested stream-
ing paths by using the advantages that SDN technology presents. In order to
overcome congested link problems causing decrease in received video quality,
the streaming paths can be changed based on the commands taken from the
controller. Streaming paths for conveying the packets of the applications can
be determined by considering the requirements of the applications. Hence, new
approaches to provide QoS can be implemented for the applications running
over SDN.

In this study, we propose a service differentiated architecture developed for
DASH clients residing within an SDN domain. We define different service classes
for users and solve congestion-related problems by developing an approach which
runs on network layer to provide an increase in the received video quality accord-
ing to the users’ service classes. Since our approach is solely based on network
layer and it does not require any changes or modification on client’s software,
it can be utilized for any type of DASH software or HAS (HTTP Adaptive
Streaming) based applications such as Microsoft Silverlight or Adobe HLS. In
order to take traffic characteristics specific to the DASH applications into ac-
count, we consider the average bitrate of the video files stored in the server,
current available bandwidth of the links between the server and the clients and
competitive nature of TCP flows. Providing service differentiated classes re-

quires providing the same service level among the users within the same class.
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Furthermore, available network capacity should be shared fairly, considering
service payments. Hence, a path assignment strategy providing fairness among
and within the classes has to be developed for defining streaming paths accord-
ing to user class for a given network topology. The contributions of this study

can be listed as follows:

e We propose an architecture providing service differentiation to DASH
clients. This is the first study that proposes an SDN based fair service
differentiation architecture considering the characteristics of DASH appli-

cations, without requiring any modification on client’s side.

e We design an optimization scheme based on Mixed Integer Programming
(MIP) to determine the streaming paths between the server and the clients.
The optimization model aims to maximize received quality and providing

fairness among users belonging to the same service class.

e Furthermore, we design a decomposition based heuristic algorithm to pro-
vide a scalable solution which reduces the computational complexity of

the MIP based optimization scheme.

e We give the performance of the proposed architecture 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.

The rest of the paper is organized as follows: In Section 2] we summarize the
related work on video streaming over SDN. We elaborate on our architecture
and the optimization framework in Section [3|and evaluate the proposed system
in Section @ In Section [5} conclusions are given. Details of the MIP model are

given in the Appendix.

2. Related Work

SDN technology enables developing and applying different forwarding rules

by separating the control and data planes of computer networks. In an SDN
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network, a controller sends flow information to the switches. OpenFlow is the
first communication protocol for transferring messages between the switches
and the controller [8]. In addition to applying the rules sent from the controller,
OpenFlow enabled switches to send the network topology information such as
current capacity of the links and traffic flow amount to the controller. Since
SDN paradigm offers a wide range of flexibility about designing application
specific routing algorithms, there are various studies proposing application aware
routing over SDN. Besides developing routing strategies for traffic generated by
general applications [9], [10]; routing approaches specific to the packet flows
of video streaming applications have been proposed recently. In [II], authors
outline a QoE (Quality of Experience)-centric multimedia service framework
that can be run over SDN and discuss dynamic path assignment by considering
the service negotiations. An IPTV service model for providing a certain level
of quality assurance is proposed in [12]. In this work, the flow statistics of RTP
packets are obtained regularly and if congestion is detected, an alternative path
is selected. The use of prioritized queuing is proposed for multimedia Cloud
services QoS provisioning in [I3]. Although service assurance is considered in
[11], [12], [I3] no specific path selection strategy is defined for increasing the
video quality received by the clients in these studies. In [I4], an optimization
model for determining end-to-end streaming paths for audio, video and data
flows in an SDN domain is proposed. The optimization model takes UDP related
parameters such as packet loss, delay, and jitter into account as input parameters
[14]. For streaming scalable coded video over SDN, packet flows belonging to
different video layers can be routed according to the priority of the layers [15].
In [I6], a routing algorithm based on an optimization model for SVC (Scalable
Video Coding) video packets is proposed. This study is improved to be able
to run over multiple SDN domains in [I7]. A learning model is proposed to
determine when to adapt video quality and when to re-route streaming paths
of video scalability layers in [I8]. In [19], the authors proposed a scalable video
manycast framework for SDN domains, where multi-clients and multi-servers

exist in an SDN domain. These studies propose to send the packets of base and
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enhancement layers over different paths which are selected by considering UDP
streaming parameters. If congestion is detected, video packets are re-routed in
order to provide an increase in QoE.

The popularity of DASH applications lead researchers to stream DASH pack-
ets over various network technologies such as ICN (Information Centric Network-
ing), P2P, and from different network entities such as battery-limited devices
or sensors. There are some studies, which use different type of codecs such
as SVC [20] or MVC (Multi-view Coding) [21], utilize P2P networks in order
to increase the QoE achieved by DASH clients. The authors in [22] present a
remarkable approach for transferring DASH packets from miniaturized devices
which enables independent playing of segments. A comprehensive survey about
DASH in ICN can be found in [23].

Dynamic adaptive HT'TP streaming systems over SDN is proposed in sev-
eral studies considering the characteristics of HI'TP adaptive video streaming
systems. In [24], authors propose a QoS model by introducing a traffic shaping
scheme which defines packet forwarding rules according to the type of the pro-
tocol. By assigning priority to the HTTP flows, DASH clients achieve higher
throughput when compared to the case that traffic shaping is not used [24]. In
order to provide fairness among DASH clients, the authors proposed that the
clients request bitrates according to the commands received from the controller
in [25]. In [26], the video packets of the clients are placed into the prioritized
queue by considering the buffer of the clients, and the size and the duration
of the requested segments. In [27], an SDN architecture is proposed to maxi-
mize the QoE of the clients. In this architecture, SDN controller assists clients
in their bitrate decision process by using the QoE parameters received by the
clients while shared bandwidth is sliced by considering QoE fairness. Similar to
[27], in [28] authors propose a bitrate adaptation assistance for DASH clients in
an SDN utilizing DASH assisting network elements. In [29], a network assisted
strategy is proposed in order to provide video quality fairness among DASH
clients. In this study, the authors also proposed a bandwidth slicing technique

to provide fairness [29]. Although QoS and/or fairness issues are considered in
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these proposals, no path selection strategy for the video flows is proposed in
[25] 24, 26, 27, 28 29]. In [30], HTTP streaming by using SDN capabilities is
proposed. In this study, the controller periodically obtains information 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 con-
troller decides to change the server or the streaming path in the SDN domain.
QoS is not addressed in this work [30]. An optimization model providing service
differentiation by determining the queue allocations among the paths between
the server and the clients in an SDN network is proposed in [31], however, nei-
ther fairness among the users belonging to the same service classes nor routing
by considering DASH characteristics such as representation bitrates was ad-
dressed in this study. In [32], a video service architecture, which provides QoE
fairness among DASH clients by slicing link bandwidths and selecting routing
paths, was proposed. Generally speaking, QoE fairness among the clients can
be obtained by providing explicit information and restrictions about bitrates or
bandwidth to the clients as proposed in [32]. These studies propose remarkable
solutions by utilizing SDN for increasing the achieved quality, however, all of
them were developed by considering client server communication and/or by re-
quiring to use specific/modified DASH client software [30] 25} 27, 28] 32]. In our
previous work, we propose to change streaming paths of DASH clients accord-
ing to the bitrate of the current segment [33]. Server communicates with the
controller each time it receives a request from a client, and controller determines
the path for that client. The approach proposed in [33] also does not necessitate
client software modification or client-controller communication, however, QoS
and fairness are not considered in the previous work.

Our solution can be used with regular DASH or HAS clients because it does
not require any modifications on the client rate adaptation algorithms or client-
controller communication mechanisms. One may consider that adding plug-ins
to the client software is not a very complex issue, however, since the specification
of rate adaptation algorithms is not within the scope of the DASH standard,

there are so many different types of rate adaptations used in the academic
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proposals and commercial systems. On one hand, our approach is designed to
be used as a universal solution which serves any kind of DASH client, which
can also be used for any kind of HAS based systems. On the other hand, in the
systems that depend on client-controller communication, scalability issues arise
and this requires new solutions to be developed, which add further complexities
to the system [27]. Furthermore, none of the aforementioned studies focus on
providing QoS and guaranteed service levels through joint optimization of the
received bitrate by the clients and fairness among the clients in the same service

class.

3. The Proposed Service Differentiated SDN Network Architecture

The proposed architecture consists of two parts, the details of which are
given in this section. The first part of the architecture is the modules defined
as running in the controller. The seconds part is the optimization framework

determining the streaming paths for DASH clients.

8.1. DASH-QoS Architecture

Fig. [I] shows the overall design of the proposed service differentiation ar-
chitecture. In the architecture, the forwarding layer consists of DASH clients,
DASH CDN server (CDN companies may deploy CDN server in access ISPs),
hosts (other than DASH clients) creating cross-traffic and OpenFlow switches.
In the control layer, an OpenFlow controller is responsible for the management
of the network. The controller determines the streaming paths between the
clients and server and sends the flow rules to the switches. The determination

of the streaming paths is invoked by two events:
e when a new client joins the streaming system,

e when congestion occurs on the streaming paths between the clients and

server.

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

next section. After the paths are determined for the users, the controller updates
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Figure 1: Design of the proposed architecture

the flow rules and sends to the switches. Hence, packets are dynamically re-
routed according to the updated rules in the flow tables of the switches. Several

modules which run in the controller are developed for different purposes:

210 e HostManager (HM): It detects the new clients joining the system and
maintains clients’ information such as user class type, IP and MAC ad-
dresses. When a new client starts the DASH application, it establishes a
TCP connection with the server. Upon receiving the first TCP message
sent by the client, the first hop switch sends a PacketIn message to the
215 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.

e LinkManager (LM): It measures the available bandwidth of the links
by sending StatsReq messages to the switches and receiving StatsReply
220 periodically. If congestion occurs on a link, it informs the RouteManager

module with the new values of available bandwidth of the links.
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e RouteManager (RM): It is invoked by the HM when a new DASH
client joins the system or by the LM module when congestion occurs.
It is responsible for the assignment of the streaming paths based on the
optimization framework given in the next section. After assigning the
streaming paths between the clients and the server, RM forwards the new

streaming paths information to the FlowManager (FM).

e FlowManager (FM): It keeps flow rules of the streaming paths and
sends the new flow rules to the corresponding switches by FlowMod mes-

sages.

3.2. Mixed Integer Programming Model

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

We present a simple topology to, informally, introduce the optimization pro-
cess via Fig. [2| In this topology, users’ flows are from the Host (H) to the Server
(S) via the four switches in the network topology. The capacity of each link (in
terms of Kbps) is given in the figure and we assumed an undirected network.
Link-(H, 1) and link-(4, §) have sufficiently have capacity that do not create any
capacity bottlenecks. There are two types of users: standard users and premium
users. Flows of the standard and premium users must be allocated, at least,
900 Kbps and 1200 Kbps bandwidth, individually, respectively. Furthermore,
the lowest bandwidth allocated to any premium user must be higher than the
highest bandwidth allocated to any standard user. The objective is to maxi-
mize the total bandwidth allocated to the flows of the users while minimizing
sum of the the absolute values of the differences between the capacities allo-
cated to the premium users. We have also a set of constraints in addition to
the already stated ones. First, each flow must follow a single route (i.e., flows

cannot utilize multi-path routing). Second, all flows sharing a particular link

10
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must be allocated equal amount of bandwidth whether any such flow utilize all
of its allocated bandwidth or not. Third, the end-to-end bandwidth of a flow
is determined by the minimum amount of the bandwidth allocated to it among
all the links in its end-to-end path. Consider the case where we have three pre-
mium users (4, B, and C) and two standard users (D and E). The only feasible
solution for the bandwidth and path assignment for this set of users, which does

not violate any of the constraints, is as follows:
e user-A is assigned to path-(H, 1,4, S) with 4000 Kbps bandwidth,
e user-B and user-C are assigned to path-(H, 1, 3,4, S) with 2000 Kbps each,
e user-D is assigned to path-(H, 1,2, 3,4, S) with 1000 Kbps bandwidth, and
e user-F is assigned to path-(H, 1,3, 2,4, S) with 1000 Kbps bandwidth.

Note that the path and bandwidth assignments of premium users users
are interchangeable among themselves (e.g., user-B can be assigned to path-
(H,1,4,8) with 4000 Kbps bandwidth while user-A and user-C can be assigned
to path-(H,1,3,4,5) with 2000 Kbps each) which also is true for the standard
users (e.g., user-E can be assigned to path-(H, 1,2, 3,4, S) with 1000 Kbps band-
width while user-D can be assigned to path-(H, 1, 3, 2,4, S) with 1000 Kbps band-
width). User-4 is the only user utilizing link-(1, 4) which is the bottleneck in its
path, therefore, User-A gets the whole bandwidth of link-(1,4) (i.e., 4000 Kbps).
User-B and user-C share link-(1, 3) with user-F, therefore, both of them get one
third of the capacity of link-(1,3) (é.e., 6000/3=2000 Kbps). Likewise, user-
B and user-C share link-(3.4) with user-D, thus, they get, again, one third of
the capacity of link-(3,4) (i.e., 6000/3=2000 Kbps). Since, allocated capaci-
ties at both of the inter-switch links in the paths of user-B and user-C (i.e.,
link-(1, 3) and link-(3.4)) are upper bounded by 2000 Kbps, both flows have ca-
pacities of 2000 Kbps. Flows of user-D and user-E share link-(2, 3), therefore,
the capacity on link-(2, 3) is shared equally between user-D and user-E (i.e.,
2000/2=1000 Kbps) which is the bottleneck link in the paths of user-D and
user-E. Even if the capacity of link-(2,3) were higher than 2000 Kbps (e.g.,

11
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Figure 2: Network topology used for introducing the optimization process.

3000 Kbps), user-D and user-E would still get 1000 Kbps because of the capac-
ity of link-(1, 2) (1000 Kbps), which is in the path of user-D, and the capacity of
link-(2,4) (1000 Kbps), which is in the path of user-E. Although user-D utilizes
all its allocated capacities on link-(1, 2) and link-(2, 3), it can utilize only the half
of its allocated capacity on link-(3,4) due to the bottlenecks on link-(1,2) and
link-(2, 3).

After completing the basic introduction, we will, now, present the complete
and formal description of our optimization problem. 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 set of 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 Uy, respectively. Capacities of links
are denoted by C;; and the set of link capacities are denoted as C°. Furthermore,
the capacity of the highest capacity link in the network is denoted as C,,x. The

amount of data flow on link-(, j) of user-k is denoted by fzI; The variable bound

on flljC is given in Eq. .
0< f < Cue Vi, j) € AVk €U (1)

The objective function can be expressed as

max 71zsi—‘}’2zei+)’3zsi . (2)
ieUp ieUp ieUs

Our objective function does not have a physical meaning, per se. However,

this is a multi-objective optimization problem, hence, we are optimizing multiple

12
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physical quantities. Since we are optimizing multiple objectives we combine
them linearly through multiplication of weights (i.e., y;’s). The weights in the
composite objective function determine the individual objectives’ priorities.

The first term maximizes the data flow allocated to premium users (s; is
the source rate allocated to user-i). The second term has negative sign so it is
for minimization of e;’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., y’s) can be assigned for the emphasis.

For example, y; = 1.0, y2 = 0.1, and y3 = 0.01 would lead to an optimization
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 standard category after achieving the first two objectives. In fact, solving
a particular problem for a range of y values will outline the operating region for
the problem.

We will present an overview of the constraints of the MIP model in the rest
of this Subsection. The details of the constraint equations are provided in the
Append A

Our first set of constraints facilitates the non-bifurcated flows within the
network (i.e., flow of any source is conveyed through a single path) given in
Eqgs. f. The second set of constraints ensures that flows are conserved
at the Host, the Server, and switches given Eqgs. f. All flows should
utilize all the capacity they are allocated in their designated paths (i.e., reduc-
tion of the utilized capacity arbitrarily is not allowed). To ensure such behavior,
the third set of constraints puts a lower bound on the minimum bandwidth uti-
lized by each flow which is the capacity allocated at the bottleneck link in the
path of each end-to-end flow through the utilization of Eqs. 7. The
fourth constraint is employed to allocate the same amount of capacity to all
non-zero flows utilizing any particular link which is given in Eq. . Source

rates assigned to premium users must be higher than the sources rates assigned

13
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Table 1: Nomenclature for the optimization framework.

symbol description symbol description
A set of links N set of switches
M set of switches excluding the host (H) and | U set of all users

the server (S)

Up set of premium users Us set of standard users

flllc amount of data flow on link-(i, j) of user-k | Cj; capacity of link-(i, j)

Ct set of link capacities Cinx capacity of the highest capacity link
Vi weights of the objectives Si source rate allocated to user-i

d; difference of user-k’s data rate and the av- | ¢; absolute value of d;

erage data rate

b; indicator variable utilized for transform- | € minimum value for non-zero flows
ing d; to e;
affj indicator variable for fé‘ Xij indicator variable for link-(i, j)
gfl slack flow on link-(i, j) for user-k ”zk, indicator variable for g{‘,
I guaranteed bit rate for premium users I guaranteed bit rate for standard users
p{f indicator variable for relay status of rl.k degree of switch-i as a relay for user-k

switch-i for user-k

P set of paths obtained for standard users P, set of paths obtained for premium users
S minimum bandwidth end-to-end paths P maximum bandwidth end-to-end paths
S final paths for standard users P final paths for premium users

”ilj variable used to count the usage of link- | u; virtual nodes

G@..J)

to standard users and sources rates of both standard and premium users must be
higher than the predetermined rates for both categories. These set of rules (i.e.,
the fifth set of constraints) are embodied within the MIP framework through
the use of Egs. 7. If not properly formulated, occurrence of phan-
tom flows (e.g., two switches sending the same amount of data to each other)
cannot be avoided in our framework because such flows do not violate any of the
previous constraints, hence, we made sure that any switch which is farther away
from the Host (in terms of hop count) cannot send data to any other switch
which is closer to the Host. Indeed our sixth set of constraints are utilized to
completely avoid the phantom flows and given in Egs. (A.27)-(A.36). Lineariza-
tion of the second term of the objective function is achieved by our seventh set
of constraints which are given by Egs. f. Nomenclature for the

optimization framework is presented in Table

14



Algorithm 1 The algorithm to determine the paths for each user.

Input: A « link set, CO « Initial link band-

width set, Up <« Set of premium users,
Us « Set of standard users, N « Set of
switches, H « Host node, S « Server node,
Y1,Y2,Y3 < weights, {, ¢ minimum band-

width, {g < guaranteed bandwidth.

Output: s; Vi € Up | JUs <« Bandwidth of all

11:

users, S « Set of paths for standard users,

P — Set of paths for premium users.

. Define C! = 0.

Determining paths for standard users :
Assume that there are no premium users
(Up € 2).

Assume that link-(i, j) is utilized by only one
path at the beginning (nilj =1)andl =1
where [ is the index of the path obtained.

. while max-flow(C!)> ¢, do

Determine a path-(P;) with minimum
bandwidth by using the MIP framework

withy; =y2 =0, ¥3 = —1 including the fol-
cO.
L Vi j) e
7;

lowing constraint: f:I; +gf.‘j <
A, Vk e Us.

Mark the links in P; and increment r]ilj by
1.

Update capacity values in C! by subtract-
ing the flows in the links of P;.

Include P; to S, which contains all possi-
ble paths determined so far.

I++

: end while

Obtaining the bandwidths for standard users
by using the designated paths :

Create a new network, H; = (N, A1, CS)
such that Ny = {H,uy,...u;, S}, A1 = {(i,j):
Vi € N1,Vj € N1}, and CS which is the ca-
pacity matrix for all paths in S. In this net-

work ui,...u; refers the virtual nodes that

12:

13:

14:

16:

17:

18:

19:

20:

21:

22:

23:

represent paths in S.

Solve the original MIP model by minimiz-
ing the maximum bandwidth of all stan-
dard users using H; and obtain S. Create
the new link set, C2, from C° by removing
the residue bandwidth used in the standard

users’ path assignment steps.

Determining paths for premium users :
Assume that there are no standard users
(Us € @).
Assume that 77i2j
dex).

nilj and m = 1 (path in-

: while max-flow(C?)> ¢, do

Determine a path-(P,) with maximum
bandwidth by using the MIP framework
with with y1 = 1, y2 = y3 = 0 includ-
ing the following constraint: le; + g;‘j <

cO.
ij

V(i,j) € A,Vk € Up.

[N

n?.
Ml;rk the links in P, and increment n?j
by 1.

Update capacity values in C? by using the
bandwidth value of the P,,.

Include P, to F, which contains all pos-
sible paths determined.

m+ +

end while

Obtaining the bandwidths for premium users
by using the designated paths :

Create a new network, Ho = (Na, Ag, CP)
such that No = {H, v1,...v;u, S}, A2 = {(i,j) :
Vi € No,Vj € No}, and CP which is the ca-
pacity matrix for all paths in P. In this net-
work Vi, ...v, refers the virtual nodes that
represent paths in P.

Solve the original MIP problem with y; =1,
y2 =1 or 0, and ¥3 = 0 by maximizing the
total bandwidth on network Hs and obtain

P.

15
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8.8. Heuristic Algorithm

Constraint optimization is the process of maximizing or minimizing an ob-
jective function while satisfying a set of constraints expressed as mathematical
relationships. If the optimization variables are continuous (not constrained to
be integers) and all of the mathematical relations expressing the objective and
constraint functions are linear then such an optimization model is known as
Linear Programming (LP) model which can be solved to optimality, efficiently,
by polynomial time algorithms. If the linearity of the optimization model is pre-
served but some of the optimization problems are confined to the set of integers
then such a model is known as an MIP model. MIP models can be solved by uti-
lizing algorithms such as branch-and-bound and branch-and-cut. However, MIP
models, in general, cannot be solved to optimality, especially, for large problem
instances due to the NP-completness of the solution algorithms. To cope with
the challenge, heuristic algorithms are utilized which, typically, terminate much
faster, yet, they cannot guarantee the optimality of the solution obtained.

Algorithmic complexity of our MIP model is in the NP class. Consider
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 standard and premium users to these links is an instance of the NP-complete
problem of generalized bin packing [34]. Therefore, by the additional complexity
of determining end-to-end paths with side constraints makes our problem 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 significantly enhances
the scalability of our architecture. We present an analysis of the MIP model
and the heuristic algorithm in Subsection to compare the computational
complexities and performances of both approaches.

The most important factor increasing the 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
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with some auxiliary constraints. Later, we assign users’ flows on these paths by
using the original 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. Nevertheless, due
to the utilization of the original MIP problem in the heuristic algorithm, the
heuristic algorithm is also NP-complete. Note that we still use the MIP model in
the heuristic algorithm (in fact multiple times sequentially), however, the prob-
lem instances of the modified MIP model utilize very low number of variables
and constraints in comparison to the original MIP model. In fact, the num-
ber of variables and the number of constraints required in the MIP model are
O(IN|?|U|) and O(|N|?|U|?), respectively. However, in the heuristic algorithm
both the number of variables, O(|N|?), and the number of constraints, O(|N|?),
are significantly lower for each problem instance. Moreover, the heuristic algo-
rithm utilizes such MIP problem instances for, at most, |U| times, successively.
Therefore, due to the drastic reduction of the number of variables and the num-
ber of constraints, the heuristic algorithm terminates much more rapidly, as
demonstrated in Subsection

The pseudo-code of the heuristic is outlined in Algorithm [T where 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 &, (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
77,-11- which is used to count the usage of link-(i, j) by the obtained paths, P;
(line 3). In line 5, the objective function of the MIP framework is modified with
v1 = v2 = 0, and y3 = —1 such that the total bandwidth of the standard users are
minimized (i.e., max [— Yy, si| = min [X;cpq 5i]). 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
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users (e.g., if the link-(3,2) is used 5 times while having the initial capacity of
Cg 5 = 5000 kbps, than each standard user can at most has a bandwidth of 1000
kbps, s; < 1000 kbps). After solving the MIP model sequentially we obtain
minimum bandwidth paths (P;), mark the links in P; (line 6) and update the
capacity matrix, C!, by subtracting the flows in the links of P; (line 7). This
process continues until the maximum flow between the Host and the Server in
C! is less than the minimum bandwidth ¢, (i.e., we cannot find any more paths
with at least end-to-end ¢, capacity). After we obtain the set S which contains
all possible P; sets, we assign all standard users to these paths. We create a
virtual network, Hj, consisting of the Host (H) and Server (S) nodes as well
as virtual nodes (u;, VI € §) 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 Hy 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 (é) We update the capacity values of CY 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 , (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 (y) 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 [ZieUP s,»]. This can be achieved by choosing y; =
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1, y2 = y3 = 0 (line 16). After solving the modified MIP problem, we get the
set of maximum bandwidth paths P that contains all path information (Pn)
obtained (line 19). By using the path information and path capacities we create
another virtual network, Hs, in a similar way that we do in the first part (line
22). However, in the second part, we choose y; = 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
v2 =1 or yo = 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., y3 = 0). Upon the completion of the second part
of the algorithm paths for the premium users (15) are allocated.

The reduction in the total rate assigned to the premium users by the heuristic
algorithm is due to the suboptimal assignment of rates to the standard users. In
the first part of the heuristic algorithm, bandwidth assignment to the standard
users are done in a way that minimize the total bandwidth assigned to the
standard users while satisfying the minimum rate constraint of standard users.
The reason for such an objective is to maximize the available bandwidth for
the premium users which will be handled in the second part of the heuristic
algorithm. However, while trying to minimize the bandwidth assigned to the
standard users, it is possible that the first part of the heuristic, actually, can
degrade the optimal bandwidth assignment for the premium users which results
in suboptimal path and bandwidth assignments for the premium users in the
second part of the algorithm. We will present a theorem on the performance
bound and provide a constructive proof.

Theorem 1: Let S,,; and Sy, be the feasible and non-trivial solutions ob-
tained by the MIP model and the heuristic algorithm for an arbitrary network
topology, respectively. Furthermore, let the total source rates determined by
Sopt and Spe,, for premium users be B,p; and Bpey, respectively. Then, the opti-

mality gap of the heuristic algorithm, in terms of the total bandwidth assigned
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Figure 3: Network topology used for the proof of optimality gap.

to the premium users is given as

Breu > 1
Bopt h |US|+1.

3)

Proof 1: The equal bandwidth allocation constraint given in Eq. dic-
tates that if there are x users’ flows are passing through the same link then each
flow can receive, at most, % of the link’s capacity. As such, instead of receiving
the full bandwidth on a link a premium user can end up getting only % of the
link’s capacity. Furthermore, if such a link is the bottleneck link in the overall
path then the capacity allocation can be as low as )lc of the capacity that can
be obtained by the optimal assignment. Hence, providing a single example of
such a case will be sufficient to prove the worst-case performance of the heuristic
algorithm.

Consider the network topology in Fig. Assume there are |Us| standard
users and 1 premium user (i.e., [Up| = 1). Furthermore, the link capacities are
given as: Cia = C13 = Coq = C34 = (|Us| + 1) X ¢y and Caz = |Us| X {, where {g
and &, are the guaranteed bit rate (for premium users) and the minimum bit
rate (for standard users), respectively ({; > &n). One of the optimal solutions
found by the MIP model assigns the standard users to the path consisting of
link-(1,2) and link-(2,4) whereas the premium users is assigned to the path
consisting of link-(1, 3) and link-(3,4). Note that there are multiple optimal flow
assignments in this scenario which will result in the same optimization objective

value. Nevertheless, the premium user gets a rate of (|[Us| + 1) X {; and each

|Us |+1
[Us |

standard user gets X {g in the optimal solution. On the other hand, when

we utilize the heuristic algorithm, to minimize the bandwidth assigned to the
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standard users, all standard users are assigned to the path consisting of link-
(1,2), link-(2, 3) and link-(3, 4) due to the fact that Ca3 < C12 (i.e., the minimum
feasible bandwidth is obtained when all standard users utilize link-(2, 3) which
is &y for each standard user). However, by making such an assignment there
are only two paths left for the premium user which are consisting of either link-

(1,3) and link-(3,4) or link-(1,2) and link-(2,4) both gives the same amount of

|Us |+1

bandwidth to the premium user which is LA

X {g = {g. Therefore, the ratio
of the bandwidth assigned to the premium user in the heuristic algorithm and
the exact solution is m which concludes the proof. [

Note that the worst case optimality gap is obtained for a specially con-
structed topology. In fact, we have never encountered a scenario that the heuris-
tic algorithm results in such a drastic performance deterioration. Indeed, the
computational investigation of the optimality gap presented in Subsection [4:2]

reveals that the average optimality gap is much lower.

4. Performance Evaluations

4.1. Simulation Setup

We use Minineﬁ emulator in order to evaluate the performance of the pro-
posed architecture. Mininet is an efficient platform for implementing and test-
ing systems with SDN and OpenFlow. General Algebraic Modeling System
(GAMS)H with CPLEX solver is employed for the solutions of the optimiza-
tion problems. There are 10, 20 and 30 clients connected to the DASH server,
respectively. Half of the clients are subscribed as premium user whereas the re-
maining clients are standard users. Clients join the system with the 10 seconds
of intervals. As controller software, Floodlightﬂ is used .

The server sends the Big Buck Bunny video file @720p [35] to the clients.
The bitrates of the representations used in the experiments are 900 Kbps, 1200

4http://mininet.org/
Shttp://www.gams.com/
Shttp://www.projectfloodlight.org/floodlight/
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Kbps, 1500 Kbps and 1800 Kbps. All clients use DASH-JS software [2] to
play the video. For both type of users, the clients adapt the quality based on
the throughput 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 detecting and changing a congested streaming path may take
several milliseconds and this causes a decrease in available bandwidth during a
short period. However, the received 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-
puserveﬂ 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 topolo-
gies during simulations. The available bandwidth value of each link in the SDN
domain is independently distributed according to uniform distribution with ran-
domly selected mean values between 1000 Kbps and 10000 Kbps. The available
bandwidth of the links periodically changes due to cross traffic.

4.2. Scalability of MIP model and Heuristic Algorithm

In Table [2| we present a comparison of average data rates (in kbps) for
premium and standard users obtained with the MIP model and heuristic al-
gorithm as a function of number of users for the Compuserve topology with
v1 =1, y2 = y3 = 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. IBM CPLEX is an optimization software package. It

has a modeling layer providing interfaces to a plurality of popular programming

“http://www.topology-zoo.org/
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languages and software packages. It can solve linear or quadratic optimization
problems with continuous or integer variables using various methods and algo-
rithms such as the simplex method, the barrier interior point method, second-
order cone programming. It takes prohibitively large amounts of time when we
attempt to solve the exact optimization 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 and users which increases the number
of variables and constraints drastically.

The total bandwidth assigned by the heuristic algorithm is always lower than
the total bandwidth assigned by the MIP model for all problem instances from
8 users to 16 users cases. For some problem instances, the total bandwidth
assignment of the MIP model can be very close to that of the MIP model (e.g.,
the total bandwidth assignment of the MIP model is only 0.32% less than the
heuristic algorithm for 14 users), however, for some other problem instances the
total bandwidth assignment of the MIP model can be non-negligibly lower than
that of the MIP model (e.g., the total bandwidth assignment of the MIP model
is 8.32% less than the heuristic algorithm for 16 users).

Since the heuristic algorithm cannot assign the bandwidths of the standard
users, optimally, in some scenarios heuristic algorithm’s bandwidth allocation
to standard users are higher than the MIP model’s assignment of bandwidth
to standard users which leads to the lower bandwidths for the premium users
with the heuristic algorithm when compared to the MIP model. For example,
the aggregate bandwidth assignments of the MIP model for premium users are
6.88%, 17.68%, 0.76%, 16.24%, and 4.67% less than the heuristic algorithm for
8, 10, 12, 14, and 16 users, respectively.

The reason for the heuristic algorithm to allocate higher bandwidth for the
standard users in some instances when compared to the MIP solution is the
decomposition we utilized in the heuristic algorithm. In fact, it is the decompo-
sition that makes the heuristic algorithm faster (as analyzed in Subsection.

However, the downside of the decomposition is the suboptimal assignment of
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the bandwidths of the standard users which in turn leads to the suboptimal
assignment of the bandwidths of the premium users . Nevertheless, subopti-
mal resource allocation is an expected result of a decomposition based heuristic
algorithm.

Table 2: 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

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

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

In Table |3, 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 the MIP model increases with much higher pace than the solution times of
the heuristic 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.

4.8. Simulation Results

As mentioned in previous section, the proposed architecture aims to provide
received video quality maximization, fairness and to provide different classes
of services. We compare 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, k-shortest paths are selected among the paths
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Table 3: 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 2.09 250 271 3.22 3.30

Table 4: Quality changes in Dfn topology (heuristic algorithm)

# of clients
10 20 30
Approach Result | User Class
+1 +2 43 -1 -2 -3|+1 +2 +3 -1 -2 -3 |+1 +2 +3 -1 -2 -3
pr 9 2 0 12 1 0 10 3 1 18 1 0 11 2 1 17 1 0
avg
std 4 0 0 6 1 0 10 4 0 19 1 0 8 2 1 14 2 0
Proposed-max
pr 2 1 0 3 1 0 2 1 14 1 0 0 1 1 6 1 0 0
stdev
std 2 0 0 3 1 0 1 14 9 0 0o 0 1 1 6 1 0 0
pr 9 2 0 1 2 0 12 3 0 18 2 0 10 2 1 16 1 0
avg
std 4 0 0 6 1 0 12 4 1 21 1 0 8 1 1 13 2 0
Proposed-fair
pr 3 1 1 2 1 0 2 9 1 0 0 1 1 8 1 0 0
stdev
std 2 0 0 3 1 0 1 9 5 0 0o 0 1 1 6 1 0 0
pr 15 3 1 22 1 0 14 3 1 24 1 0 12 2 1 18 1 0
avg
std 10 1 0 14 1 0 10 2 0 14 1 0 10 3 1 18 2 0
CSP-QoS
pr 4 1 1 4 1 0 1 1 7 1 0 0 1 1 7 1 0 0
stdev
std 3 1 0 3 1 0 1 7 4 0 0o 0 2 1 12 1 0 0
pr 4 1 0o 6 1 0 5 1 o 9 1 0 6 1 o 9 1 0
avg
std 5 1 0 7 1 0 2 1 0 3 1 0 4 1 0 6 1 0
k-shortest
pr 3 1 0o 3 0 0 2 1 B 1 0 0 1 0 B3 1 0 0
stdev
std 4 1 0 4 1 0 1 15 8 0 0o 0 1 0 9 1 0 0

between the server and the clients. Premium users are assigned to shortest paths
while standard users are assigned to the remaining paths in the k-shortest path
set. Other comparison approach is based on the approach given in [I6], 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 objective function given in Eq. [2|is a weighted (i.e., y;’s) sum of three
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Table 5: Quality changes in Compuserve topology (heuristic algorithm)

# of clients
10 20 30
Approach Result | User Class
+1 +2 43 -1 -2 3|41 42 43 -1 -2 -3 |41 42 +3 -1 -2 -3
pr 10 2 0 5 0 0 9 2 1 16 1 0 13 2 0 19 0 0
avg
std 9 2 1 14 2 0 7 2 2 15 1 0 9 3 1 18 1 0
Proposed-max
pr 3 1 0 4 0o 0 2 1 12 1 0o 0 2 1 6 0 0 0
stdev
std 4 1 1 4 1 0 1 12 7 0 0 0 2 1 5 1 0 0
pr 13 4 1 24 0 0 12 3 1 21 0 0 14 3 1 24 0 0
avg
std 11 2 1 20 0 0 8 2 12 2 0 10 1 1 15 1 0
Proposed-fair
pr 3 3 1 7 1 0 1 1 6 0 0o 0 1 1 4 1 0 0
stdev
std 5 1 1 4 1 0 1 6 3 0o 0 0 1 1 7 1 0 0
pr 15 3 1 25 1 0 13 3 1 21 0 0 14 2 0 20 0 0
avg
std 10 2 1 18 1 0 12 3 2 22 1 0 10 2 2 20 1 0
CSP-QoS
pr 4 2 1 3 1 0 2 1 6 1 0o 0 1 1 8 0 0 0
stdev
std 3 2 1 8§ 1 0 1 6 4 0o 0 0 2 1 7 1 0 0
pr 11 3 1 20 1 0 8 2 1 15 1 0 11 2 1 17 1 0
avg
std 0 0 0 1 1 0 0 0 0 2 1 0 0 0 0 1 1 0
k-shortest
pr 2 1 1 2 1 0 1 1 5 1 0o 0 1 1 6 1 0 0
stdev
std 0 0 0 1 (V") 1 5 3 0 0o 0 0 0 1 0 0 0

Table 6: Percentage of outages observed in Dfn topology (%) (heuristic algorithm)

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

10 0.066 % 0.033 % 0% 25.13 %
20 0% 0% 1.13 % 26 %
30 0% 0% 1.46 % 3.3 %

Table 7: Standard Deviation Values Observed in the Proposed Architecture (heuristic algo-
rithm)

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
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Figure 4: 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. The

results are obtained by using heuristic algorithm.

individual objectives. The first objective maximizes the sum of the bandwidths

allocated to premium users (Z; = ¥;cy, 5i). The second objective is for mini-

mizing the sum of the absolute values of the differences in bandwidth allocations
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Figure 5: Percentage of 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. The results are obtained by using heuristic algorithm.

among the premium users (Z2 = ¥;cy, ¢;). The third objective maximizes the
sum of the bandwidths allocated to standard users (Z3 = X<y, 8i). To provide

benchmarks for selecting y;’s, we performed experiments using the Compuserve
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topology with 14 users (7 premium and 7 standard users). The results we re-
port are the averages of ten runs. The first objective function is maximized
(Z1 = 23526, Zy = 11433, Z3 = 8766) when the weights are chosen as (y; = 1,
v2 = 0, y3 = 0). By increasing the weight of the second objective (y1 = 1,
v2 = 0.5, y3 = 0), we obtain (Z; = 21869, Zy = 2272, Z3 = 10141) which,
clearly, shows the substantial reduction in the second objective when compared
to (y1 =1, y2 =0, y3 = 0). When we double the value of y2 from 0.5 to
1, (y1 = 1, y2 = 1, y3 = 0), the reduction in Zy, (Z; = 22533, Zy = 1514,
Z3 = 9537), is not as significant as the decrease when s increased from 0 to 0.5.
Furthermore, the relative values of the weights is what matters instead of the
absolute values. For example, (y1 =1, y2 =1, y3 =0) and (y; = 0.5, y2 = 0.5,
v3 = 0) give exactly the same objective values. Hence, increasing ys beyond
1 while keeping y; = 1 does not bring significant advantage. The heuristic al-
gorithm has only two adjustable weights (i.e., y1 and y3). The weight of Z,
cannot be changed (i.e., y3 = 0) because of the design choice we made in the
heuristic algorithm. The performance results related to the proposed approach
are represented as Proposed-max for y; = 1,75 = y3 = 0 and Proposed-fair for
yi=v2=Ly3=0.

In the simulations, we measure the received video quality related parameters
such as the received bitrate, number of received packets for each representation,
the number and the duration of outages observed in the clients, the number of
quality switches and fairness among the clients. All parameters used in the sim-
ulations 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.

In Fig. [4] 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
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for the proposed 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 simula-
tions run over Dfn topology, 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 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 pro-
posed approach outperforms other approaches. Although the received bitrate
values observed for standard users are generally similar in the proposed and
CSP-QoS approaches, standard users have higher received bitrates in CSP-QoS
approach for certain configurations (e.g., Fig. and ) because in our pro-
posed approach we set y3 = 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. 3
is set to 0 to prevent this situation.

On the other hand, premium users also receive better service than that of
standard users in k-shortest path based service differentiation strategy. How-
ever, unacceptable 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 the received
video quality. In Table [f] and Table [5] average and variance of the number of
quality changes observed in the clients are given for all approaches. The num-
ber of quality changes is calculated based on the number of oscillations of the
selected representations. In the table, +x and -x represents the number of dif-
ference between the quality levels of current and next selected representations
where quality is increased x quality level and is decreased x quality level, re-
spectively. For example, the numbers given in the column of +1 show that how

many times the clients receive the next higher representation than its current
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representation. For all approaches, three oscillations are rarely observed. The
decrease in the number of +1 quality level changes observed with the proposed
approach is up to 40% and the number of -1 quality level changes observed
with the proposed approach is up to 45% 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
higher representations.

The percentage of received segments from each type of representation is
given in Fig. [f] Especially for premium users, the perceived video quality 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 [6] the percentages
of outage duration observed in a client according to the user types are given.
The percentage values in the table are calculated regarding total video duration.
The results show that no significant amount of duration observed in the pro-
posed approach. The clients experience small amount of durations in CSP-QoS
approach while observed duration values can be reach up to 78 seconds in the
the k-shortest path approach.

Since one of the aims of the optimization framework is to provide fairness
among premium users, we calculate the standard deviation of the bitrate re-
ceived by these users in order to show how fairly the network resources are
distributed. In Table [7] the standard deviation values are given for different
v values. When yo 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).
5. Conclusion

In this paper, we propose a network architecture for increasing the received

video quality of DASH clients and for providing service classes in an SDN do-
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main. We focus on providing fairness among the clients belonging to the same
service classes. Streaming paths are determined according to the optimization
framework. Although the optimization framework is given for two different ser-
vice classes, it can be expanded for more service classes. Furthermore, we devel-
oped a heuristic approach, which gives approximate results to the optimization
framework. The proposed architecture is designed in such a way that network
operators can implement it without requiring any modification on DASH client’s
software.

The proposed approach is compared to two service differentiation approaches.
In one of the comparison approaches, streaming paths are determined by con-
sidering k-shortest paths. In the second comparison approach, the streaming
paths are determined by using the solution to the constrained shortest path
problem. Performance evaluations are performed for both approaches via the
simulations done in real-world topologies. Simulation results reveal that the
proposed architecture, in addition to providing fairness, improves the quality of
the received video in terms of bitrate, segment quality, outage durations, and
number of quality changes when compared to other service differentiation ap-
proaches. We observe 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 out-
age 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.

In our heuristic algorithm, the path and bandwidth assignment problem is
divided into two phases. In the first phase, the routes for the standard users
are assigned in such a way that the bandwidths of standard users are minimized
while satisfying the guaranteed minimum bandwidth for standard users. In the
second phase, the remaining capacity is assigned to the premium users in a way
that maximize their bandwidths. However, it is possible that after the premium

users obtain all the bandwidth they require, if the network has vacant bandwidth
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then the remaining bandwidth can be allocated to the standard users. Hence, it
is a promising future research avenue to improve/modify the heuristic to address

such possible under-utilization of network resources.

Appendix A. Constraints of the MIP Model

The constraints of the optimization problem introduced in Subsection [3.2
are defined in this section. We define binary variables af.‘j as flow indicators in
Eq. . If a non-zero amount of data of user-k is flowing on link-(7, j) then
the indicator variable is set to one (i.e., a{.‘j = 1) and 0 otherwise. When fzI; =0
Eq. forces a{.‘j = 0, where € is the minimum value for non-zero flows (for
the sake of simplicity assume that € = 1 Byte for now). On the other hand,

when fzI; > 0 Eq. 1) forces afj =1.

af, e {01} V(i.j)) e AVk eU (A1)
k< Cyxal VkeU Vi, j)eA (A.2)
Sl > exd; vkeU V(i j)e A (A.3)

Binary variables x;; given in Eq. (A.4) are utilized in Eq. (A.5) and (A.6]

k

ij
particular link is equal to 1, then x;; is forced to take 1, by Eq. (A.5]), however
if all a{.‘j = 0 then x;; > 0 (by Eq. 1] and x;; < 0 (by Eq. 1) will force

Xij = 0.

to determine whether link-(, j) is used by any flows. If at least one af, on a

Xij € {0, ].} V(i,j) €A (A4)

xij 2 al; Yk e U V(i j) € A (A.5)

xip < ) af; Vi, j) e A (A.6)
keU

We need to ensure that all end-to-end paths are single path routes. Eq. (A.7)
guarantees that only one link going out of the host switch (H) is used for the
flow of user-k. Eq. (A.8) 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 s; has the

33



variable bound given in Eq. (A.9).

>dy,=1vkeu (A.7)
JEN
> di<ivkeu vien (A.8)
JEN.j#i
0<s5;,<Cpx VieU (Ag)

Egs. (A.10)), (A.11), and (A.12), jointly guarantee the flow conservation at
switches. Flow conservation constraint of host switch is given in Eq. (A.10)

s which states that outgoing flows of user-k at host node is equal to the source
rate allocated to user-k (i.e., sx). In a similar manner, Eq. (A.11)) is used to
ensure that the entire flow of user-k terminates at the server (S) node. Eq. (A.12))

is used to perform flow balancing at intermediate switches (M).

> fhi=scvkeu (A.10)
jeN,j#H
se= . fiVkeu (A.11)
JEN,j#S
D ofE= Y fivkeuviem (A.12)
IEN,i#] leN,I#j

To avoid any loop backs to the host and to the server, we zero all incom-

70 ing flows to host node via Eq. (A.13) and from server node via Eq. (A.14),

respectively.
> fy=ovkeu (A.13)
ieN-H
> f=0vkeu (A.14)
iEN-S

We define the slack flow (glkj) that represents the amount of allocated but

unutilized capacity for user-k over link-(i, j). Variable bound for gl/.‘j is the same

as that of fl'; and given in Eq. 1' Eqgs. Ii and 1) jointly ensure that

75 the whole capacity of a particular link is allocated to real and/or slack flows if

the link is utilized by at least one flow (i.e., x;; = 1). Slack flow is zero if actual
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flow is also zero which is enforced by Eq. (A.18).

0 < gk < Cux Y(i.j) € A VK €U, (A.15)
Z{ i’;+gtkj}2xijxcij Y(@i,j) e A (A.16)
keU

Z{f/j + gl]»‘j} <G Vi jeA (A.17)
keU

gk <af,xCy V(. j)e AVkeU (A.18)

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 introduce binary indicator variables wfj in Eq. 1) which is equal

to zero if g{‘j = 0 and equal to one if gf‘j > 0 as given in Egs. qA.20[) and (]A.21[).
Eq. (A.22)) guarantees that 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).

wh € {0,1} V(i,j) e AVk € U (A.19)
gl < Wk X Ciy Vke U V(i j)e A (A.20)
gl exwi Vk e U V(i, j) € A (A.21)
wh< > df-1vkeuU (A.22)

(i, j)eA (i.j)eA
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.
guarantees 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. effectively reduces to f528 + ggg <

4 4 4 4 2 2 2 2 4 4
Jss + 855 and fog + 855 < fig + 855 (€., fog + 855 = f5g + 853)-

[+l < S+l +Cy2—af; —al) Vi, j) € AVk, h e U (A.23)
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Eq. (A.24) guarantees that data flow for premium users is larger than stan-

dard users. Furthermore, Eq. (A.25) and (A.26) ensure that data flows for

premium and standard users are higher than or equal to the guaranteed bit rate
({g) and the minimum bit rate (), respectively. At this point we can give the

exact value of the € introduced earlier which is € = ;.

sk > sp Yk e Up Yh e Ug (A.24)
sk = Lo Vk € Up (A.25)
Sp = & Yh e Us (A.26)

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-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 hop count cannot transmit data to
another node with lower hop count, thereby, eliminating phantom flows. We first
introduce binary indicator variables p{.‘ in Eq. 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, p];I and p’g are set to one as stated in Eq.
and . At the other switches, if any of the incoming links transport user-

k’s flow to switch-i (i.e., aj?. = 1) then switch-i is also a relay node for user-k’s

flow as expressed in Eq. (A.30).

pre{0,1}VkeUVieN (A.27)

P =1VkeU (A.28)

pi=1VkeU (A.29)

pk= > divkeuviem (A.30)

JEN,i#j
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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 rl.k. Variable bound on
rl.k is given in Eq. . 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. 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. (A.33).

0<rk<|N|VkeUVieN (A.31)

rh=1VkeU (A.32)

=1+ ) afvkeU (A.33)
(if)eA

We set the degrees of switches which are not relaying the data of user-k by
using Eq. which states that if switch-i is not a relay for user-k’s data
(i.e., pf.‘ = 0) then rl.k = 0, however, if switch-i is a relay for user-k’s data (i.e.,
pf =1) then r{‘ < |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., a}‘i = 1) otherwise

aj?i =0. Eq. 1) and |D jointly result in rl.k = rjl.‘+aj?i for a;.‘l. =1 (i.e., both

k < ko ok ks ko ok k —
re Sri+dand rf 2 rp +ag; are true). If aj; = 0 then Eq. (]A.35[) and (IA.36[)

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. (A.35) and (A.36).

rF <INlp* VkeU VieM (A.34)
ré =l +dy +|N|(ay; - 1) VkeUVjeNVieN - (A.35)
rE<rf+al, +INI(1-df)VkeUVjeNVieN - (A.36)

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 differ-

ences allocated to different users is a commonly adopted objective for achieving
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fairness [36]. For example in [37], 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 differences of rates allocated to
different users also serves in achieving fairness [38]. Furthermore, by employing
such a metric we can keep our model as a linear model. For this purpose, we
introduce variables d; (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. .
Note that —Cp,x < d;i < Cyx as stated in Eq. which is a direct result of
variable bound on s; in Eq. .

1
iZSi—U—ZSkViGUP (A37)
\Upl S,
—Cpx <d; <Cpx Yie U (A.38)
Since we need to find the absolute values of d;’s (i.e., ¢; = |d;|) which is

achieved by utilizing Eq. 7. We utilize binary variables b; given
in Eq. for obtaining the absolute values of d;’s. The variable bound on
e;’s are given in Eq. . When d; is positive, Eq. (A.41)) and (A.44) always
hold, however, for Eq. to hold binary indicator variable b; must be set to
zero, hence, the effective constraints are Eq. and in this case (i.e.,
d; < e; and d; > ¢;) which results in d; = ¢;. When d; is negative, for Eq.
to hold, b; = 1 which makes Eq. and the effective constraints (i.e.,

—d; < e¢; and —d; > ¢;) resulting in —d; = ;.

bje{0,1} VieU (A.39)

0<e <Cux VieU (A.40)

di +2X Cpx X b; > e; Vi € Up (A.41)

—di +2X Cpx X (1 —b;) > ¢; Vi€ Up (A.42)
d; < e; YieUp (A.43)

~d; < ¢; Vi € Up (A.44)
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