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OZET

YAZILIM TANIMLI AG (YTA) TEKNOLOJiISINDEN
YARARLANAN SAND MiMARISI

SHOKRI KALAN, Reza

Doktora Tezi, Uluslararasi Bilgisayar Anabilim Dali
Tez Danismani: Dog. Dr. Miige SAYIT
Ocak 2020, 143 sayfa

Uyarlanabilir video akiglandirma teknolojisi, ag durumunu goz oniinde bu-
lundurarak elde edilen kalitede akis saglamay1 amacglayan bir teknolojidir. DASH
istemcileri, ag kosullar1 hakkinda daha az bilgiye sahip olduklar i¢in diisiik kalite
ve adaletsiz deneyim kalitesiyle karsilagabilirler. Agin ve kullanilabilir kaynaklarin
durumuyla ayrintili bilgi saglamak, daha iyi adaptasyon ve sonugta daha iyi bir
deneyim kalitesinin elde edilmesiyle sonug¢lanabilir. Ancak, birlestirilmis altyapiya
dayanan geleneksel ag mimarisi, ag saglayicilarinin ve ag uygulamas: gelistirici-
lerinin kendi yaklasimlarini uygulamalarina kolayca izin vermemektedir. Yazilim
Taniml1 Aglar (SDN), veri ve kontrol diizlemlerini birbirinden ayristirarak aga daha
fazla esneklik ve programlanabilirlik saglar. Bu tez, Sunucu ve Ag Yardimli DASH
(SAND) ve SDN teknolojisini kullanarak daha iyi adaptasyon yapilmasini sagla-
mak amaciyla istemcilere ekstra bilgi saglamak i¢in yeni mimari ve algoritmalar
sunmaktadir. Tezin katkilar1 su sekilde listelenebilir, 1) Deneyim Kalitesi (QoE)
parametrelerini iyilestirmek i¢in SDN teknolojisi yardimiyla video kodekleri ve ag
yollarinin 6zelliklerini dikkate alarak katmanli video akislarin1 yoneten bir mimari
sunulmustur. i1) SDN tabanli bir mimari ve SAND uyumlu DASH istemcisi gelistir-
ilmistir. Onerilen mimari, DASH istemcilerinin performansini arttirmaya ve ag kay-
naklarinin istemciler arasinda adil paylastirilmasina yardimer olmaktadir. iii) Ag
Islevi Sanallastirma (NFV) ve SDN yardimiyla SAND mimarisinde sanal énbellek
kavrami sunulmustur ve dnbellegi en uygun lokasyona sanal olarak ilklendirmek
veya tasimak i¢in algoritmalar gelistirilmistir. Ayrica, Onbellegi tasima sirasinda
karsilasilan “TCP hand-off” gecikme sorunu i¢in ¢oziim saglanmigstir. Mevcut ¢alis-
malar ile karsilastirildiginda bu ¢alismada ag kaynaklarinin adil ve verimli kullanil-

mast saglanarak QoE metriklerinde daha 1yi sonuglar elde edildigi goriilmiistiir.

Anahtar sozciikler: deneyim kalitesi, yazilim tanimli ag, ag islevi sanal-
lagtirma, uyarlanabilir video akislandirma, DASH, DANE, SAND
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ABSTRACT

SERVER AND NETWORK ASSISTED DASH (SAND)
ARCHITECTURE UTILIZING SDN TECHNOLOGY

SHOKRI KALAN, Reza

PhD in International Computer
Supervisor: Assoc. Prof. Dr. Miige SAYIT
January 2020, 143 pages

Adaptive streaming is a technology aims to provide quality achieved stream-
ing considering network conditions. DASH clients may experience low quality and
unfairness because the client-driven approach has less intelligence about network
conditions.Providing a global view of the network and available resources could re-
sult in better adaptation and consequently can improve the client’s QoE. However,
legacy network architecture based on the tightly coupled infrastructure does not al-
low network providers and network application developers to implement their own
approaches. Software Defined Networks (SDN) brakes vertical integration network
architecture into a logical central programmable model and gives more flexibility in

network design and simplicity in network management and configuration.

This thesis is a collection of new frameworks and algorithms to provide extra
information to the clients for better adaptation by leveraging Server and Network
Assisted DASH (SAND) utilizing SDN technology. The contributions can be listed
as, 1) we present an architecture for managing flows of layered video to improve the
QoE parameters with considering the characteristics of codecs and network paths by
utilizing SDN. 11) We develop an SDN-based architecture and SAND-aware DASH
client. Proposed architecture helps to improve the performance of DASH clients
as well as providing fair sharing of the network resources among the clients. iii)
We introduce virtual cache concept with NFV-SDN assisted SAND architecture and
provide algorithms to virtually deploy or migrate cache. Also, we addressed the TCP
hand-off issues during cache migration. Compared with stat-of-the-art approaches,
simulation results show that proposed solutions achieve better results in terms of

experienced quality, fairness, and utilizing network resources.

Keywords: quality of experience, software defined networks, network func-
tion virtualization, adaptive video streaming, DASH, DANE, SAND
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ONSOZ

Akilli cihazlarin artan popiilaritesi ile her giin daha fazla kisi internete
baglanmaktadir. Beklentiler, kiiresel niifusun % 60’1nin 2022’ye kadar Internet
kullanicist olacagini ve video trafiginin tiim IP trafiginin % 82’sini olusturacagini
gostermektedir. Ne yazik ki, internet hiz1 yavas oldugu zaman, video istemcileri
kesikli video izleme yada daha diisiik kalitede video izleme deneyimi yasar ancak,
bu durum genelde olumlu karsilanmaz. Bu sorunu ¢ézmek icin, video servis
saglayicilart ayni videonun ¢oklu kopyasini olusturur. Her kopyanin farkli bit hiz1
vardir. Boylece istemciler otomatik olarak farkli internet baglanti hizinda uygun
kaliteyi secip sorunsuz bir video akisi saglamaya calisirlar. Bu teknige uyarlamali

akis ad1 verilir.

Literatiirde 6nerilen istemci tabanli ve sunucu tabanli uyarlamal1 akiglandirma
¢oziimleri daha verimli hale getirilebilir. Ag durumu hakkinda uygulama katmanina
giincel bilgi saglamak, istemcilerin kaliteyi daha iyi adapte edebilmesine ve daha
yiiksek bit hizina sahip video goriintiilemesine yardimeci olabilir. Bu amagla,
bu tezde NFV-SDN (Ag Islevi sanallastirma Sanallastirma- Yazilim Tanimh
Ag) teknolojilerinin avantajlar1 SAND mimarisi ile birlestirilmistir. Boyle bir
kombinasyon, ag elemanlar1 arasinda mesaj iletimine imkan tanir ve uygun
video sunucusu ve uygun video bit hizi segmek icin istemciye daha fazla bilgi
saglar. Simiilasyon sonuglari, tez kapsaminda Onerilen mimari ve gelistirilen
algoritmalarin, temel ve benzer c¢alismalarla karsilastirildiginda daha iyi video

izleme performansi sagladigini gostermektedir.

[ZMIR

10.01.2020 Reza SHOKRI KALAN
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1. INTRODUCTION

Content delivery over the Internet in the form of streaming is a technology
used to allows players to display video or listen to audio almost immediately be-
fore the entire file is completely downloaded. A relatively fast Internet connec-
tion is required in order to provide high enough quality streaming services without
re-buffering to the recipients. Adaptive streaming is a technology aims to provide
quality achieved streaming with considering network condition. At the high-level
abstraction, in the adaptive streaming different copy of the same video replicated
with different qualities for distribution to the players, which can adaptively turn
to a suitable quality. Such a behavior changes stream with the target of the opti-
mizing display experience. Regarding the big effect of the adaptive technology in
streaming, heterogeneous natures of network technologies and implementation are
the other concerns. In the case of network performance, a traditional implementation
based on the tightly coupled infrastructure does not make sense anymore. Software

Defined Networks (SDN) as a new architecture developed to address this problem.

Streaming technologies need fast network connections, slow or interrupted
network connections can cause problems. The most common form of the streaming
problem is related to available network bandwidth. In lack of enough bandwidth
media players experience re-buffering. Commercial adaptive streaming technolo-
gies include HTTP Live Streaming (HLS), Microsoft Smooth Streaming (MSS), and
Dynamic Adaptive Streaming over HITP (DASH) tries to fill players buffer’s with
appropriate content-in the from of bitrate- they need next. Bitrate that indicates the
amount of data encoded per second is affected by network and player conditions
which are changed in a timely fashion. Although all streaming technologies follow
the same principle, play the stream with high enough quality without unacceptable

re-buffering time, MPEG-DASH is the only international standardized solution.

Same as all streaming technologies, the basic idea behind MPEG-DASH 1is
generating multiple copies of the same content with different bitrates or represen-
tations. Each representation divided into small same-size partitions (e.g., two, four
or six seconds) which known as segment or chunk. All the segments are stored
on a media web server and can easily be downloaded via a GE'T request. Besides,
manifest file contains media structure and describe all related information about rep-
resentations as well as Uniform Resource Locations (URL). Displaying starts with
requesting and downloading the manifest file. As a consequence, the player requests
the next segment based on manifest information, network available bandwidth, and

local resources such as C'PU utilization and buffer fullness. It is worth emphasiz-



ing that for each segment, adaptation to specific representation is done on the player
side. Also, small segment size results in fast quality switching. The advantages pro-
vided by adaptive streaming technologies give more flexibility to players in order
to achieve better Quality of Experience (QoE). However, adaptive streaming suffes

performance issues while laying over on the traditional network platform.

Despite the impact of improving video streaming technologies, the perfor-
mance of streaming applications also depends on underlying network conditions.
The popularity of the Transmission Control Protocol (TCP), which is working in the
transport layer has big impacts on overall network performance. Transmission rate
heavily depends on TCP functions which influenced by the network and sender/re-
ceiver contentions. The potential of the large scale network such as Internet declines
due to network overload. Transmitting high rate data to the receiver results in packet
drops in (i) intermediate network devices due to the network congestion or (ii) re-
ceiver side because of the buffer fullness. In the case of network overload or buffer
overflow, a congestion mechanism is used to reduce the transmission rate. There-
fore, the majority of the TCP functions are adapting to the network and receiver
condition. Furthermore, the architecture and design of the TCP protocol mainly

influenced by end-to-end arguments or middleboxes.

Network configuration is the other concern that should be addressed. The het-
erogeneous nature of the technologies, infrastructures, and applications have made
the management of such a system a complex task. While network condition is more
ad hoc, it is hard to configure the network based on predicted policy. In addition, any
changes in policy, or fault needs network devices reconfiguration. Current state-of-
the-art network configuration is more time costly. Vertical integration in the current
IP network enforcing automatic configuration and preventing innovation accelera-
tion (e.g., moving to IPv6) in network infrastructure (Kreutz et al., 2014). As an
example, due to the stationary of the current IP network, it takes more than five years
to be fully designed, evaluated and deployed new routing algorithms. (Kreutz et al.,
2014). Finally, a clean-state approach to completely redesign the current network is

more costly and impossible in practice.

Network Function Virtualization (NFV) and SDN come to address the limita-
tion of the current network infrastructure by separation of network functions. The
NFV/SDN is an abstraction of the network virtualization which solves more net-
working challenges without touching the underlying infrastructures. SDN brakes
vertical integration network architecture into a logical central programmable model

by separating control logic (control plane) from the underlying network infrastruc-



ture (forwarding plane). The key consequence of this separation is more flexibility
in network design and simplicity in network configuration and management while it
is easy and possible to create, introduce and trace new abstraction. It is important to
understand that logically centralized programmable architecture does not certainly
need a physically centralized system (Koponen et al., 2010). However, even with
the leveraging SDN technology, traditional networks based on TCP protocols have

less intelligence about network requirements.

Doubtless, DASH client-pull technology is more flexible, firewall-friendly
and CDN-scalable than server-push technologies. But, the client-driven nature of
DASH also has some drawbacks. While service providers may not necessarily
have control over the client’s behavior, they may not be able to guarantee the pre-
mium quality of service with DASH (Cetinkaya et al., 2015). In order to enhance
the delivery of DASH content, Server and Network-Assisted DASH (SAND) creates
communications between different network elements (DASH-IF, 2017) (Jmal et al.,
2017). SAND is an asynchronous network-to-client and network-to-network com-
munication. With the aim of improving the efficiency of streaming, SAND exchange
quality-related assisting information about real-time operational characteristics of
networks. Such a solution tries to avoid delay or interfere with the delivery of the
streaming media content. MPEG-SAND introduces a basic element to facilitate the
envisaged network assistance functionality (DASH-IF, 2017). So, DASH clients

can better adapt to network conditions and avoid interruptions during playback.

1.1 General Contribution of this Study

The main contribution of this study aims to improve the quality of streaming in
the SDN networks by taking advantage of SAND technology into account. As a con-
sequence, leveraging SDN technology with assisted SAND architecture allows us to
observe the current network traffic and develop a flexible routing algorithm specific

to the requirements of network applications. This thesis includes four contributions.

* The first contribution is to propose an optimization algorithm for a layer-based
adaptive video streaming. We present fair network bandwidth allocation as an
effective tool to improve QQoE parameters with considering codec, path, and
quality selection by utilizing SDN. The goal is to minimize interrupt during
displays, switch-over between quality layers and maximize average received
bitrate.

* The second contribution relies on leveraging SAND technology in adaptive



streaming. We proposed an SDN-based architecture and a SAND-aware DASH
client that improves the viewer experience. The simulation results show that
this architecture can help improve the performance of DASH clients as well
as provide fair sharing of the network resources among the clients. The results
also show that the proposed architecture can adapt to changing network and

server conditions with the help of SDN.

* The third contribution is to propose a dynamic virtual cache (VDANE or vCache)
placement algorithm. It uses a PressureCache algorithm in order to allo-
cate the first vC'ache or vDANE in a suitable location in SDN networks. We
show that the dynamic nature of the Initial PressureCache results to bet-
ter vC'ache placement in the network where traffic pattern changes rapidly.
Simulation results show that the proposed algorithm minimizes network cost

in terms of bandwidth usage.

* The last contribution is to extend Initial PressureCache algorithm for in-
stalling additional vC'ache. In lack of enough bandwidth, client experience
re-buffering or low-quality video. The proposed PressureCache algorithm
overcomes this problem by installing an additional vC'ache in a location that

minimizes network resource consumption and maximizes client’s QoFE.

1.2 QOutline of the Thesis

In Section 2, we provide fundamental information about adaptive streaming
technologies as well as new network architectures rely on virtualization technology
include NF'V and SDN. We give a formal definition of the streaming and related

challenges as well as making an overall survey on them.

In Section 3, we present an novel algorithm for optimal codec and path selec-
tion. We introduce the problems and dealt with: video coding, path selection, and
routing algorithms. We conclude the chapter by presenting the general model for

our algorithms.

In Section 4, we focus on the virtual cache placement and migration in the
case of needs. By providing an algorithm with considering resource distance and
available network bandwidth. The proposed algorithm has a dynamic nature and
leverages DASH-SAND advantage in order to another cache witch newly installed

in new location.



In Section 5, we propose an algorithm to achieve better QQoF. The proposed
algorithm, controller assists players to adapt suitable bitrate and enforce them to
avoid greedy behaviors. Although, in the proposed system players have the freedom
to request with the highest bitrate, in lack of enough bandwidth controller enforce

them to not exceed specific bitrate.

In Section 6, we conclude our thesis and address published papers and future

works.



2. BACKGROUND AND RELATED WORKS

In this section, we have a quick but accurate overview of streaming technolo-
gies, SAND, SDN, and NFV concept and standards. We introduce the problem, def-
inition of video streaming and related technologies, and limitations in legacy net-
works. Finally, we provide a literature review in general form. Also, we discussed

related works with more details in each chapter.

2.1 Problem

Streaming content either live or on-demand utilize the main part of IP net-
work traffic. Unlike on-demand streaming, in live streaming content delivered to
players in real-time as it happens. Providing low latency streaming contents to the
end-user through heterogeneous networks which traffic pattern changes rapidly is a
big challenge. Network resources and the mainly available bandwidth is the most
critical point in streaming delivery. As shown in Figure. 2.1, lack of available band-
width can affects playback. As a result, players experience poor quality or freezing

streaming. A different class of solutions has been discussed to address this problem.

Despite the importance of adaptive streaming contributions, we believe that
the overall performance, especially in video services, cannot be only based on user
perception. The network architecture, request distribution and variation amount of
the cross-traffic also have a big impact on client experience. While network con-
dition and traffic pattern continually change utilizing the advantage of SDN tech-
nology give more intelligence to DASH clients to better adaption which results in
better performance in them of Quality of Service (QoS) and QQoFE. While QoS is
more pertinent with network engineering and traffic management, QoF is the exact

video quality experienced by the client during display time.

2.2 Scalable Video Coding

Nowadays, the Internet and mobile networks are becoming a primary content
distribution mechanisms. Video coding is used in different applications ranging from
social media, video conferencing, wireless and Internet video streaming, to standard
and high-definition TV broadcasting. While video content is delivered to a variety
of decoding devices with different computational powers and heterogeneous display,
flexible adaptation to desirable content is the key factor for achieving better quality
under restricted network resources and conditions. Conventional single layer video

streaming in a unicast manner does not make sense anymore. Scalable Video Coding
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Figure 2.1. Video streaming and bottleneck link

(SVC) which has benefit from H.264/MPEG4-AVC standard, is a technology that
encodes content in dependency layered format. In the context of quality, scalability
indicates that a video decoder can retrievers video sequences without receiving all
quality layers (Ji et al., 2011). In the SV C technology, several sub-streams with
different qualities are transferring in one stream. As a rule, these streams are basic

and enhancement ones.

While the first layer provides the base quality, enhanced layers increase the
quality of display by adding extra data concerning improve bitrate. In other words,
SV C introduces a way to transfer subsequent of the stream inside a single stream.
Layer dependency forces players to receive layers (sub streams) in the orderly fash-
ion. While weaker players which have the lowest bandwidth request and display
base layer, a player with high enough bandwidth can experience better quality bay
requesting base layer and a few enhanced layers. For example, in order to display
video with layer two quality player should request base and first layers. This unique
encoding scheme enables the quality of video segments to change incrementally and
result in more flexibility and better adaptability in high dynamic networks (Elgabli
et al., 2018). Overview and technical features of the SV (' streaming can be found
in (Schwarz et al., 2006).



2.3 Adaptive Streaming Technology

Toward effective streaming, shifting from traditional streaming technology
(e.g., RTSP, RTMP) and backing to HTTP-based adaptive streaming was inevitable.
Traditional UDP-based media delivery solutions have difficulty passing through
firewalls and routers, but HTTP-based streaming has no such problems. Further-
more, leveraging HTTP-based web servers can address network scalability and en-
able providing better streaming service to edge clients with the benefit of caching
content at the edge points. Adaptive streaming is a way to provides video streaming
in a quality fashion. Adaptive means that players on the client’s side automatically
decide for adapting to the next segment of the video based on the observed through-
put values and/or buffer occupancy. Three main streaming technology components
are (1) Server which provides live or on-demand streaming and have a responsibility
to offers feature like Digital Rights Management (DRM), (i7) player on the client’s
side to playback the media, and (i) specific file formats. The key point is, all the
streaming solutions leverage the advantage of compression technology known as

encoding in order to maximize bandwidth utilization and retrieval in real-time.

Figure. 2.2, shows the concept of the adaptive streaming technology where
video content should be transferred from source to multiple destinations with a dif-
ferent type of qualities and formats. Minimum latency between glass-to-glass is the
key concern. After capturing and transferring source files to media servers, media
contents should be encoded in different alternative bitrate or resolution in order to
better adaptation. Transcoding (compressing and encoding) creates multiple files
from a single source file. Each encoded bitrate is known as representation and has
its own U RL address over HT'T P server that accessible by the client via HT'T'P
get request. Encoding more representations of the same content resulting in better
adaptation, but it needs more processing time which increases to on the fly packag-
ing cost. Encoded video is segmented into small size chunks, almost 2-10 seconds in
length. Small size chunk help to fast adaption. Prepared video content is distributed

into world geographic via Content Delivery networks (CDN).

Adaptive streaming and on top of them DASH are a performance management
technique that offers lots of potential for Over-the-Top (OTT) media service toward
streaming multimedia over the Internet. Bitrate flexibility of the adaptive stream-
ing minimizes distribution costs. Thanks to adaptive streaming can deliver suitable
quality streams to end users even with lacking in the connection speed and process-
ing power. This advantage helps C DN and OT'T companies, optimize delivery

costs.
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Figure 2.2. Video coding and adaptive video streaming

Adaptive streaming relies on the Internet which is an incredibly complex com-
bination of heterogeneous networks and dynamic conditions. This complexity makes
harder delivering video on the Internet. Unlike Real Time Messaging Protocol (RTMP)
packet which has difficulty passing through the firewall, H7'T" P base adaptive stream-
ing protocols have firewall-friendly nature and can easily leverage available net-
works HT'T P servers and caching. Hence, H1T P streaming has become a more
popular solution in commercial deployments. It is worth emphasizing that, in terms

of quality, the adaption feature does not deliver consistent quality.

2.3.1 HTTP Live Streaming

HLS introduced in 2009 in order to provide reliable and cost-effective video
delivery over the Internet. A multimedia presentation is determined by a Uniform
Resource Identifier (URI) to a playlist. A media playlist contains a list of video
segments, while played sequentially, will display the video. An example of a media
playlist is shown in Figure. 2.3. The first line refers to the format tag #£ XT'M 3U.
While there is only one media format for audio, in the variant stream, we see three
video segments format each encoded with different bitrates (e.g., 350, 700, and 1000
kbps) and particular resolution, but with the same audio quality (96 kbps). A player
on the client-side download this list and then requests and play video segment by
segment while adapting to network conditions. Also, the variant stream may con-
tain a list of renditions. In the context of video streaming, rendition refers to an
alternative copy of the same content with different properties. For example, content

such as video recorded with different camera angles or different audio languages.
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1 #EXTM3U
2 HEXT-X-VERSION: 4
## Created with Unified Streaming Platform(version=1.9.5)

# AUDIO groups
6 HEXT-X-MEDIA:TYPE=AUDIO,GROUP-ID="audio-aacl-96",NAME="audio-TUR", LANGUAGE="TUR" , AUTOSELECT=YES, DEFAULT=YES , CHANNELS="2"

8  # variants
#EXT-X- STREAM-INF : BANDWIDTH=521000 , AVERAGE -BANDWIDTH=473008, CODECS="mpda.4@.2, avcl.4D401E" , RESOLUTION=640x360, FRAME-RATE=25, AUDIO="audio-aacl-36",CLOSED - CAPTIONS=NONE
18 ch360-audio-TUR=96000 - video=350000 . m3us
11 #EXT-X-STREAM-INF:BANDWIDTH=929000 , AVERAGE-BANDWIDTH=844000, CODECS="mpda.4@.2, avcl.4D4B1E" ,RESOLUTION=768x432, FRAME-RATE=25, AUDIO="audio-aac1-36" ,CLOSED- CAPTIONS=NONE
12 <h369-audio-TUR=96000-video=700000.m3u8
13 #EXT-X-STREAM-INF:BANDWIDTH=1278000, AVERAGE-BANDWIDTH=1162000, CODECS="mpda.40.2, avcl.64801F ", RESOLUTION=1280x72@, FRAME -RATE=25, AUDIO="audio-aacl-96" ,CLOSED-CAPTIONS=NONE
14 ch360-audio-TUR=96000-video=1000000.m3u8

16 # keyframes
17 HEXT-X-I-FRAME-STREAM-INF:BANDWIDTH-52000,CODECS-"avcl, 4D4@1E" ,RESOLUTION-640x36@, URI-"keyframes/ch360-video-350000. m3us"

18 HEXT-X-I-FRAME-STREAM-INF :BANDWIDTH=183000,CODECS="avcl.4DAQ1E ", RESOLUTION=768x432, URI="keyframes/ch366-video=760060 .m3us"
19 HEXT-X-I-FRAME-STREAM-INF:BANDWIDTH-146000,CODECS="avcl.64001F ", RESOLUTION=1280x720, URI-"keyframes/ch360-video-1006000 . m3us"

Figure 2.3. An example of the HLS playlist indicate media specification includes audio and video
formats and bitrates

2.3.2 Dynamic Adaptive Streaming over HTTP

MPEG-DASH is a standardized low latency HTTP-based streaming method.
DASH is codec agnostic and can supports H.264, HEVC/H.265, VP9, video codecs.
DASH streaming content which is stored on HTTP server consists of media content
in the form of small fixed-length segments, and Media Presentation Description
(MPD) file explains a manifest of the available content, various representations,
fixed or variable duration of segments, and URL addresses. Players start streaming
by requesting MPD file and measure download time. By parsing received MPD
file, players learn about characteristics of the media such as URL location of con-
tent, DRM and available representations as well as network available bandwidth.
Based on achieved information client request a suitable alternative of the first seg-
ment with triggering H1TT'P GET request. In order to fast startup, almost clients
request a few segments with the lowest representation that have minimum bitrate
until appropriate buffering. After that, clients continue fetching the next segments
by running an adaptation algorithm with considering network bandwidth fluctuation
and buffer occupancy. With respect to better understand the concept of DASH-as

adaptive streaming-, we have some terminology.

* Video Model: Inthe DASH streaming, the video file is segmented into NV equal
size partitions known as segments(or chunks) and indexed as 1, 2, ..., N such
that each segment represent P seconds of video. Each segment encoded in
different bitrate called representation. Representations which encoded with
higher bitrate provide better display quality, but consume more bandwidth
while they have bigger size in bits. A media file that includes segments with

different encoded bitrate and resolution, is stored in H71T'T' P media server.

* Video Player: The player downloads successive segments of the video from
the media server and playback them after downloading is complete. In each

adaptation, the player only requests one segment from the media server. Also,
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Figure 2.4. Conceptual model for DASH adaption algorithms.

the player has a limited buffer size (e.g., 24 seconds) to store downloaded

video segments before playback.

* Adaptation Algorithm: Adaptation algorithms can be classified into three
main classes; client-based adaptation, server-based adaptation, and network-
assisted adaptation. Each adaptation category also can be divided into mul-
tiple adaptation algorithms. For example, client-based adaptation algorithms
can be separated into two methods: Throughput Base Adaption (TBA), and
Buffer Based Adaption (BBA). Besides the TBA and BBA algorithms, hybrid
models also have been proposed. While the TBA algorithm estimates network
bandwidth in order to adapt to successive suitable representation, the BBA
considers only buffer occupancy. Figure. 2.4 illustrate conceptual model of
DASH adaption algorithms.

» Switch-over: In the context of adaptive streaming, the term switch — over
refers to moving among different representations (quality layers). The QoFE
determined by both video quality which measured by bitrate value, and play-
back characteristics such as re-buffering and switch-over. Therefore, DASH
streaming needs a tread-off between enhancing display quality and reducing

video re-buffering as well as quantitative of switch-over.

2.4 Server And Network-Assisted DASH

It has proven that DASH client-pull technology is more flexible, firewall-
friendly and CDN-scalable than server-push technologies. However, the distributed
and client-driven nature of DASH also causes some challenges. For instance, ser-

vice providers may not be able to guarantee the premium quality of service with
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DASH (Thomas et al., 2016). Because, decentralized natures of the distributed
clients, eliminate control over the client’s behavior. To overcome this challenges
M PEG introduced DASH Assisting Network Elements (DANE) in new SAND ar-
chitecture. As a key feature of SAND architecture, enhancing DASH content deliv-
ery and improving the efficiency of streaming is achievable by enabling communica-
tion between different elements and exchange quality-related assisting information
about real-time operational characteristics of networks. SAND offers asynchronous
network-to-client and network-to-network communication (Thomas et al., 2016).
Such a solution try to avoid delay or interfere with the delivery of the streaming
media content. In the concept of SAND architecture four class of network elements

are defined:

* DASH client: DASH client with SAND features, i.e. which can interpret

SAND comments and act accordingly.
* DASH metric server: responsible for gathering DASH metrics from clients

* DANFE: DANEs are network elements with minimum intelligence about
DASH. For instance, the DASH server.

* Regular Network Elements: Although regular network elements (RNE) are
presented in DASH infrastructure, they have not information about DASH for-

mat and characteristics.

The relation between SAND elements and message passing show in Figure.
2.5. Typically, SAND messages are delivered in Extensible Markup Language (XML)
format using HTTP protocol. PER (Parameters for Enhancing Reception) and PED
(Parameters for Enhancing Delivery) messages are sent by the DANEs to the clients
and other DANESs, respectively, and they are used for providing information about
the network to the clients or making content or infrastructure arrangements in DANEs
for enhancing delivery. Status and metrics messages are sent by the clients to DANES,
which carries information about the current status of clients’ internal parameters
consisting of buffer level, requested quality and expected bandwidth for delivery (DASH-
IF, 2017). On the other hand, DANESs trigger DASH clients to better adaption by
sending information about cached segments, alternative segment availability, tim-
ing for delivery, network throughput, and QoS via PER messages (Kalan et al.,
2019) (DASH-IF, 2017).
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Message Types Description

Parameters Enhancing Delivery (PED)  Exchanged between DANEs
Parameters Enhancing Reception (PER)  Sent from DANEs to DASH clients
Statues messages Sent from DASH clients to metrics server

Table 2.1. SAND architecture and message types.

—>» Media

DANE (Third-Party Server) — PER Messages
—P Metrics and Status Messages

—» PED Messages

DANE (Media Origin) DANE Regular DASH Client
Network Element

DANE: DASH-assisting network element
PER: Parameters for enhancing reception
PED: Parameters for enhancing delivery

Figure 2.5. SAND architecture and message passing (Thomas et al., 2016)

2.5 Software Defined Networking

Besides video streaming technologies, the performance of these applications
is also strictly coherent on underlying network conditions. Providing better network
capacity helps to increase the quality of video sent to the clients. Therefore, SDN
(Nunes et al., 2014), (Sezer et al., 2013), (Kim and Feamster, 2013) technology
can be a good alternative for network operators offering services to video streaming
providers. SDN is a new form of networking technology that transforms hardware
and device-centric network architecture into a flexible, virtual, and programmable

network in order to improve agility and provides fast innovation.

Conventional network architecture which is relied on the vertical design where
data and control planes are bundled together makes network modification hard and
complex task. Creating and introducing a new abstraction of networking with re-
spect to simplifying management is conceivable by breaking the network control
problems into traceable pieces (Kreutz et al., 2014). SDN architecture with sep-
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arating control and data plans overcome this complexity and gives more agility to
network functions. SDN is a preferred solution for high demand resources and un-
predictable network traffic pattern was created in response to future networks de-
mand. In a lack of SDN centralized control and management nature, current IP

network operators need to configure each device individually.

Leveraging SDN allows centrally observing the current network traffic and
developing a flexible routing algorithm specific to the requirements of applications
running on top of the network. Network operators develop and implement an application-
specific routing strategy by putting the network intelligence to the control plane.
The control layer, monitors and manages the behavior of the network infrastructure
and application through the Southbound Interface (SBI) and Northbound Interface
(NBI). The control layer periodically communicates with network infrastructures to
monitors and collects network status. In the context of segregation data and con-
trol planes well defined Application Programming Interface (API) can be leveraged
between the SDN controller and underlay switches.

Technically, controller as network brain or Network Operating System (NOS)
translates and forward application’s provided functionality into infrastructure for-
warding devices via Open Flow-based well defined instruction set. Such a paradigm
gives more agility to packet forwarding devices. By reducing control overhead from
forwarding devices, data plane elements become highly efficient and programmable,
but dumb packet forwarding devices. In addition to the central management capa-
bility and flexibility in routing of flows, SDN Controller also obtains flow statistics

in its domain, such as throughput and packet loss.

The Open Flow protocol (McKeown et al., 2008), is the most popular commu-
nication protocol for transferring messages between the switches and the controller
through the SB1. Also, N B1I refers to the software interfaces between the controller
and the application services that are run by collaborating with network operators. It
is worth underscoring that logically centralized programmable model needs to guar-
antee an adequate level of performance, reliability and scalability (Koponen et al.,
2010). While a single controller is enough for medium-size networks, it can be eas-
ily scalable via the west and the east API in enterprise networks. Furthermore,
a two-tire SDN Controller hierarchy can be considered (Ali-Ahmad et al., 2013).
while local controllers have fast responsibility, in top-level global controllers deals
with a global decision. In the case of concerns with SDN scalability, resiliency to
failures and convergence time after a failure a deep overview and technical details
can be found in (Yeganeh et al., 2013).
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In the context of security, SDN offers two classes of solutions: First class of
solution involves using SDN in order to improve network security. OpenFlow en-
abled devices at the entry point to the network make it possible to collect incoming
information to the network which is useful in detection Distributed Denial of Ser-
vice (DDoS) flooding attaches (Braga et al., 2010). Further, active security (Hand
etal., 2013) provides a centralized programmable interface in order to: (i) gathering
data from multiple resources, (ii) convergence collected data in security applicable
format, (iii) reaction to block the attaches or decrees influence of attaches. The sec-
ond class or solution relies on identifying critical security threats of SDN itself such
as classification and prioritized application with considering that high priority rules
generated by security application will not be affected by low priority applications
(Porras et al., 2012).

2.5.1 Details of the SDN Architecture

In this section, we present, the most significant architecture view of the SDN
technology. Technically, three main parts of the computer networks include: (i) At
the top of architecture, management plane which includes software application and
management tools or protocols, handle network policy. (ii) A central part is a control
plane that interacted with underlay forwarding devices. (ii1) Forwarding device exe-
cutes routing information and travels data packet through network links. The control
plane enforces network policy defined in the management plane into forwarding de-
vices and fills forwarding tables with update related information. At first glance,
tightly coupling control and data plans result in network resiliency, unfortunately,
such a relatively static architecture reduces network flexibility and eliminate easier

innovation.

In the context of SDN architecture, decoupling the control and data plans alle-
viate network complexity and make centrally control underlay devices (as a single
big switch), feasible. The main concept of the SDN architecture relay on modifying
heterogeneous forwarding devices to support data plane programmability via open
and standard interfaces (e.g, OpenFlow) which are effortful in the legacy network
because of the distributed nature of the control plane. As shown in the Figure. 2.6,

top-down deceleration (or statement) of the SDN architecture includes five layers:

1. Management plane: This layer contains a list of the application using for
traffic management (e,g. routing algorithm and load balancing), security (e.g,

intrusions detection system) and network control protocol (e.g, SNMP). All
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Figure 2.6. Illustration of the SDN architecture and flow table fields.

applications can leverage almost the same network information in order to
policy management and effective decision making. Application’s policies ul-

timately running by forwarding devices.

2. Northbound Interface: The northbound interface allows communication among
the higher-level components such as application and NO.S, known as the SDN
Controller, via RESTs APIs. Typical, the purpose is to abstract the inner-

workings of the network and convenience application developers.

3. Network Operation System: The NOS or controller as a core of the SDN,
loads forwarding device’s tables with application policies. Network basic
functions (e.g, link manager, path manager, flow manager) facilitate con-
troller in order to collect network metrics and statistics. Such abstraction of

the network information alleviates management applications programming.

4. Southbound Interface: Southbound AP1Is hide details of the individual net-
work devices and facilitate efficient control over the network. This character-
istic enables the controller as well as application to dynamically make changes

according to real-time demands without struggle with low-level configuration.

5. Data Plane: Also known as forwarding plane, embrace programmable physi-
cal equipment, such as Open F'low switches, which have less intelligent about
the network. Forwarding devices contain one or more forwarding tables and
well-defined instruction set (e.g, flow rules) (Kreutz et al., 2015) used to take

action on the incoming packet (e.g, forward, drop, and modify).



17

The main concept of the SDN architecture relies essentially on modifying for-
warding devices to support flow tables. Compared with legacy networks in which
infrastructure devices have autonomous decision making, equipment in the SDN just
acts as simple forwarding devices. In other word, the absence of control in network
equipment is the main difference between SDN and legacy networking. This new

architecture is built on virtualization and standard interface such as OpenFlow.

Control plane fills OpenFlow enabled data plane devices table. Data plane
devices are responsible for packets forwarding based on matching rule, and peri-
odically sending link’s statistic to the controller. Flow tables -Inside OpenF'low
devices- define how the packet should be handled. If there is no defined rule for
arriving packet, depend on configuration, the packet will either discarded or sent to

the controller.

In summary, lack of the tightly coupled and integrated control in SDN equip-
ment is the main difference between the SDN and traditional networks. In the tradi-
tional network, forwarding devices have an autonomous decision, however, in the

SDN network act just as a simple forwarding element.

2.5.2 Why SDN?

Demand for new network architecture is undeniable, while traditional network
based on the TC'P/I P protocol is not efficient anymore. However, designing a
new network protocol and architecture is more costly and in practice it is impos-
sible. To address this problem we need network transforming. NFV (Mijumbi
et al., 2016a) (Mijumbi et al., 2016b) is expected to allow the network provider to
benefit of virtualization on the management of network functions by decoupling net-
work functions from the physical devices. NFV has been proposed to shift hardware
base middle-box processing to the application running on commoditized hardware
(Kreutz et al., 2015). In this concept, SDN (Nunes et al., 2014) (Kim and Feamster,
2013) (Sezer et al., 2013) as a complementary technology, has the potential to dra-
matically impact the architecture of legacy networks and make NFV easier. SDN
technology gives more flexibility and performance to network functions by decou-
pling the control plane and the data plane. This paradigm introduces programmable
infrastructure in order to configure a network efficiently, to enhance network mon-

itoring related skills and to provide improvement in network performance.
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2.6 Network Function Virtualization

Network functions (e.g., cache, load balancing, and IDSs) are used to modify
workload (e.g, packets and flows) in sophisticated ways (Gember-Jacobson et al.,
2014). However, network functions as a temporary solution may bring new man-
agement challenges. Virtualization is based on the fact that the virtual machines in-
stalled on-demand and share the same hardware resources while the network should
assign identical attributes to the computing layer (Chowdhury and Boutaba, 2010).
Further, the on-demand nature of the construction, emigration, and annihilating are
momentous of virtual machines. The flexibility introduced by the virtualization per-
suade telecommunication industry like European Telecommunication Standard In-
stitute (ETSI), Internet Engineering Task Force (IETF), and Third Generation Part-
nership Project (3GPP) involves in NFV.

The individual concept of NFV has a successful experience in MPLS (vir-
tualized path) (Xiao et al., 2000), NAT (Virtualized IP address), and VLANs (Vir-
tualized L2) (Jain and Paul, 2013) domains. However, in the absence of global
configuration, the distributed nature of virtualized functions rises configuration cost
in time and complexity manner. More importantly, vendor-specific NF'V solutions
contract with NF'V original concept (Mijumbi et al., 2016a). With the SDN assis-
tance, distributed control and configuration can assemble in a single central point.
As a consequence, the SDN platform should be open for application and hardware
from multiple vendors. In the class of scalability and reliability, control redundancy
should be considered as well.

The NFV orchestration which is in the charge of provisioning for virtualized
network functions, controlled by the SDN controller through southbound interfaces
(Li and Chen, 2015). The SDN controller computes the optimal function assign-
ments (e.g., assigning a virtual cache function to a certain location or node) and
translates the logic policy characteristic into optimized routing paths. The function
assignments are enforced by the NFV orchestration and the controller steer the traffic
traveling by installing forwarding rules into forwarding devices. Network operation
transforming is triggered by using NFV and SDN technologies. NFV leverage vir-
tualization in order to separate software instance from the hardware platform and
gives more agility to network services by decoupling functionality from location
(Han et al., 2015). However, by taking advantage of NFV-SDN, it is important to
sure that the network performance remains at least as good as previous and does not
bring new challenges such as security risk. In addition, Virtual Network Function

(VNF) can be moved between different platforms. However, movement should not
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have a negative impact on QoS parameters such as packet loss and delay.

Albeit NFV introduces a way to separating network services (e.g., caching,
load balancing) from the underlying hardware by transferring network functions
from dedicated hardware to general-purpose software such as hypervisor (Li and
Chen, 2015) with respect to reduces capital expenditures (CAPEX) and operating
expenses (OPEX), SDN rely on NFV and virtual centralized controller actualize
hypervisor roles that control virtualized network functions. While NFV separate
physical and virtual devices, SDN offers central control by decoupling the control
plane from the data plane in network forwarding devices. With NFV assistance, SDN
steer traffic dynamically based on user requirements. Thus, resource utilization can
be achieved by a combination of NFV-SDN.

2.7 NFV and SDN Correlation

Although the concept of NFV and SDN are independent, they are in practice
highly correlated and are mutually beneficial. The core similarity between them is
that they both use network abstraction and depend heavily on virtualization. NFV
and SDN are performing different roles, but leveraging NFV-SDN specifications
enable networking architectures more flexible and result in network infrastructure
agility. While SDN optimize network infrastructure by separating network control
and forwarding function, NF'V optimize the development of the network functions.
As shown in Figure. 2.7, NFV works on the upper layer of the TC'P/I P model
and provides basic networking functions, while SDN orchestrates and configures
network functions for specific uses. SDN benefit the advantage of virtualization
in order to provide programmable configuration and optimize network resources
quickly. A variety of programmable interfaces permits network programming. With
SDN technology, flow-based routing, and dynamic traffic adjustment it is possible

to meet fluctuating demands.

While NFV reduces the network operational expenditure, SDN leverage NFV
to enhance its performance by simplifying the compatibility with the legacy net-
work and facilitating its operation with making networks programmable. In addi-
tion, the middle-box -as a new and temporary network features in the case of network
flexibility- brings new challenges in network management. Fortunately, leveraging
SDN technology gives more flexibility to network management while provides a
global view of the network. SDN and NFV architecture are now being commer-
cially deployed to deliver network slicing feature. Network slicing is a form of vir-

tual network architecture leverage NFV-SDN principle in order to partition (based
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TCP/IP Model
Application NFV
Optimize deployment of the network functions:
Transport firewall, load balancing, deep packet inspection
Internet SDN
Optimize network infrastructure:
Network Interface Router, switch, wireless access point

Figure 2.7. Illustration of the NFV-SDN correlation .

on topology, bandwidth, and traffic) fixed network into virtual elements that can
be linked. In the sliced network, multiple controllers can coexist on top of com-
mon shared physical network infrastructure. Each controller (or virtual network) is

customized to meet the specific characteristic of applications, services, and devices.

2.8 Content Delivery Networks

To display video, the request needs to dispatch from the client to the origin
media server. Respond to every request only from the origin server is more costly
and risky. Besides, distance latency leads to poor QoE. Caching a copy of the con-
tent in geographically distributed PoPs (Points of Presences) provides quick access
to the contents and results in better network bandwidth utilization and improves
QoE. Content Delivery Networks (CDNSs) is a geographically distributed system
have risen in massive popularity to address this problem. Leveraging edge’ cache,
where content stored near to the client, eliminates the number of requests from the
origin server and reduce latency. Besides the reliable delivery of content, CDN also
enhances origin server security. By leveraging CDN and based on real-time logs
analytics and statistics, the OTT video service providers can determine where extra
capacity is needed. Hence, in case of suffering from overload in cretin geography,

it can provide extra bandwidth to make sure that everything is running smoothly.

virtual nodes can be easily moved from one location to another by leveraging
a combination of the CDN and NFV-SDN. In such a domain, virtual cache (vCache)
store and stream media content. However, content migration to the optimal position
is the main challenge. Thus, the intelligent algorithm to find the optimal location
for deploying cache has a significant impact on media delivery. In the context of the
multimedia system, advantages of streaming with a CDN include:

» Scalability : CDN is the fastest and most reliable way to provides content

near to numerous end users anywhere anytime.
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* Speed : CDNSs deliver content at low latency while they have high-speed con-
nections. Multi-tier architecture and peering between edges eliminate stream-
ing from the origin server. While overwhelming origin server increases re-

sponse time, the light load origin server can provide sound quality service.

* Quality : CDNs deliver content at low latency while they have high-speed
connections. Multi-tier architecture and peering between edges eliminate stream-
ing from the origin server. While overwhelming origin server increases re-

sponse time, the light load origin server can provide sound quality service.

» Security : In the context of security, streaming through a CDN can help pre-
vents Distributed Denial of Service (DDoS) attacks. It comes from the fact,

redundant CDN with multiple access points overcome a single point of failure.

2.9 Related Works in General

Align with introducing new streaming technologies, sophisticate enhancing in
players equipment rise to support new streaming content and led to high-performance
multimedia services expectation. The popularity of handset devices and wide-spread
adaption of social media encourage providing streaming content over the real-time
data platform such as O7T"T". However, providing high quality and affordable mul-
timedia services over the Internet is the main challenge. Conventional network ar-
chitecture can hardly handle the quality matter multimedia traffics while in it’s con-
tent/service agnostic infrastructure quality issue was considered only in the network

and transport layers.

Depend on the decision-making point for adaptation and requesting the next
segment, bitrate adaptation schemes can be classified into multiple adaptation meth-
ods: client-based, server-based, and network-based adaptations. In the client-based
adaptation, the client runs the rate adaptation algorithm which determines the qual-
ity of the segments to be requested. Despite the advantage characteristic of DASH,
it has been shown that it suffers from three performance issues: unfairness, insta-
bility, and the under-utilization of the available bandwidth (Altamimi and Shirmo-
hammadi, 2019), (Hemmati et al., 2015).

The client-driven nature of DASH has limited information and view about
network conditions and other clients’ behavior. Also, service providers may not
necessarily have control over the client’s behavior, therefore they may not be able to
guarantee the premium quality of service with client base adaptation. Server-based
adaption algorithms - such as MS-Stream (Bruneau-Queyreix et al., 2017), QAC
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(De Ciccoetal.,2011), and QCSS (Zhang et al., 2018) try to assign fair quality where
multiple clients competing for the available bandwidth. However, while server store
clients’ information and maintain each client individually, the cost of high overhead

and complexity are a drawback of the server-based algorithm.

Since the performance of the multimedia systems in terms of QoE relies on
the underlying network conditions and server characteristics such as availability and
distance, there is a tendency to get assistance from a network in today’s multimedia
architectures. Legacy network-based adaptation methods - like MP-DASH (Han et
al., 2016) ,QDASH (Mok et al., 2012), BUFFEST (Krishnamoorthi et al., 2017), are
monitoring system and run adaptation based on network data and statistic, without
considering client’s data. Network middle-box such as a proxy server can also assist
the client during bitrate adaptation with offering network statistics and information
like available bandwidth or suggestion suitable bitrate. However, monitoring net-
work conditions by the middle-box devices have significant overhead and my cause
to network congestion by itself specifically in traffic peak time. The main objective
of our study is improving the end-user quality experience and maximize fairness by
leveraging a centralized network controller without requiring any modification in

client-side or overwhelming media server.

The best-effort nature of the current Internet architecture can not support the
adaptation and customization of the available network resources in order to provide
the content base (e.g., multimedia) requirements. As a consequence of providing
insufficient QQoS, the end-user suffers from a lack of QoE. Eventually, patching
new features to the current Internet architecture towards meeting content or service
aware quality also increases network complexity. The NFV-SDN as a refection of
the Future Internet (FI) provides a new path for end-to-end adaption over the het-

erogeneous network infrastructures and tries to achieves better QoS /QoFE.

In the context of the SDN, to the best of our knowledge, the most comprehen-
sive related study on DASH can be divided into two main groups. Rely on the fact
that mapping requests based on a global view of the network could provide better
adaption (Mukerjee et al., 2015) (Liu et al., 2012) , the first group of study ex-
plaining the motivation of DASH over SDN technology without taking advantage
of SAND architecture into account. The second group involves the context of DASH
and SAND architecture. Leveraging SAND architecture gives more intelligence to

network controller which has a global view of the network.
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3. LAYERED ADAPTIVE VIDEO STREAMING

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

In this section, we present a layered based adaptive video streaming architec-
ture where S DN technology is utilized for routing of video layers and for assisting
clients in the selection of the most appropriate video codec and video quality under
the constraint of current network conditions. In the proposed architecture, the con-
troller estimates the packet loss probability by taking video codec characteristics,
bitrates of the layers and network capacity into account. Based on these estima-
tions, the controller assists the client to select appropriate video codec and quality.
Simulation results show that utilizing routing flexibility provided by the SDN and
considering characteristics of the video streaming system can improve the perfor-

mance of the video streaming.

3.1.1 Scalable Video Coding / Multiple Description Coding

As being one of the most popular application types used on the Internet, video
streaming applications offer a wide range of usage scenarios, from live video stream-
ing services to distribution of personal videos of users. Cisco forecasts for global
IP video traffic growth states that IP video traffic is estimated to reach 82% of all
consumer Internet traffic by 2021, up from 73 percent in 2018 (Cisco, 2018). The
selection of transport layer protocol, quality adaptation techniques, and video codec
type affect the performance of the video streaming applications. Hence, when de-
signing a video streaming system architecture, these selections should be carefully
considered. For almost a decade, HTTP Adaptive Streaming (HAS) has become a

dominant technology for streaming video on the Internet.

In the H AS systems, in order to better adaptation different copy of the same
content with different bitrates are stored in the origin server. HAS has a client-driven
architecture. The client adjusts the suitable video bitrate based on observed param-
eters such as estimated network traffic or internal parameters such as buffer fullness
level. For providing interoperability between HAS systems developed by differ-
ent vendors, the MPEG working group proposed DASH standard (Hossfeld et al.,
2015). DASH standardizes the MPD file format on the server-side. MPD giving
the information related to the address and bitrate of the quality alternatives. It also
standardizes parser functions implemented for extracting information from the MPD

file on the client-side.
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In SVC standard, the video file is encoded into a base layer and one or more
enhancement layers. The base layer provides the minimum quality and can be de-
coded independently where each additional enhancement layer improves the quality
of the video. The base layer is the most important and should never be lost, because,
to decode an enhancement layer, the base layer and the previous enhancement layers
are required. In other words, each enhancement layer needs all lower enhancement

layers as well as a base layer for decoding due to layer dependency.

Like the SV C standard, M DC' also encodes the video into layers called de-
scriptions (Jiang et al., 2012). Similar to SV C, each description received by the
client improves the video quality. However, in the M DC, the description layers are
self-decodable and each layer carries basic information to decode the video indepen-
dently. This characteristic of M DC causes extra overhead compared to SV C' since
each description contains redundant information to be decoded without requiring
other descriptions. Thus, the M DC' is more tolerant of loss compared to the SV C,
but SV C provides better compression.

Besides the design characteristics of the video streaming applications, the per-
formance of these applications is also strictly coherent on underlying network con-
ditions. Providing better network capacity helps to increase the quality of the video
sent to the clients. Therefore, SDN technology can be a good alternative for net-
work operators offering services to video service providers. In a SD/N domain net-
work operators develop and implement an application-specific routing strategy by
putting the network intelligence to the control plane (Nunes et al., 2014), (Sezer et
al., 2013), (Kim and Feamster, 2013). The control layer monitors and manages the
behavior of the network infrastructure and application through well-defined inter-
faces. Also, the control layer periodically communicates with network infrastruc-
tures to monitors and collects network status. Leveraging SDN allows centrally
observing the current network traffic and developing a flexible routing algorithm

specific to the requirements of applications running on top of the network.

In this study, we propose a video streaming system architecture based on
the SDN controller orchestration, which uses centralized behaviors to forward the
packets fairly and improve the quality of video observing by the end-user. In the
proposed system, the clients and media servers are authoritative for streaming both
the SV C and the M DC' encoded video. The SDN controller utilizes underlying
network information to select the video codec type and the optimal number of layers

the client should request.
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3.1.2 Related works

In addition to the central management capability and flexibility in routing of
flows, the SD N controller also obtains flow statistics in its domain, such as through-
put and packet loss. Leveraging SD N technology allows to observe the current net-
work traffic and develop a flexible routing algorithm specific to the requirements of
network applications. Although SDN is a relatively new technology, due to its ad-
vantages, there are too many studies proposing video streaming services over SDN

in the literature.

In a group of studies, SDN is utilized for selecting suitable streaming paths
for transferring video packets from the server to the clients, thanks to the flexibility
of SDN on determining flow routes. The performances obtained by various path
selections strategy discussed in (Jarschel et al., 2013), where available bandwidth
and the load of the paths are considered for path deciding. Assigning the shortest
path under the constraints of the U D P streaming parameters such as jitter, packet
loss and delay constraints is discussed in (Egilmez et al., 2012). Streaming path se-
lecting based on the optimization model with considering traffic volume to be sent is
presented in (Cetinkaya et al., 2014). These studies give the performance obtained
by selecting streaming paths based on strategies considering various observed pa-

rameters.

Authors in (Bentaleb et al., 2016) launched a new SDN based dynamic re-
source allocation and management architecture for HAS systems, which aims to
alleviate these scalability issues and improve the per-client QoE. The introduced ar-
chitecture manages and allocates the network resources dynamically for each client
based on its expected QoE. Authors in (Ramakrishnan et al., 2015) adopt an SDN-
based architecture for dynamic bandwidth allocation across multiple competing HAS
streams. They formulate the multi-client bandwidth allocation problem within the
convex optimization framework. In (Petrangeli et al., 2017), the SDN controller
monitors the network conditions, estimates possible freezes in the video experienced
by the clients by using a machine learning algorithm and sends prioritization com-

mands to the Open Flow switches based on this algorithm.

In another group of studies that utilizing SD N technology in order to increase
the performance of video streaming applications, there are several approaches pro-
posed where the controller explicitly signals the clients to assist the quality adapta-
tion process. In (Nam et al., 2014), the controller monitors the client’s performance

in term of QQoF and change video server or streaming path in the case of a perfor-
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mance deterioration is detected. Open Flow-enabled system proposed in (Akhshabi
et al., 2011), where an orchestrating module explicitly informs the DASH players
which representations should be selected. In (Georgopoulos et al., 2013), the con-
troller selects the suitable video resolution following the device type of clients and
sends commands to the clients to download the selected resolution. The controller
allocates bandwidth for DASH flows and signals the clients by considering reserved
bandwidth values for them to select appropriate bitrate based on current network
conditions in (Bagci et al., 2017).

Thanks for MPEG groups which standardized DASH and introduced SAND
technology. In SAND architecture, DANE elements, which are aware of active
DASH players can be used to optimize bottleneck links for DASH video traffic to
improve the viewer’s QoF (Hossfeld et al., 2015). SDN technology can be utilized
in SAND architecture. In (Kleinrouweler et al., 2016), DASH clients send repre-
sentation candidates that can be selected by them to the controller and selects the
representation by considering the recommendation sent by the controller. Accord-
ing to the current model, the clients may request the representation recommended
by the controller or they may discard the request (Kleinrouweler et al., 2016). In
the SDN assisted DASH architecture proposed in (Bhat et al., 2017), the SDN
controller sends bandwidth of the caches; and clients can select the cache and the

representation based on this information.

Layered video streaming over SDN has been investigated in several studies
in the literature. Improving the performance of SV C' DASH in the SDN network
discussed in (Cetinkaya et al., 2015). Open F'low based video streaming system for
streaming SVC video between multi-server and multi-client is specified in (Xue et
al., 2015). Routing base layer over the lossless path and enhancement layers over
alternate paths are discussed in (Civanlar et al., 2010). Transferring base layer and
enhancement layers over different streaming paths are proposed in (Egilmez et al.,
2013), (Laga et al., 2014) and (Gangwal et al., 2016). The streaming paths are de-
termined based on the output of the optimization models that consider packet loss
and delay variation for each layer. Moreover, references (Yue et al., 2015), and
(Uzakgider et al., 2015) focus on transferring SV C' layers over selected streaming
paths and determining the suitable number of layers based on these selected paths.
The authors suggest solving the joint path and layer selection problem based on
learning models taking different parameters into account. As well as, SDN tech-
nology can also be utilized for transferring M DC' coded video over different paths.
In the research (Noghani and Sunay, 2014), a video streaming architecture address-
ing M DC coded video distribution over SDN. The layers of M DC' are forwarded
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over different multicast trees constructed by SDN switches. The authors propose
to serve different QoS class users by adjusting the number of M DC' layers sent to

each service class.

However, most of the prior work that implements a video streaming archi-
tecture over SDN focuses on selecting the streaming paths or selecting a suitable
server. None of them focuses or considers the video codec type when determining
the streaming paths. To the best of our knowledge, there has not been any previous
study on the benefit of federate selecting optimal video codec type and the optimal
number of video layers for video streaming over S D N while network conditions are
dynamically changed. While in our architecture, the SDN controller determines the
video codec type and the number of layers and sends this information to the client
at the beginning of a streaming session. The clients are capable of decoding and
playing of both M DC' and SV (' coded video while interpreting the messages re-
ceived from the controller. The overview and design of the proposed layer-based

video streaming system is given in the next section.

3.1.3 Architecture Overview

The network architecture is conceptually divided into three layers as shown
in Figure. 3.1. The bottom layer represents forwarding devices that are responsible
for packet functions such as editing, dropping, and forwarding packets to a specific
port or controller. Besides forwarding action, forwarding devices send links statistic
to the controller periodically. The middle layer represents Network Operation Sys-
tem (NOS) or controller. The controller gathers network statistics from client and
forwarding devices for network management and decision making. The forwarding
devices programmed by the controller with the assistance of the well-defined south-
bound API such as OpenFlow. The controller communicates with the application
layer through northbound as well. Finally, the upper layer represents network ser-
vice applications. Applications in this layer define the forwarding policies which
ultimately translated by OpenFlow southbound interface and program the behavior
of the forwarding devices. In the proposed architecture, the controller consists of
two main function modules. While the basic functions are used for essential network
services such as link and path management, the advanced functions have involved

with video codec and optimal layer selection.

Note that, based on the controller performance evaluations presented in (Heller
etal.,2012), itis possible to conduct that one controller is often enough to support the

whole underlying network. Another point of concern is the fact that S DN networks
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can be easily scalable, which is beyond the scope of this study. As shown in system

architecture view proposed schema consist of five basic functions:

Host Manager: Provides information about online clients such as location

and the time of getting online.

Link Manager: Obtains traffic information from switches. Each switch for-

wards port statistics to the controller periodically.

Path Manager: Contains statistics of each path include the number of hops in

path or number of the available path between source and destination.

Flow Manager: Responsible for traffic management by updating the forward-

ing tables with new instruction set as a rule.

Forwarding manager: Decides the actions (e.g., forward to a specific port,
modify or drop packets) for the packets received from the switches. For ex-
ample, the new client’s request is forwarded to the controller, because at the

beginning there is not an entry in the forwarding tables of the switches.

In addition to basic network functions, there are two advanced functions for

video codec and optimal layer selection which triggered by the SDN controller on

demand.

feeeeeeeeee—___Network Service Apps ___________________
REST API
Advanced Functions Basic Network Service Functions
Video Codec
Selection ’ [ Path Manager ][ Link Manager ][ Flow Manager ]

[ Forwarding Manager ] [ Host Manager ]

Optimal Layer ’
Selection

OpenFlow,...., SNMP

DASH Client

Figure 3.1. SDN controller and system architecture view
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The proposed framework consists of a DASH application-aware centralized
SDN controller to optimize the behavior of all the clients, DASH server which en-
codes and serves the video representations encoded with both codec, SVC and MDC;
and DASH clients that can interpret the command received from the controller and
have the capability of decoding SVC and MDC encoded videos. The controller
tracks the clients via its Host Manager module. As shown in Figure. 3.2, When a
new client joins to network and trigger establish the TCP connection to communicate
with the origin server, it’s request handled by the first-hop switch. While there is
no entry for a new client in the switch’s routing table, then switch forward the client
request toward the controller in the form of PACKET-IN message to learn the stream-
ing path for that client. In the controller, Host Manager module detects newly joined
client after it receives a PACKET-IN message. The controller runs an algorithm that
determines the video codec type, the optimal number of layers as well as the stream-
ing paths of each layer. The controller uses the current network conditions as input
to the algorithm. Based on this information, the controller calculates the likelihood
of the packet losses at the link layer by considering the bitrates of the video layers
and available bandwidth information of the paths that the layers will be transferred
over. It then determines the video codec related parameters such as video codec
type and the optimal number of video layers by running an optimization model that
aims to minimize packet losses at the link layer and maximizes video bitrate. Note
that, we focus on the estimation of packet losses at the link-layer since TCP is used
and packets are not lost at the application layer. The controller signals the client via
REST API for giving the output of the algorithm. At the same time sends the flow
route information to the switches via Open F'low protocol on the southbound API.
As shown in Figure. 3.3, the controller can determine different streaming paths for
each video layer due to the server sends each video layer through different ports in
our architecture. After establishing a TCP connection, the client starts to download
the video layers. The controller informs the client with a new optimal number of
layers if the network condition has changed. However, the controller does not run

optimization, so the video codec type does not change anymore.

3.1.4 The Estimation of Packet Loss Rate at the Link Layer

In order to increase the quality, the clients should increase the number of layer
request. However, as explained in the previous section, if the underlying network
capacity is not adequate for sending as many as the number of requesting layers, two
outcomes may be experienced: 1) the download time of the video packets elongates
and, hence, the client may suffer from the outage experience if base layer video

packets are delayed; ii) the playout time of the delayed enhancement layer packets
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may pass and this causes packet losses at the application layer, i.e. the video cannot
be played at higher quality even if the enhancement layer packets eventually arrives
in the client. Clearly, the first outcome decreases Qo' achieved by the client while

the second outcome causes waste network resources.

In the proposed system, in order to determine the optimal number of layers
to be requested, the controller estimates the likelihood of the packet delay at the
client-side. Since T'C'P is used as the transport layer protocol for transferring video
packets, the delay mainly occurs from the packet losses at the link layer and re-
transmission of the lost packets. Hence, we calculate the expected packet loss ratio
at the link layer in order to estimate quality deterioration and the wasting of network

resources caused by delay.

The packet loss ratio is related to the available bandwidth of the streaming
path and the bitrate of the video layers that will be transferred over that path. The
controller periodically obtains information about the underlying network and traf-
fic amount routed via switches. By using this information the controller calculates
the total traffic transferred by the flows other than video streaming traffic for the
end-to-end paths between the client and the server. For a given path p, available
bandwidth that can be used by video streaming clients can be calculated by sub-
tracting traffic value from the capacity of the path p. Suppose abw represents the
available bandwidth value calculated by this way for a given path p. If L video
layers are transferred over the path p, then the bandwidth portion that can be used
for each layer roughly equals to abw/L due to T'C'P fairness. Hence, the expected
packet loss ratio for a given path p can be calculated by using the formula given in
formula (3.1), where plr;, and bitrate;, represents the packet loss rate and bitrate of

video layer L, respectively.

abw

lrp=1— ————
P L x bitratey,

(3.1)

The controller estimates the packet loss ratio probability by taking the avail-
able bandwidth, video codec type, and the bitrate values of the video layers into
account. Ifa M DC' codec is used, the estimated total packet loss rate can be calcu-
lated by the given formula in (3.2). If the video is encoded with SV C, the packet
loss ratio is calculated by taking a layer dependency into account as given in (3.3).
In the formulas, plr; represents the packet loss rate calculated as given in (3.1) and

L represents the number of video layers.
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The estimated packet loss ratio given in (3.1) causes delay due to T'C'P re-
transmissions. The effect of packet losses at the application layer depends on the
video codec type. If a SV (' video is sent, layer dependency also affects the packet
losses belonging to the enhancement layer. With SV C' coded video, if a packet be-
longing to layer n is lost, other packets belonging to a higher layer than n cannot be
decodable even if they arrived at an appropriate time. On the other hand, there is no
inter-dependency between the layers of the M DC' coded video.

We give an example to show the effects of the packet loss at the application
layer and quality received with the multi-layer codec video. Suppose a video is
encoded with one base and three enhancement layers using SV C'. The same video
is alternatively encoded with four layers using M DC'. For instance, to achieve the
quality provided by the three layers, the base and the first two enhancement layers
(i.e. Ly, Ly ) should be received by the client using SV C coded video. On the
other hand, M DC' codec client just needs to receive any three layers to play the
video with the same quality. Table 3.1 demonstrates the received video quality for
the given scenarios for SVC and MDC clients. L, means the base layer for SV C
coded video in the table. For both scenarios, the client plays the video with a higher

quality with M DC' codec than the quality received with SV C' codec video.

Although the previous example shows the advantage of using the M DC codec,
there is a bitrate overhead introduced by the M DC'. A video layer encoded with the
M DC has a higher bitrate than the bitrate of the equivalent video layer encoded
with the SV C. This increases the loss probability of the packets at the link layer if
the network capacity is not adequate. Therefore, there is a trade-off when selecting
the optimal video codec for a given end-to-end streaming path capacity. In the next
section, we explain the details of the optimization model that selects the optimal

codec type according to the network conditions.
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Received Layers # of Layers Played
Scenario LO L1 L2 L3 SVC MDC
1 + - + - 1 2
2 + + 0 + 2 3

Table 3.1. Example of SVC and MDC codec behaviors

3.1.5 Optimization Model for Selection of Video Codec Type and
Optimal Number of Layers

The optimization model aims to maximize video quality under the constraint
of network capacity. For this purpose, the controller runs an optimization model
that maximizes the received bitrate while minimizing the expected packet loss ratio.
In order to be able to determine the optimal number of layers to be served to the
client, the controller needs to calculate the packet loss ratio by considering codec
types. When a new client joins the system, the controller runs the algorithm given

in Algorithm 1.

The algorithm determines the total packet loss ratio for all possible layers that
can be served to the client for both codec types. The available bandwidth of the
paths selecting for transferring the packets of L" layer is calculated between the 27¢
and 6" lines of the algorithm. The path having maximum available bandwidth is
selected (2! line) for each time determining the streaming path for the next layer
(3" line). Note that the path selection here is logical and the controller does not

send the related forwarding rules to the switches for the selected paths yet.

When a path is selected for transferring the packets of i layer, the bitrate of
the layer is reduced from the available bandwidth value of the path in line 4. Based
on the selected paths for each layer, plrcsiimateq Values are calculated according to

the codec type between 5 and 9 lines of the algorithm. The pirf®® variable

1,Ctype

calculated in line 10 represents the total packet loss ratio for the client being server

i layers encoded with c¢;,,. of codec type.

After path assignment and calculating packet loss ratio values, the controller
runs the optimization model. The objectives of the optimization model are given in
(3.4) and (3.5) The model minimizes the estimated packet loss ratio calculated while

maximizing the number of video layers, where the video is encoded with K layers.
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Algorithm 1: Packet Loss Ratio Estimation Algorithm.
Input: define SVC & MDC
K : Total number of layer L
abw?: The available bandwidth of the path p selecting for
transferring packets of i*" layer.
br;: the bitrate of 7! layer

Output: plrfz‘i _: packet loss ratio
1 foreach L =0 to K do
2 abw,,, < abw of path having max abw
3 abw? < abwyy,
4 abwpy, < abwp,, - br;
5 if ¢;ype = MDC then
6 | calculate plrestimatea as given in (3.2)
7 else
8 ‘ calculate plresiimateq as given in (3.3)
9 end
10 pl?“;??cizie = plrestimated
1 end
min plrtL"fc‘ipe (3.4)
max L (3.5)
s.t.
L<K (3.6)

We solve the proposed multi-objective optimization model by exhaustive search-
ing. For this purpose, for a given video codec type and the number of video layers,
the packet loss ratio is calculated. This produces 2 x K solutions. The optimal so-
lution among them is founded by searching the solution that minimizes the distance
to the utopia point. The utopia point is the point where plrf’é‘jfj ,, =0and L =K.

Typically, the number of layers used for multi-layered video is between 2 and
5. Therefore, the complexity of the model is low due to the limited number of video
layers. The complexity of optimization model for n clients conclusion from 2 x
K x n,which lead to O(n). Also, the complexity of looking for maximum available
bandwidth and port assignment is O(nlogn). Therefore, the time complexity of the
proposed solution is O(n) + O(nlogn) = O(nlogn).
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The output of the optimization which gives the video codec type and the opti-
mal number of video layers forwarded by the controller to the newly joined client.
After receiving this information, the client starts to download video segments. The
controller also sends the related flow’s routing information to the switches. Al-
though the controller signals the number of layers that the client should request at
the beginning of the streaming session, the clients may change the number of layers
based on the download speed and buffer occupancy in order to achieve a better qual-
ity of experience. When download speed is decreased, the client experience outage

then reduces the number of layers suggested by the controller to avoid re-buffering.

3.1.6 Client Implementation

In the proposed system, the clients may receive SV C or M DC encoded video
based on the information sent by the controller. Since the layer dependency and de-
coding procedure of SV C' and M DC' encoded video differs from each other, the
client software runs differently according to the video codec type. When SV C' en-
coded video is downloaded, the client must wait for the arrival of base layers in order
to play the video if the buffer is empty. On the other hand, when the M DC encoded
video is downloaded, the client must wait for the packets from at least one layer if
the buffer is empty. For both encoding types, when the client buffer is empty, the
playout freezes until the buffer level exceeds a pre-determined threshold.

Since the controller can assign different paths to each video layer, clients do
not have to wait for video packets of one layer to arrive in order to send a request
for downloading next layer packets. Thus, the client requests decided video layers
concurrently. We follow the formula given in (Cetinkaya et al., 2015) for measuring
available bandwidth. Suppose the client request n video layers from the server in
the next request period. Let ¢, represents the total time to download all requested
layers. The t; and available bandwidth are calculated based on a formula given in
(3.7) and (3.8), respectively. In the formulas, L; represents the i'* video layer. t;, is
the receiving time of the last packet of k" layer, trequest 1S the time of the request,
and bry, is the bitrate of the k" layer.

td = max(tLO, tLU ceey th) — trequest (37)

" g
Estimatedyy, — 23# (3.8)
d
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3.1.7 Testbed and Experimental Setup

The sample topology used in the performance evaluation of the proposed sys-
tem is illustrated in Figure. 3.3. The topology, emulated using Mininet (Lantz et al.,
2010), consists of the Open Flow enabled switches, video clients and video server.
The controller logic described in Section 3.1.3 is implemented on Floodlight'. In
the network topology, there are 10 clients have the capability of playing both M DC'
and SV C video. The arrival intervals of the clients are determined by the Poisson
distribution having an average value of 5 seconds. The video server has both the
SV and the M DC encoded version of the same video. While the SV C' video has

one base and three enhancement layers, the M DC' video has four description layers.

3.1.8 Experimental Results

To evaluate the performance of the proposed system, we measure the QoF
parameters such as received video quality, the average received bitrate and the out-
ages during the video playback. We also perform the best effort routing approach
and maximum available bandwidth approach under the same set of parameters in
order to compare the results obtained with the proposed system. The simulations
are repeated 5 times and the average values of the results are given in Figures and
Tables.

Figure. 3.4, illustrates the video playback quality in terms of the percentage
per received video layers. In the simulations where best effort and maximum avail-
able bandwidth approach are tested with a combination of SV C and M DC clients,
half of the clients play SV C' coded video while the other half of the clients play
M DC coded video. Figure. 3.4 shows that the clients in the proposed system play

video at a higher quality than the clients in the other approaches.

In order to give the performance improvement provided by the proposed op-
timization model, we run simulations where both SV C' and M DC' clients receive
video and show the comparative results in Figure. 3.5 and Table 3.2 for different
approaches. Figure. 3.5 shows the average bitrate received by the clients over time.
While the clients in the maximum available bandwidth and best effort approach have

similar bitrate values, the clients in the proposed system received better bitrates.

Thttp://projectfloodlight.org
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When the links are congested and bandwidth is not enough to send the video
data, decreasing download speed causes to drain client buffers, therefore video play-
back pauses. In Table 3.2, total outage duration in seconds and the number of outages
observed in the three approaches are given. It is obvious that the proposed system
in both total outage time and also in the number of the outage has a lower num-
ber. The reason for this is that the optimization algorithms in the proposed system,

dynamically change the paths in order to increase bandwidth utilization.
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Best effort Max. BW Proposed
Duration (sec) 27 26 16
# of outage 12 12 8

Table 3.2. Outage duration’s.

3.1.9 Summary

In this section, we proposed an SDN assisted video streaming architecture
that utilizing network knowledge and path assignment exibility of SDN technol-
ogy. When a client joins the system, the controller determines the video codec type
and the optimal number of layers that should be sent to the client. The controller
signals the selected video codec type and layer information to the client. The client
implementation developed for the proposed architecture can receive the initial com-
mand from the controller and able to decode SV C' and M DC' coded video.

The determination of video codec type and number of video layers to be sent is
based on the proposed optimization model in this study. The model takes the bitrate
of video layers for both video codec type and available bandwidth information of
the end-to-end path between the server and the client as input parameters. The aim
of the optimization model is maximizing the video quality while minimizing the
packet loss at the link layers to prevent retransmission and delay. When the network
condition changes, switching between the video codec type may be necessary to
provide good performance. We consider implementing this in future work. The
performance of the proposed system is given by presenting received video quality,
average received bitrate and outage duration. The proposed system is compared
with 6 different approaches determining streaming paths and sending video codec

types based on various strategies.

The simulation results show that the proposed system provides 46% and 36%
increase in received bitrate when it is compared with the traditional best effort ap-
proach and maximum available approach, respectively. The proposed system also
provides a 62% decrease in duration of outages and a 50% decrease in the number

of outages when it is compared to both approaches.

Note: The results of this study published in (Kalan et al., 2017) 2017 8th
international conference on the Network of the Future (NOF), and (Kalan et al.,
2018a) 26 th IEEE Signal Processing and Communication Applications (IEEE SIU).
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3.2 A Layered Adaptive Video Streaming Architecture: Codec,
Path and Quality Selection by Utilizing SDN

In the system architecture in the previous work, when a client starts the video
streaming application, the controller selects the video codec type, the optimal num-
ber of video layers and streaming paths of the video layers. However, the controller
does not send recommendations related to the codec types of the video after stream-
ing starts, even though the network condition is changed. In this current paper, we
extend this architecture by proposing a heuristic algorithm that determines the op-
timal number of layers for each client and assigns paths for the determined layers.
The algorithm is run by the controller periodically and streaming paths are re-routed
by considering video codec type, packet loss probability and available bandwidth of
the paths. In addition to this heuristic algorithm, we propose a DASH client archi-
tecture in which the clients communicate with the controller and utilizes the rec-
ommendation messages received from it. The clients decide the number of video
layers that will be requested by taking buffer fullness and throughput estimation on
the client side into account as well as the optimal number of layers recommended by
the controller. The overview and design of the proposed layer-based video stream-

ing system is given in the next section.

3.2.1 Codec and Quality Selection for Layered Video Streaming

Depends on client or network available resources and adaptation algorithm a
client can adapt to different video quality during streaming time. When the clients
request additional layers for which a path was not selected before, the controller
should determine the paths for these newly requested layers. On the other hand,
changing network conditions change the optimal number of video layers that can be
transferred to the clients under the constraint of actual current available bandwidth
values. In this work, we enhanced our previous work by adding a new module to
the controller that provides to determine the optimal number of video layers due
to changing network conditions. This module is called Optimal Layer and Path
Selection (OLS) and the controller runs a heuristic algorithm within this module.
The controller periodically measures the traffic amount on each streaming paths and
if the traffic pattern is changed, it runs the heuristic algorithm in order to determine
the number of layers to be requested by the clients with respect to adapt the current
network conditions. The main idea behind the OLS is that the client could not
request video with a higher bitrate than proposed by the controller and this approach
provide to eliminate the client’s greedy behavior. However, clients are free to request

lower bitrate in the case of buffer drain and estimating re-buffering.
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3.2.2 Optimal Layer and Path Selection (OLS) Algorithm

When a client starts the video streaming application, it requests the segments
of the video encoded with the video codec type sent by the controller. The controller
also determines the optimal number of layers at the beginning of the video streaming.
However, since network conditions are dynamic due to cross traffic, fluctuations in
traffic can cause quality switching by the clients. Hence, the number of layers that
are determined at the beginning of the stream may not be optimal any longer. To
align with network dynamism and determine the up-to-date optimal number of video
layers, the controller periodically checks the changes in traffic amount on the paths
and runs the O LS algorithm when the network condition considerably changed. The
controller measures each path traffic and runs the O LS algorithm if the measurement
result is above a cretin level of the pre-defined threshold value. This threshold can
be set by the network operator. The bitrate of the minimum representation could be
a good alternative for this threshold since the changes in traffic amount higher than

this bitrate values may cause considerable quality changes in the received video.

The purpose of the algorithm is to determine the number of video layers for
all clients in the system and the streaming paths for each layer that is transferred
to the clients. The OLS algorithm determines the streaming paths and the number
of video layers by taking into account the available bandwidths of the end-to-end
paths, bitrate of video layers, and the total number of the layers transferred through
each path. The algorithm works in two phases. In the first phase, the algorithm
allocates paths for the packets of the first layer for each client concerning ensure
that each client receives the video at least with minimum quality. For SVC, the first
layer is the base layer due to the layer dependency rules, while an arbitrary layer
can be selected as the first layer for the MDC coded video. In each iteration, the
algorithm assigns a path with a maximum available bandwidth for each client and

updates path information.

In the second phase, streaming paths for additional layers are assigned. The
path allocation for the extra layer is done by considering the likelihood of packet
losses. When a packet is lost at the link layer, due to TCP retransmission delay, the
retransmitted packets may arrive in the client after their playout time is over, which
can not be played. Unnecessary retransmissions increase the probability of packet
losses as well as wasting network resources. Hence in the second phase, a path for
an additional layer is assigned only if assigning a path for a new layer does not cause

network congestion and unacceptable value for packet loss possibility.
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The packet loss ratio is relevant to the available bandwidth of the streaming
path, the number of video layers, and the bitrate of each layer that will be transferred
through that path. Suppose abw represents the available bandwidth of a path p and n
denotes the number of video layers is transferred through the path p. The available
bandwidth of the path is the remaining bandwidth when the traffic of U D P and non-
DASH TCP flows is subtracting from the original capacity. T'C'P fairness ensures
that the bandwidth portion that can be used for transferring each layer roughly equals
to abw /n on the path p. The controller calculates the expected packet loss ratio for
the given video layer and path by using the formula given in (3.9), where plr; and

bitratey, represents the packet loss rate and bitrate of video layer L, respectively.

1 ZfabTw > bitratey,
pro=1=3 , (3.9)
rowbitrater otherwise

The packet loss rate is given in (3.9) refers to the loss probability of an arbi-
trary packet belonging to a 7'C'P flow. When we consider the video packet losses
at the application layer due to retransmission delay, we should also consider the
layer dependencies, especially for SV C' coded video. Ifa SV C layer packet is lost,
then the upper enhancement layers of this lost packet can not be decoded on the
client-side, hence they are also treated as lost packets. Therefore, in the calculation
of packet loss probability, codec type should also be considered. The packet loss
probability also depends on the number of flows sharing the same streaming paths
and the bitrate of the video layers since packets losses are highly related to the ca-
pacity of the network and the traffic amount transferred over it. The formula for the
calculation of packet loss based on codec type is given in (3.10). This formula is
the modified version of the formula given in the previous study (Kalan et al., 2017).
The modification should be necessary since the formula given in (Kalan et al., 2017)
only considers the video layers transferred over the same paths, however, each flow
affects other flows transferring over the same path as well as it affects the loss prob-
ability of other related layers transferred over different streaming paths. Consider
a scenario that is illustrated in Figure. 3.6, which shows the reason why we should
take into account the layers that are transferred over other paths. L;., L;;1. and L;.
represent ¢., 7+ 1. layers of video sent to the client 1 and j. layer of the video sent to
the client 2, respectively. Forwarding client’ 2 flow over path 2 may lead to packet
loss in the flows of client 1, 7. layer and packet loss in layer ¢ has also effect on
layer ¢ + 1 due to layer dependency. Hence, when packet loss in A1 SV CL; has
exceeded the threshold, it also affects the same client’s upper layers and it should be

considered in the calculation of packet loss probability.
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(3.10)

The OLS algorithm is given in Algorithm 2. In the first phase of the algo-
rithm, where the paths for the first layers of each client are assigned, it is given
between 2nd and 5th lines of the algorithm. In the second phase of the algorithm,
the controller assigns paths for each additional layer for each client. The paths for
additional layers are determined in sequence, in other words, a path is assigned for
an additional layer after the paths for the same number of layers are assigned for all
clients in the system. The path assignments are done unless the estimated packet
loss ratios are under a certain threshold. Let plr? represents the value obtained by
using the formula (3.9) where p is the path that the packets of layer L are transferred
through and thry, represents the threshold determined for layer L.

When the path p is assigned for a new layer L, the controller estimates plr?}
for the transferred packets through p. In addition, it estimates the effect of the newly
assigned layer on all layers routing via the same path. When the number of layers in
a path has been changed, the pir? value should be controlled for all layers previously
assigned to that p. A path assignment is done for new enhancement layer L if the
new plr} value is less than the defined threshold value (thry), otherwise it will be
discarded. This scenario is repeated for all layers of all clients within the for loop

given in the 11" and 31% lines of the algorithm.
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Algorithm 2: Optimal Layer Selection Algorithm

—
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32

Input:

let plr! denote the estimated packet loss ratio ( pirL,, . ) for given layer L

Pax—abw :path with maximum available bandwidth
thry: threshold level determined for layer L

thry: threshold level determined for buffer

basey,: selected path for base layer

Output: Optimal number of selected video layers

and path p
foreach Client do
BCLSGIP — PMax—abw
Pitax—abw ¢ Puax—abw - bitrate of base layer

end

end

foreach Layer do

foreach client do

Pitax—abw < Pumax—abw - bitrate of layer L
Calculate(plr?)

if (plr] <= thry) then

end

else

end

foreach layer i transferred via path p do
if (plr! <= thr;) then
foreach SVC Client in different path with L' > L do

Calculate(plry, )

if (plr?, <= thr/) then
\ Continue;
else
remove assigned path
Break
end

end

else

remove assigned path
Break

end

end

remove assigned path
Continue
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The controller runs the OLS' algorithm periodically, and when the network
condition is changed, i.e. a new flow arrived or flow is terminated. The controller
signals clients and switches with updated information according to the output of the
algorithm. Typically, when a video is encoded with a layered coding, the number of
layers is between 2 and 5 and this number can be considered as a constant. Therefore,
the same as the Algorithm 1, the time complexity of the proposed algorithm- for n

clients - is C' * O(nlogn).

3.2.3 SDN-Assisted Video Client Implementation

The objective of adaptive video streaming is to maximize video quality by
downloading video segments with higher bitrate while minimizing the outage dura-
tion. In our system, to minimize startup delay, the newly joined client downloads
the first several segments from the lowest bitrate at the beginning of the streaming,
which is a typical approach. When the clients are not assisted by the controller about
the selection of the successive requested segment, due to the client-driven nature of
HTTP adaptive video streaming, they decide for adapting to the next segment of
the video based on the observed throughput values and/or buffer occupancy. If the
client rate adaptation is run based on throughput, the client simply selects the high-
est representation where its bitrate is smaller than the measured bitrate. The buffer

based rate adaptation algorithms take into consideration of the buffer fullness.

As explained in the previous section, in our SDN-assisted system, the con-
troller sends a recommendation message for the number of layers that can be re-
quested by the clients as an output of the OLS' algorithm. Let L, represent the
number of layers that are recommended by the controller. When L, value is re-
ceived from the controller, one option for clients could be to start requesting the L.
layers until the controller recommends another layer, i.e. quality level. However,
the clients should also consider the current buffer level, which is one of the cru-
cial internal parameters in order to prevent outage duration. When buffer fullness is
considered as a part of the rate adaptation algorithm, clients adapt quality by consid-
ering minimum bitrate of the recommended layer from the controller on one hand,
and their buffer level on the other hand. Let L, represents the number of layers that
are determined by the client, which equals to the possibly highest quality that can be
received under the constraint of buffer occupancy. The recommended layer number
by the controller may be higher or lesser than L,. When a new recommendation is
received from the controller, the client requests L,.. unless the buffer level is under
a certain threshold and L, is higher than L,. If the buffer fullness is under that

threshold, the client sends a request for receiving L, layers. Hence, the number of



45

layers requested by a client is always between the values given in (3.11).

min(Ly,, Lye.) <= number of layerstobe requestednext <= Ly..  (3.11)

3.2.4 Testbed and Topology Setup

We use a Mininet emulator to set up the S DN environment for testing the per-
formance of the proposed approach. Mininet provides an efficient platform for con-
structing SD N topologies, implementing and testing the SD N applications (Lantz
et al., 2010). The controller modules are built on top of Floodlight software and
communicate with underlying devices through Open Flow. We run our experiments
using the real world topology, known as ”Compuserve”, from the Internet Topology
Zoo (Topology-Zoo, 2017). Figure. 3.7 illustrates the network topology which is
used during the simulations. Elephants Dream-II (ED-II, 2017) is used as a stream-
ing video. The video file consists of 327 segments with a duration of 2 seconds.
On the client’s side, total buffer length and threshold level are set to 24 and 8 sec-
onds of video, respectively. There are 10 video clients are capable of streaming both
SV C and M DC video. The video server also provides the same video with both
SV and M DC format. The SV C' video has one base and two enhancement layers,
while M DC' video has three layers. Table 3.3 gives the bitrate of the layers for both
codec type. The bitrates of the SV C enhancement layers are given regarding only
the related layer. The bitrate of a SV C' enhancement layers can also be represented
cumulatively by considering layer dependencies. In that case, for example, the cu-
mulative bitrate of the L1 equals to the sum of bitrate values of LO and L1 given in
Table 3.3.

During the simulation we used four different network scenarios and applied
Poisson distribution to generate the bandwidth of the links with mean values of A=8
Mbps, A=10 Mbps, A=12 Mbps and \=15 Mbps. Total available bandwidth values
between source and destination based on defined mean value (\) are illustrated in
Table 3.4. As shown, in order to analyze the behavior of algorithms, clients were
placed behind bottlenecked links. We considered two different packet loss thresh-
olds for each layer, which are given in Table 3.5. Tuning these values gives a bit
of flexibility to the proposed algorithm to adapt appropriate bitrate. The estimated
packet loss ratio should not exceed the threshold value in the same path layers when
new client’s traffic assigned to the path. Despite increasing threshold values increase

received bitrate, it may result in increasing packet latency and video stalls.
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Figure 3.7. Compuserve network topology

Name L0 L1 L2 Total Size
SVC Bitrate 2430 987 1750 5167
MDC Bitrate 2430 2430 2430 7290

Table 3.3. Elephants Dream(ED-II) representations.

Mean Value A=8 Mbps =10 Mbps A=12 Mbps \=15 Mbps

Total Bandwidth 28.4 Mbps  32.3 Mbps 41.7 Mbps  58.5 Mbps
Table 3.4. Total network bandwidth.

Threshold Thr, Thr,
SVC Layer 0 0.05 0.10
SVC Layer 1 0.10 0.20
SVC Layer 2 0.20 0.30
MDC Layers 0.10 0.20

Table 3.5. Packet loss threshold levels for different layers and Codecs.

While SV C has different threshold values for each layer, M DC only has one value
for each threshold level. Different thresholds for each SV C' layer was defined due
to the layer dependency. During the test, the simulations were repeated 10 times
for each threshold level. All test results represented in Figures and tables represent
averaged values.
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3.2.5 Evaluation Results

In order to evaluate the performance of the proposed solution, we measured
the following QoE metrics: 1) average received bitrate, ii) re-buffering duration,
ii1) a number of the video segments which received from each layer, and iv) the
numbers of quality switches. Throughput Base Adaptation (TBA) and Buffer Base
Adaptation (BBA) (Huang et al., 2014) with the same set of configurations are ap-
plied as a benchmark for comparing the results of the proposed algorithm. In the
TBA algorithm, clients measure network throughput while downloading video seg-
ments and adapt to the next suitable segment regarding the current network bitrate.
In the BBA algorithm, clients control buffer level and then request a segment from
suitable quality based on buffer fullness proportionally so that the clients request
the highest possible quality when the buffer fullness is high and request the lowest
quality when its buffer is almost empty. When TBA or BBA approach is used, the
controller forwards the client’s requested layers thought the links with maximum

available bandwidth without running the OLS algorithm.

The video bitrate received by the clients as a function of the network capacity
is given in Figure. 3.8. The clients using 7'BA and BB A algorithms have higher
bitrate than the clients in the proposed approach in a congested network. However,
as it is going to be shown later, the clients in TBA and BBA approaches have a
higher re-buffering duration which is unacceptable. Noteworthy, displaying video
with less duration of video stalls is so much preferable than the small quality degra-
dation. Bitrate adaptation requires a tread-off between enhancing video quality and
reducing the probability of freezes video during display time (?). While requesting
video from the lowest bitrate results in poor video quality, requesting video from
the upper layer increase the probability of re-buffering. The client-driven nature of
the TBA and BBA algorithms only relies on greedy behavior. The main advantage
of the OLS algorithm is making a trade-off between bitrate and delay. Therefore,
in the long term, it outperforms than the other algorithms. When comparing with
the TBA, the proposed approach based on the OLS algorithm performs better for
both threshold levels. More precisely, the performance improvement provided by
the proposed approach becomes more clear while network bandwidth is increased.
Greedy behavior of the TBA algorithm encourages clients to maximize bandwidth
utilization by requesting the highest quality possible, however, this may lead to con-
gestion and as a result, sudden decrease in quality level. Thus, clients rapidly switch
between different representations which decreases QoE. In the last scenario (A = 15
Mbps), the clients in both TBA and OLS approaches obtained the same bitrate, but

again the OLS has a less re-buffering duration, which shows the overall performance
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Figure 3.8. Average received bitrate.
of the proposed algorithm is better than that of the other approaches.

The average received bitrates as a function of time is shown in Figure. 3.9. It
is clear that, in all assigned bandwidth, the OLS algorithm has better performance
in terms of received bits per second. Impact of the proposed algorithm more evi-
dent in Figure. 3.9(a) where network links have less bandwidth (A = 8 Mbps). By
increasing network bandwidth clients in all solutions achieves higher bitrate. It is
important to highlight that, the proposed O LS_thr, algorithm provides better per-
formance than others when network capacity is increased, but it is also experienced
more re-buffering as shown in 3.6, Table 3.7. By looking at threshold values in
the proposed algorithm, it is possible to conduct that increasing threshold value can
improve the bitrates of the received segments, but it also causes more delay and re-
sults in extra re-buffering. While other approaches have a significant reduction in

re-buffering duration, the OLS_thr, suffers from the same re-buffering time.

Receiving more video segments from higher layers provides to play the video
with better quality. Figure. 3.10 shows the received number of segments from each
video layer during the simulations. In the first scenario, the BBA algorithms re-
ceived more segments from enhancement layer 1 while the client with TBA and
O LS, approach received more video segments from the base layer. At the first
glance, it may derive that the BBA algorithm outperforms while the network has less
bandwidth, but it is worth underlying that they have an undesirable delay while try-

ing to download video from higher bitrate which causes to unacceptable re-buffering.
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In the other scenarios where the link’s bandwidths are increased, we observed that
the OLS algorithm provides a client to adapt quality wiser and receive more seg-
ments form higher layers. This result shows that the clients with the OLS approach
receive a minimum number of segments from the base layer among all approaches

only when the network has enough capacity to transfer packets from higher layers.

When the network links are congested, the client adapts to lower bitrate in
order to avoid outages. As shown in Table 3.6, Table 3.7,when (A = 8 Mbps),
the proposed algorithm has less re-buffering. But, the TBA and BBA algorithms
have an unacceptable value in terms of re-buffering in both forms of duration and
frequently repeated. It is because the client by itself has less information about the
underlying network. As a result, the greedy behavior of the client in a short period
may not ensure appropriate bitrate adaption. On the contrary, since the controller
runs the OLS algorithm by using its knowledge about the underlying network, it
helps clients to request the highest number of video layers under the constraint of

network capacity.

The disadvantage of giving more packet loss threshold for different layers can
be absolved in OLS_thrs. By increasing network capacity, the re-buffering duration
reduces significantly in all approaches except OLS_thrs. Increasing packet loss
threshold value gives more flexibility to the client to request video segments from
the layer with the higher bitrate. Hence, it can impact dramatically network traffic

and leads to more delay and re-buffering.

Table 3.8 shows the number of quality switches during streaming. Less num-
ber of quality switches means that the client experiences stable video quality. It is
observed that the O LS algorithm provides stable video quality in all scenarios. The
main reason is that, it prevents clients to switch higher layers when clients estimate
that the network has more bandwidth in a short period of time. In other words, the

proposed approaches limit clients’ greedy behaviors.

Mean Value )=8 Mbps )\=10 Mbps )=12 Mbps A=15 Mbps

BBA 198 120 66 12
TBA 185 104 49 19
OLS — thry 51 35 24 9
OLS — thry 52 37 36 35

Table 3.6. Total re-buffering duration per client (seconds).
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Mean Value =8 Mbps =10 Mbps )=12 Mbps A=15 Mbps

BBA 50 39 26 8
TBA 50 29 28 9
OLS — thry 16 14 11 6
OLS — thre 20 15 14 15

Table 3.7. Total number of re-buffering per client

Scenario 1(A=8 Mbps) TBA BBA OLS —thr; OLS — thr,

+1 21.4 5.5 0 0.3
+2 32.7 9.6 0 0
-1 52.0 0 0 0
-2 1.3 9.0 0 0
Scenario 1(A\=10 Mbps)

+1 30.3 8.9 0.3 0.4
+2 17.0 0 0 0
-1 44.5 8.3 0 0
-2 2.3 0 0 0
Scenario 3(A\=12 Mbps)

+1 25.5 5.9 0.7 0.9
+2 38 0 0 0
-1 60.5 522 0 0
-2 2.3 0 0 0
Scenario 4(\=15 Mbps)

+1 24.3 2.6 0.8 0.6
+2 50 0 0.4 0.8
-1 71 1.7 0 0
-2 2.1 0 0 0

Table 3.8. Number of switches between different representations

In the table, +(—)z shows the increase (decrease) in the video quality and
2 number of video layers are added (extracted) between the successive requests of
the clients. For example, 42 represents that the client receives the next segment
from two quality level higher than the last downloaded one. In all scenarios, it
is clear that the OLS algorithm has the lowest value in terms of the number of

increments and decrements. It is because the controller’s messages in the OLS
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algorithm assists clients to receive video segments from specific layers and restricts
client greedy behaviors when the network has plenty of bandwidth in a short period
of time. As well, the BB A algorithm avoids the high number of quality switches.
On the contrary, in the T BA algorithm, clients have greedy behavior to receive
video from upper layers. Hence, when network is congested clients receive a base
layer for a short period of time, and then may request video segments from upper
layers when network capacity changes. Hence, 7'B A has a higher number of quality

switches when compared to other approaches.

3.3 Conclusion

SDN technology can provide increasing the performance of video streaming
applications. It is also possible to achieve higher performance if the characteristics

of video stream applications are considered when utilizing SDN technology.

Layered video streaming systems allow clients to obtain various video qual-
ities from one encoded video file. In order to encode the video sequences with a
layered codec, SV C' or M DC' can be used, which have different characteristics.
In this paper, we proposed a video streaming system architecture where the SDN
controller is aware of video codec types and video layer’s bitrates. By taking into ac-
count layer dependency constraints of both codecs, estimated packet loss ratios and
current network condition into account, the controller dynamically assigns stream-
ing paths for each layer of the videos transferred to all clients. In addition to that, the
controller recommends the client the optimal number of layers under the constraint

of current network conditions.

We also proposed an SDN assisted DASH client architecture, where clients
and SDN controller communicate periodically and the client can be able to interpret
the recommendations sent by the controller. The clients utilize these recommenda-
tions within the rate adaptation module and decide the requested video segments by
considering its own rate adaptation logic, buffer fullness level and recommended
the number of layers by the controller. Simulation results show that the proposed
architecture provides an increase in received video quality up to 76% and up to 10%
decrease in outage duration when it is compared to another approach where the paths

with maximum available bandwidths are assigned to the clients.
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4. VIRTUAL CACHE PLACEMENT AND MIGRATION

In this section, we present our algorithm for installing virtual cache in a suit-
able location as close as possible to clients and reduce the total cost of bandwidth
usage. Web-caches play an important role in the architecture of a DASH system,
which can bring video files near to the clients. In such systems, the placement of

the caches affects the performance of the video streaming applications.

In this study, we propose a SAND video streaming architecture utilizing both
SDN and N FV concepts, whereby virtual cache instances are created on-demand
by considering the live DASH attributes and characteristics. In this article, our con-
tribution focus on three main topics. Firstly we introduce an algorithm for installing
an additional cache when the number of clients in the network rapidly increases and
the existing cache is not adequate. In the second phase, we revise our algorithm such
that there is no cache in the network and we should find the first cache location. Fi-
nally, when network conditions and traffic patterns change we extend our study by

proposing a new algorithm for cache migration.

4.1 Virtualized Cache Placement in SDN/NFV Assisted SAND Ar-
chitecture

The performance of video streaming applications influenced when the net-
work conditions are changed because of cross traffic or due to newly joined or re-
cently leaving clients. To cope with this dynamism of network conditions, adaptive
HTTP streaming applications have been developed, whereby the clients can change
the video quality according to the changing throughput or buffer fullness. Adaptive
streaming technologies such as Apple HLS, Microsoft MSS, and Adobe HDS are
the ways to deliver multiple bitrates over the HTTP. Adaptive means that players
on the client’s side automatically detect Internet throughput and adjust to suitable
quality in response. Adaptive streaming technologies are a performance manage-
ment technique that offers lots of potential for OTT toward streaming multimedia

over the Internet.

Caches in the form of HTTP/web-caches play an important role in the archi-
tecture of a D AS H system, and they can bring video files nearer to the clients than
the original source. In such systems, the placement of the caches affects the per-
formance of the video streaming applications. These virtual caches are defined as
DANESs, and using such an approach gives the right level of flexibility and control.
vDANEs are the virtualized caches with the knowledge of DASH characteristics,
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which uses NFV hosted by the servers connected to the switches. We select close to
optimal network nodes for virtual cache placement by taking into account charac-
teristics such as the bandwidth of the paths, the places, and the number of the online

clients, for a given network graph.

In this section, we select the optimal network nodes for cache placement by
taking into account characteristics such as the bandwidth of the paths, the places, and
the number of the online clients, for a given network graph. For this purpose, we
use a placement algorithm which is an enhanced version of the Pressure algorithm
proposed by Clegg (Clegg et al., 2013) which we call PressureCache, an imple-
mentation of virtualized vDAN Es. The results show that the proposed approach

gives better performance in terms of received quality than random cache placement.

SDN and N F'V technologies can be utilized together by using them as com-
ponents of a video streaming system architecture. Today, the biggest video stream-
ing companies deploy C'D N servers to bring video content closer to their customers.
The virtualization of C DN servers can be performed by defining C'DN functions
as V' N F's that run on top of the physical elements within /.S Ps (N. Bouten et al.,
2015). Based on the co-operation between 1.5 Ps and OT'T video service providers,
vC' DN instances can be created in several points in the network in order to cre-
ate a streaming service infrastructure that can deliver video packets to the clients
efficiently (Ibn-Khedher et al., 2017).

4.1.1 Related Works

In conventional web and C'DN caching mechanism, content is proactively
pushed to edge servers rely on prior knowledge of content demand and network
structure which means that cache location is almost static. Caching content in edge
devices in Information Centric Network (ICN) is not so efficient while data plane
and control plan are implemented inside the forwarding device which affects for-
warding device performance. Further, by pushing content to all edges, unnecessarily
same content replicated in all edge routers/switches which affect forwarding device
performance and consequently reduces overall network performance. On the other
hand, avoiding content similarity in edge devices cause more convergence between
forwarding devices and has a side effect on network traffic. Synchronizing between
forwarding devices and controller keep update forwarding table in edge devices and
reduce forwarding table size. Routing decisions in central control can accelerate

service delivery and provides more agility to forwarding devices.
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Certainly, the cache content popularity such as PopCache (Suksomboon et
al., 2013) and BEACON (Xiaoqiang et al., 2016) have a big impact on cache per-
formance, but none of these studies considered the impact of the user access behav-
ior. Consequently, the selection of important nodes towards reducing the number
of content acquisition hops (He et al., 2017) (Gomes et al., 2017) is a key factor
for improving network performance. In (Tang et al., 2019), clients request con-
tent from a connected edge, and edge as a nearest content resources respond if the
requested content is available. Otherwise, the request is forwarded until the corre-
sponding resources are returned. Based on the prediction algorithm, the edge node
decides whether and where to cache the requested content. Further, the server as a
central controller pushes data content to the edge node. Again, the proposed algo-
rithm more focus on prediction user requests and pre-fetching rather than place the

minimal number of cache in optimal locations.

The main limitation of the centralized cache approach is that in a large net-
work it not perform well. As a simple solution, a large network can be sliced and
cache placed in each domain. Network slicing helps to reduce cache servers load
and end-to-end delay, but dividing network into multiple domains as well as cache
placement algorithm needs to be considered. To address those challenges, authors in
(Badshah et al., 2019) proposed multiple cache servers based on closeness central-
ity, betweenness centrality, and path-stretch values. However, the proposed model
has static nature which means that the cache location is fixed even the network’s
traffic pattern has changed. Also, clients suffer performance when cache servers are
placed behind bottleneck links.

Rely on the concept of SDN technology, this study aim caching content in
edge equipment’s named vDANE. Compared with traditional web cachingand C DN
caching, a virtual cache is ubiquitous and transparent to applications, cache loca-
tions are dynamic and also separation data and control plane easier network traffic
management. The main advantage of physical forwarding devices and the logi-
cally central controller has easier network monitoring and management. As a con-
sequence, provides a mechanism to place caches in different suitable locations which
leads to better performance. The approaches proposed for localization of the virtual
functions are developed for conventional Internet applications rather than focusing
on video streaming applications’ requirements (Clayman et al., 2014), (Moens and
Turck, 2014). Optimal cache localization policy which jointly considers network
capacity, the load and migration of the virtual C'D Ns is proposed in (Ibn-Khedher
et al., 2017). Although these approaches provide remarkable solutions to virtual

cache placement problems, they differ from our study since our implementation is
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developed by taking DASH and SAN D into account. The authors did not focus
on adaptive video streaming, cache selection, and considering the number of clients

as well.

In terms of network resource utilization, optimal content placement more de-
pends on the geographical distribution of requests, request intensity, and content
popularity. The content placement which discussed in (Claeys et al., 2014) improves
bandwidth usage by proactively caching content inside the ISPs network. However,
proactive caching does not satisfy the geographical distribution and dynamic na-
ture of the video-on-demand requests. Furthermore, frequently migrating content
to reconfigure the proactive placement result in more bandwidth usage. Authors in
(Claeys et al., 2016) proposed Integer Linear Program (ILP) model to address fre-
quently migration multi-tenant content and server selection. Despite the similarity
in terms of problem objectives, both proposed models cannot apply to our scenario
as they rely on VoD and long term prediction (e.g., a week) which is not suitable in
live streaming. However, they did not launch advanced of the SD N technologies

into account.

The advantages and flexibility offered by N F'V and SD N technologies have
encouraged researchers to utilize them in caching infrastructure for video streaming
architectures. Authors in (N. Bouten et al., 2015) provided a hierarchical network
architecture consists of three layer structure (core, aggregation, and access layers)
for multimedia delivery on N F'V. The efficient placement of virtualized network
functions is discussed in (Moens and De Turck, 2014), where authors introduced
hybrid solution inside providers network with a combination of the legacy network
and N F'V named N F'V — P. Regards a good abstraction of the deployment of N 'V
in an operator’s network it seems like that author in both works did not consider QoE
parameters. Intelligent migration algorithm for deciding the optimal placement for
virtual content delivery functions is presented in OMAC (Ibn-Khedher et al., 2016a),
However, this study focused on minimizing the migration cost and not the content

retrieval delay or the response time.

The co-operation of C' DN companies and 1.5 P network providers can be ben-
eficial for DASH applications (Cetinkaya and Sayit, 2016). While SAN D architec-
ture introduces a message exchange between DASH clients and network-aware ele-
ments, content providers can leverage SAND in order to conduct the DASH client
to specific C DN servers. The impact of C DN and IC'N for DASH streaming has
been investigated by Zhe et al. in (L1 et al., 2012). The authors present a network-
friendly DASH architecture under the joint management of both CDN's and I S Ps
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and propose a communication protocol between virtual and original CDN. However,
proposed architecture does not aim at determining the location of a cache server or

proxy, but determining a copy of requested content.

The approach presented in (Heikkinen et al., 2016), combines the SAN D
standard with C DN management features for D ASH video streaming by imple-
menting content aware-caching and by deploying content and service-aware net-
works elements. In the proposed model, a monitoring and management server re-
ceives metric signals from clients and communicates with C'DN servers via PER
messages in order to inquire about the status of the servers and network condi-
tions. Nevertheless, C'DN server placement and NFV-SDN related solutions were
not studied in this work. Although there are several SAN D architecture utilizing
SDN advantages proposed in the literature (Kleinrouweler et al., 2016), (Kalan
et al., 2017), our study differs from these studies since virtualization concepts and
cache placement problems are not previously considered. We, therefore, focus our
study on the behavior of the SAND architecture to place the cache in an optimal
location in the NFV-SDN networks for streaming video with better QoE.

Virtualized networking such as NFV-SDN is good for addressing the high de-
mand for resources, unpredictable traffic patterns, and agility in network config-
uration. In cache as a service (Georgopoulos et al., 2014), the authors introduce
OpenClache architecture which leverage SDN andOpen F'low to provide a control
plane that orchestrates caching and steers the content to the clients as close as possi-
ble. The objective of OpenCache is more related to what content should be cached,
but the proposed method does not consider cache placement, network bandwidth, or

traffic patterns.

Leveraging N F'V increases network flexibility and reduces cost by having
the displacement of network functions over virtual instances deployed on generic
servers. Efficient and dynamic placement of virtual network functions is discussed
in (Clayman et al., 2014). In the proposed solution of (Moens and Turck, 2014),
when the network load rises the base load is handled by physical hardware while
virtual instances deal with the overflow. However, this study does not elaborate on
the specific data and traffic in practice. /N F'V based multimedia delivery is reported
in (N. Bouten et al., 2015). This study more focuses on the optimal allocation of the
data center and intention to find the trade-off between distributed and centralized

topology and less attention to real multimedia traffic.
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More recently, with the facility of Network Slicing which utilizes N F'V's and
virtualized apps, it becomes easier to adapt the performance of the slice to service
needs. Aspects such as migrating caches to optimize performance become more
flexible. In this section, we propose a SAND video streaming architecture utiliz-
ing NFV-SDN concepts, whereby virtual cache instances are created on-demand by
considering the live DASH attributes and characteristics. These virtual caches are
defined as DANEs, and using such an approach gives the right level of flexibility
and control. vDAN E's are the virtualized caches with the knowledge of DASH
characteristics, which uses /N F'V hosted by the servers connected to the switches.
We select close to optimal network nodes for virtual cache placement by taking into
account characteristics such as the bandwidth of the paths, the places, and the num-
ber of the online clients, for a given network graph. The architecture of the proposed
system discussed in the next section.

4.1.2 System Architecture and Design

The system design for vDAN E's is presented here, showing the overall ar-
chitecture and the cache selection and cache placement algorithm. The controller
and the caches are setups as DANEs in this architecture. We use N F'V to create
vDANE instances which are added based on the output of the modules running on
the controller. The architecture is illustrated in Figure 4.1, and shows the layering

devised.

The top layer consists of the Controller, where DANE Orchestration and con-
trol plane functions related to the proposed architecture are managed. This layer
provides all of the modules and functions for NFV-SDN — the Basic Network Ser-
vice Functions, and for managing DANEs — the DANE Modules. This top layer
also has a REST API that can be used by higher-level Apps and Services. There
are three DANE modules within the controller, and these modules determine (i) if a
new vDANE instance should be added to the network, (ii) where it should be placed,
and (ii1) to which one of clients it should connect.

The middle layer is represented by an abstraction of vDANESs, made up of all
the of the NFVs executing DANEs across the network. The bottom layer is the

physical infrastructure, which consists of OpenFlow enabled switches and links.
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Figure 4.1. vDANE modoules and system architecture view

4.1.3 Cache Selection and Cache Placement

vDAN E's are designed to be aware of the D AS H system and its application-
specific parameters, such as the number and the bitrates of the media representations.
vDAN Es periodically send the average quality of the received video representation
requested by the clients back to the Controller. This information is retrieved by the
Cache requirement detection module running in the controller. The Cache require-
ment detection module checks if the average quality, received by the clients, is under
a specific threshold, called the quality threshold. This threshold can be specified by
either the network operator or the video streaming system company. For example,
it can be selected as the bitrate of the representation having moderate quality. If the
average requested quality is under the quality threshold, the controller then decides
to create a new vDANE instance. The placement of the new vDANE is determined
by the Cache placement module of the controller. When the Cache requirement de-
tection module triggers, it signals the Cache placement module, and the placement

process starts.

For the selection of the location of vDANE, we use a placement algorithm
which is a modified version of the Pressure algorithm proposed by Clegg et al.
(Clegg et al., 2013) and extended in (Tuncer et al., 2015), which we call the Pres-

sureCache algorithm. This algorithm has never been used for determining cache
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placement in the literature. In the PressureCache algorithm a score, called the
PressureCache score, is calculated for all potential switches that can be selected
as hosting a vDANE instance. The PressureCache score is calculated for switch i
by using formula (4.1) and (4.2), which are modified versions of the score calcula-
tion formula given in (Clegg et al., 2013). P(i) refers to PressureCache score of

switch 7.

k
b
avgb; = —221 : (4.1)

> j—1izjmaz(1, avgb; — bij)]
n

P(i) = (4.2)

The score calculation was modified in this study since the formula in (Clegg et al.,
2013) only considers the number of hops between the switches and does not consider
the bandwidth values of the paths. However, the available bandwidth of the paths
between the clients and the server is one of the main criteria that directly affects the
performance of the video streaming application. In addition, the number of clients
connected to a switch, which is also a criterion that effects available bandwidth of
the paths between clients and the caches, was not considered in the calculation given
in (Clegg et al., 2013). Also, the shortest path may not lead to better performance
because it rapidly changes to bottleneck points while requests increase. In this paper,
we consider the available bandwidth of the paths as well as the number of clients

connected to a switch when calculating the score for the switches.

In formula (4.1), b refers to bandwidth of the path between switch j and the
vDANE which the clients transferred packets from, where ¢ and k represent the
clients and number of the clients connected to switch j, respectively. The formula
gives the average bandwidth value for the paths between the clients and their associ-
ated vD AN E's. Note that, if there is no client connected to a switch, the bandwidth
values related to that switch’s links are not used in the calculation of the formula. In
formula (4.2), b, is the bandwidth of the path between the switch ¢ and switch j/,
and n is the number of clients connected to the switch ¢. Switch j refers to the switch
that host the first vDANE.

The PressureCache algorithm is given in Algorithm 3. The algorithm se-
lects an almost optimal point for vDANE placement, by considering the bandwidth
of the paths between the v D AN E's and the clients and also between potential places
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Algorithm 3: PressureCache Algorithm
Input: Set of switches
let selected nodes hosting vVDANE function;
foreach switch i not in selected do
‘ Compute Pressure Score(i);
end
Output: Select the switch with the lowest score

A W N =

for a new vDANE instance and the clients. While the Pressure algorithm proposed
in Tuncer (Tuncer etal., 2015) selects more than one switch to connect local manager
nodes to by considering the number of hops between switches, the PressureCache
algorithm only selects the most optimal switch for vDANE placement and makes
this selection by using the PressureCache score. After the placement of the new
vDANE is determined, the controller creates a new vDANE instance connected to
the specified switch. Creating a new instance of a vDANE brings about the further
problem of selecting the vDANE for each client to connect to. vDANE selection for
each client is done by the Cache selection module of the Controller. This module
compares the maximum bandwidth of the paths between each client and the vDANE

instances and selects the vDANE with maximum available bandwidth.

4.1.4 Testbed and Simulation Setup

In order to evaluate the performance of the PressureCache algorithm with re-
spect to improving the Qo FE, we applied our experiments over three network topolo-
gies and used Elephants Dream (ED-I1) media dataset (ED-II, 2017) for streaming
video and benefit from the network-friendly nature of the SV C which is an exten-
sion of the H.264 standard. The SV C' codec provides one base layer and one or
more enhancement layers. The base layer has the lowest quality and can be decoded
independently, but enhancement layers depend on the base layer and previous lay-
ers to improve video quality. Thus, clients need to receive the base layer and all
the enhancement layers to achieve topmost quality. As shown in the representations
Table 4.1, there is one base layer (L0O) and two enhancement layers (L1 and L2).
Each of the layers includes 327 video segments with an equal length of two seconds
of video, giving a total video length of 654 seconds. The base layer, L0, has an
encoding bitrate of 2400 kbps, L1 has a bitrate of 3417 kbps, and L2 has a bitrate
of 5167 kbps.

For performance evaluation, we use the following QQoE metrics: (i) average
received bitrate, (ii) outage duration, and (iii) number of the video segments received

from each quality layer. The three topologies used are two real-world topologies
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Representation L0 L1 L2

Bitrate 2400 3417 5167
Table 4.1. Elephants Dream (ED-II) data set representations.

Topology #Nodes #Links
Custom 8 11
Compuserve 11 14
BellCanada 42 58

Table 4.2. Network topologies specification.

Topology PressureCache Random
Custom 4051 3546
Compuserve 4289 3784
BellCanada 4718 3313

Table 4.3. Average received bitrate (kbps).

Topology PressureCache Random
Custom 223 498
Compuserve 420 432
BellCanada 81 750

Table 4.4. Outage duration (milliseconds).

from the Internet Topology Zoo (Topology-Zoo, 2017) and a custom one. The num-
ber of nodes and links are presented in Table 4.2.

This study aims to find the optimal location for the next incoming vDANE
while the number of clients increases and leads to a decrease received bitrate on the
client-side. As discussed in Section 3, the controller aligns with SAND to estimate a
better location for vDANE placement. We also choose random feasible places-with
maximal and minimum distance from the current vDANE- which have an adequate
bandwidth for placement in order to compare with optimal placement and we refer
this approach as a random approach. Mininet emulator, which consists of OpenFlow
enabled switches is adapted for simulation. DASH clients join to the network based
on Poisson distributions. The average interval time and the number of clients are set
to 5 and 10, respectively.
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Figure 4.2. Received video layer and playback quality
4.1.5 Performance Evaluation and Experimental Results

In order to investigate the performance of the previously described setup, we
conduct a simulation which focuses on the QQoFE parameters during the streaming.
Our experiment includes close to an optimal virtual server that is selected based
on the PressureCache algorithm. We compare those results with an experiment
using randomly placed servers which are randomly distributed in overlay networks
and have the capability to serve DASH clients. In order to derive tolerable and
acceptable values, all of the topologies are simulated 5 times and the average value of
the results are shown in the tables and figures. Also, instead of reporting individual

value for each random server, we just give average value due to the space limitations.

We see in Figure 4.2 that the PressureCache algorithm outperforms the ran-
dom selection. In this Figure, L0 refers to lower video quality, L1 the enhance-
ment 1, and L2 has higher bitrate or representation quality. A client who receives
more video from the L0 layer will be displaying video with lower quality. In con-
trast, receiving more video segments from layer L2 is proof that the client is expe-
riencing better quality video. It is clear that clients in the PressureCache setup
have received far more video segments of a higher bitrate, while in the random
approach, clients have received more segments from layer L0, the lower bitrate.
We observe that the BellCanada network shows particularly good video quality
using the PressureC'ache. Table 4.3 show the average received bitrate in both
PressureCache and random selection. The numbers show that in all the three
topologies, the PressureCache approach derives a better performance since it has

maximum received bitrate.
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Figure 4.3. Requested video layer per segment

Increasing network traffic can result in reducing download speed and can lead
to draining a client’s buffer and consequently pausing video playback. In Table
4.4 the total outage duration (while the buffer is empty and the client has to wait)
per client is presented for both PressureCache and random selection. It is obvious
from the data that the PressureCache has fewer buffer outages in all topologies and
hence clients achieve an uninterrupted display. This is because the PressureCache
algorithms utilize the network links and use bandwidth in a desirable manner. For-
warding a client’s request to the qualified improves network bandwidth utilization

and reduce delay.

Figure 4.3 shows the first 60 segments of a single sample of the requested
layers during streaming, shown as a sample timeline. We see that the requested layer
starts at the Base layer (L0O), goes to Enhancement 1 (L1) and then to Enhancement
2 (L2). The requested layer is mostly at L2 but drops to L1, and occasionally LO,
depending on network conditions.

During the tests, the simulation is repeated 5 times for each topology. In order
to show the average values of the requested layers across each of the runs, we have
mapped the values observed, which are from a discrete domain of L0, L1, L2, into
values in the continuous domain. We set LO — 0.0, L1 — 1.0, and L2 — 2.0. Using
this approach we can calculate the average values of the mapped requested layers.
The averaged time-line trend of mapped values is depicted in Figure 4.4. As shown,
at the beginning of the streaming, the client gets a lower bitrate layer in order to
fill the buffer and get a fast startup. Then it adaptively downloads video segments
from the best layer as possible. In the PressureCache approach, clients request
and received most of their video segments from enhancement layers which have a

higher bitrate, while in the random case, the clients get a lower bitrate.
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4.1.6 Conclusion

In this section, we presented an architecture utilizing NFV-SDNV concepts as
a proposal for SAN D, which is a standardization process managed by the M PEG
Group. For this purpose, we introduced a concept called vDANE, which are virtual
web-caches that are aware of D ASH characteristics, and we proposed a placement
algorithm for those vD AN E's. In order to show the performance of the proposed
architecture, we comparatively tested the proposed algorithm over different custom
and real-world topologies. The results show that the proposed algorithm provides up
to 42% increase in received video bitrate and up to 90% decrease in outage duration.
This means that clients in the PressureCache approach receive higher bitrate and
experience better quality, while the average of random vDANE placement drives to

lower bitrates.

As future works, we plan to enhance our study by improving the algorithm
by considering dynamic network topologies. We also plan to develop an approach
for the first vDANE placement and vDANE migration as well. In the beginning, we
will address vDANE placement and dynamically update vDANE location by taking

client and network statistics into account.

Note : The results of this study proposed in (Clayman et al., 2018) IEEE
International Black Sea Conference on Communications and Networking, 4-7 June

2018 — Batumi, Georgia
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4.2 Optimal Cache Placement And Migration For Improving The
Performance Of Virtualized SAND

Nowadays, video streaming over H1'T'P is one of the most dominant Internet
applications, using adaptive video techniques. Rely on this popularity, network-
assisted approaches have been proposed and are being standardized in order to pro-
vide high QQoF for the end-users of such applications. As discussed in the previous
section, while caches are one of the main components of the SAND architecture, the
location and the connectivity of these caches play an important role in the user’s
QoFE. The nature of SAND and DANE provides a good foundation for software-
controlled virtualized DASH environments, and in this paper, we propose a cache
location algorithm and a cache migration algorithm for virtualized DANE deploy-
ments. The optimal locations for the virtualized DANESs are determined by the SDN
controller and migrate it based on gathered statistics. The performance of the result-
ing system shows that, when NFV-SDN technologies are leveraged in such systems,

software-controlled virtualized approaches can provide an increase in QoFE.

In this current work, we consider a scenario where a video streaming company,
in co-operation with the /.5 P, has allocated a network slice to allow the deployment
of uDAN E's, and the I.SP is using SDN to connect the nodes. We focus on cache
placement and migration problems and propose an approach for selecting the opti-
mal location of instances of vD AN Es. Since caches help reduce latency by putting
the video content nearby the clients, the location of the caches (and vDANEs specif-
ically) plays an important role in the performance of video streaming applications.
The placement of vDAN E's and the migration functions are executed by an SDN
controller, whereby the controller selects an optimal location for installing the initial
virtual vDANE using N F'V. When the network conditions are changed because of
cross traffic or due to newly joined or recently leaving clients, the SDN controller
runs the algorithm for cache migration. For determining the optimal point for a in-
stance, both the resource availability and the performance requirements in terms of
network bandwidth are considered. When a vDANE instance is migrated from one
location to another, SAND messages are sent to the clients so that they can connect

to the new vDANE in its new location.

The contributions of this section are to address: (i) an approach for selecting a
node among feasible nodes for creating an instance of vDANE function; (i) moving
the instance to another node when network conditions are changed; (iii) an imple-
mentation of the SAND architecture which uses vDAN E's in the SDN network.
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Note: vDAN Es behave as virtual caches which are managed by the 15 Ps,
and due to the nature of vDANE, we will use the terms "vDANE’ and 'vCache’

interchangeably.

4.2.1 Proposed SAND architecture with vDANESs

Our previous work (Clayman et al., 2018) proposed a DANE implementation
utilizing the NV F'V concept, which we called the vDANE. Also, we introduced an al-
gorithm for selecting the placement of an additional when a new cache is required.
In this work, we study the problem of selecting the location of the initial and the
migration of it considering SAN D characteristics. Moreover, we consider the re-
placement of the virtualized cache function and connectivity, as well as bandwidth
and hop counts of the links, where only available bandwidth is considered in (Clay-
man et al., 2018).

DASH clients adapt quality based on throughput and request video segments
from a cache. Requesting segments from a remote cache can influence the video
throughput and buffer fullness, hence the perceived quality, due to a possible in-
crease in latency and a decrease in bandwidth. By bringing the cache nearer to
clients, it reduces latency and may improve network conditions in terms of band-
width. In order to provide a higher QQoF, cache placement should be done by con-
sidering link bandwidth and delay. The goal of our algorithm is to find an optimal

node for virtual cache placement to improve the QoE at the clients.

In our scenario, the SDN controller has information about /P addresses of
DASH clients as well as the bitrate of the video file’s representations, by means
of the cooperation between the network operator and video streaming company.
The system architecture and controller modules, illustrated in Figure 4.5, provides
DANE function modules for: (i) Cache Placement and (ii) Cache Migration. The
controller modules include basic network service functions that are responsible for
collecting traffic statistics, monitoring hosts and flows, and uploading flow rules to
the switches. The controller also sends and receives DANE Messages as part of the
SAN D architecture.

The Cache Placement module is triggered when the first D AS H client comes
online and sends a request to start video streaming, and it selects an optimal point
for the vDANE instance. The Cache Migration module is triggered when the con-
troller detects the location of vDANE should be changed. Since network capacity

is dynamic due to cross traffic and a different number of DASH clients being con-
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Figure 4.5. SAND Architecture with vDANE orchestration

nected/ disconnected over time from various points of the network, this module
changes the location of the vDANE functions to provide seamless service, under
this dynamic environment. The Cache Migration module then sends DANE Mes-
sages to ensure that clients can renew their 7'C'P connection and informing them

about the I P address of the new server.

4.2.2 Selecting the Initial Cache Location

Our study aims to find the optimal location for the placement of the initial
vDANE instance and then to migrate it, in such a way that it mainly reduces the
traffic and still provides high QoE for DASH clients. In order to minimize the total
network traffic and to efficiently utilize network bandwidth, the hop count should be
minimized. Reducing the distance between clients and content sources, it can elim-
inate forwarding flows over inessential links. Taking advantage of minimum hop
count can improve latency and the total amount of flows that travel across network
paths. Minimum hop count is considered in the HotSpot algorithms (Mamatas et
al., 2010), but this approach may result in lower performance if virtual caches are
placed behind bottlenecked links. To overcome this obstacle, besides using the dis-
tance factor, in terms of hop count, we take the total amount of bandwidth and the

number of connectivity into account as well.

In the proposed cache placement algorithm, vD AN E's are instantiated at the
network node which provides minimizes distance to the clients and maximizes the

bandwidth. To achieve this, we develop PressurelnitialCache (PIC) algorithm that
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estimates the pressure score of the candidate nodes. This algorithm was developed
by following and modifying the PressureCache algorithm proposed in our previ-
ous work which is based on a Pressure formula discussed in (Clegg et al., 2013)
and enhanced in (Tuncer et al., 2015). The output of the PressurelnitialCache al-
gorithm is a score which is calculated for all potential switches that can be selected
as hosting a vDANE instance. The PressurelnitialCache calculated this score for
switch j by considering distance in terms of hop counts and pressure in terms of

client density.

The PressurelnitialCache algorithm is presented here. Assume in any net-
work, H (t) represents a set of online clients at time ¢, d;; is the distance between
nodes ¢ and j in terms of hop count, and P is the set of the path between these nodes.
In the proposed framework, node refers to the network elements that can run virtu-
alized network functions. Consider a virtual cache instance is running on the node
j. Suppose that the client connected to the node ¢ requests video content from the
cache. By considering that, the cache sends packets to the clients which connected
to the node ¢, by a rate of r; per each time unit. Accordingly, 7; unit of traffic will be
passed from node j to node i over d;; hops in each time unit. Hence, the total traffic
amount exchanged per time unit will roughly equal the value given by formula in
(4.3).

T(t) = Z ridij (4.3)

ieH (t)

In order to reduce total network traffic and response time as well, the candidate
cache node should have minimum distance with clients (d;;) and provide maximum
available bandwidth and connectivity. The cache location which gives the maximum
value of bandwidth / distance 1s optimal. Suppose L represents number of the links
in the network, B = > ZL: , by 1s the total network bandwidth and B = Zfzjl b; 1s the
total bandwidth of the links that directly connected to node j. Here, b; refers to the
bandwidth of the link [ and L; refers to the number of links which j connected to.
While B represents the total capacity of the network, B’ represents the maximum
traffic amount that can be transferred by the node j. D(j) = Zfih 1 dij refers
to distance between the node j and clients > 1 hop away, where h represents the
number of clients connected to j* node through one-hop distance, H is the number
of all clients and D'(j) = S0, d

i=1 g



71

The context of locality has a remarkable impact on performance. On the con-
trary, a long-distance connection has a negative effect due to the R7"T" delay and
consumed links bandwidth while traveling through more of them. By considering
these facts, we evaluate the candidate locations to run the initial vDANE network
function by using formula (4.4). This formula sets a pressure score, which is indi-
cated by P(j), for all possible candidate node locations denoted by j. Note that,
this formula gives slightly more importance to distance than the bandwidth. The
reason for that is, distance-related metrics generally affect jitter and initial waiting
time parameters of video streaming applications and when available bandwidth is
adequate, these parameters can be manageable with a rational buffering mechanism
on the client’s side. Since client with direct connection to the cache node has only

one hop distance, the d;; in the denominator equals to 1, which makes Z?:l d;j = h.

L H L H
P(j) = ﬁ _ D1y b Z¢:h+1 dij 4 D1y b Zi:hﬂ dij (4.4)
D bl dy hx 307 b

Finally, in order to increase reliability, the number of links connected to a
candidate node also has been taken into account. Note that, more connection links
provide more reliability. Lets L; indicated the total number of connected links to the
candidate node. With considering all parameters, Pressurelnitial Cache algorithm is
running to calculated pressure score for node j by using formula (4.5). The node

with the minimum score is selected as a location for the initial cache in the network.

L H
_ > ey b Zi:h—i—l dij

P(j :
() Zl[ilbl*h*l/j

(4.5)

4.2.3 Cache Migration

Whena DASH client requests to start the video streaming application, if there
is no running vDANE instance on the network, the controller triggers the Cache
Placement module. As shown in Algorithm 4, the Pressure score, is calculated for
all potential switches that can be selected as hosting a vDANE instance. The switch
which has a minimum score considered as the optimal place for the initial vDANE

instance.
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Algorithm 4: Pressurelnitial Cache Algorithm
Input: Set of switches

1 while frue do

2 monitor network condition

3 if network condition has changed then

4 foreach switch j do

5 ‘ Compute PressureScore (j)

6

7

8

end
end

end
Output: Select the switch with the lowest pressure score

Topologies #Nodes  #Links  #Clients Average bandwidth (Mbps)

Custom 8 11 10 A=T7, A=10, I=15
Compuserve 11 14 12 A=7, =10, X=15
BellCanada 43 58 20 A=T7, A=10, A=15

Table 4.5. Network topologies properties and configuration

Representations #R1 #R2 #R3 #R4 #RS #R6

Bitrate 2133 2484 3078 3526 3840 4219
Table 4.6. Big Buck Bunny representations (kb)

After the initial vDANE instance starts, the controller continuously monitors
network traffic, client behavior, and collect statistics from forwarding devices. When
the number of clients in the system changes or the controller determines a signifi-
cant change in the traffic pattern, it runs the PressurelnitialCache algorithm and
calculates scores for each node again. Changes in traffic amount are determined
based on a predefined certain quality threshold, which can be assigned by either
video streaming company or network operator. If the location of vDANE is changed
according to the new score, the controller sends PER enforcement messages to the
clients to change their request to vDANE in the new location. Further, the shortest

paths are selected for each client for streaming packets.

If the average quality in terms of bitrate or representation received by the
clients is under the quality threshold, the controller then decides to deploy additional
vDANE. An algorithm that decides when a new cache instance should be installed

is proposed in our previous work (Clayman et al., 2018).
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4.2.4 Test bed and Simulation Setup

Same as previous works, we have implemented and run simulations using the
Mininet emulator in order to evaluate the performance of the proposed algorithm.
The FloodLight SD N controller, with the assistance of Open F'low as a southbound
interface, was used during the simulations. Three different network topologies were
used to evaluate the performance of the PressurelnitialCache algorithm, which
include a Custom topology and two from the Internet Topology Zoo (Topology-
Zoo, 2017): the Compuserve and BellCanada topologies, as shown in Table 4.5.
The number of the DASH clients are set to /0, 12, and 20, for of the network topolo-
gies, respectively. A Poisson distribution with different mean values: A=7, A\=10,
A=15 Mbps, were used for defining the network link bandwidths. Network links do
not have the same bandwidth, but there is no big difference in links’ capacity. For
example, in the first setting, bandwidth is set to (A=7 Mb) which means that links
capacity could even be SMb or 8Mb.

During simulation, the Big Buck Bunny video (ITEC, 2018) with six different
representations is used for streaming. Each representation contains 299 video seg-
ments with an equal length of 2 seconds, so the total length of each representation is
598 seconds of video. As shown in Table 4.6, the first representation (/1) has the
lowest bitrate, and the last representation (R6) provides the highest bitrate or video
quality. To achieve better QQoF, clients should request and receive as many segments
as possible from representations with a higher bitrate. The clients run a throughput
based rate adaptation algorithm, where they decide the video quality based on the
observed throughput values. Clients are randomly distributed over all of the nodes,
and the DASH clients join and leave the network based on a Poisson distribution,

which has a mean equals to 3 seconds.

4.2.5 Performance Evaluations and Experiment Results

In order to provide comparable performance results, we also implemented two
other algorithms: one of them is Best effort, and the other one is the HotSpot ap-
proach described in (Mamatas et al., 2010). In the Best effort approach, a cache is
placed near to the center of topology. Therefore, the average distance between all the
clients and the cache is minimum with this approach. The alternate H ot Spot algo-
rithm benefits from the concept of the locality by introducing F'(i) = a®+0*+casa
pressure function. In this function, a, b and c, refer to the number of clients with one,
two, and three hops away from node i, respectively. Unlike Best effort, HotSpot

places caches in a location that has the highest client density. In the simulations,
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all the parameter settings were equal for all of the approaches. Each simulation was

repeated 10 times and the average values are given in the tables.

In Tables 4.7, 4.8 and 4.9, the metrics for the average received video quality,
the average startup delay, and the average outage duration values obtained from the
simulations are given for the C'ustom, Compuserve, and BellCanada topologies,
respectively. In the tables, the Average received video quality values shows the
representation bitrate received on the client’s side; the Average startup delay is the
parameter that represents the latency of starting a video after user requests to play a

video, and the Average outage duration is the duration of video stalls.

If we examined the received video quality values, we see that the minimum
quality obtained is with Best effort approach. The main reason for this is that this
approach only considers the locality, but it does not consider the number of clients
connecting to the network or the distribution of the connection points. Mainly, in the
Best effort approach, the location of the caches may cause some bottleneck points
in the network, hence clients start sending a request for segments with lower qual-
ity, which has a smaller size, and in turn, outage duration values may reduce. We
see that effect when we examine the values given in the tables, where the clients
experience lower outage duration than clients in the H ot Spot approach. For all ap-
proaches, we see that the observed parameters get better when the network capacity
gets higher, in terms of available bitrates, as expected. We observe that the pro-
posed PressurelnitialCache approach outperforms the other two approaches in

different sizes of network topologies in all simulations.

The percentage of received video segments belonging to each representation
are given in Figures 4.6, 4.7, and 4.8. Here, R1 represents the lowest quality, R2
through to R5 represents the medium quality representations, and R6 represents the
highest quality. The numbers show that the clients in the PressurelnitialCache
approach receive the biggest share of the highest quality R6 segments in the Custom
and C'ompuserve topologies, which is a good result. Since BellCanada is a rel-
atively bigger topology, the distance between the cache and the clients affects the
quality and the smallest percentage belonging to the highest quality among the re-
sults related to all topologies is observed in BellC'anada topology. Nevertheless,
the clients with the proposed PressurelnitialCache approach received the highest

number of segments from the top representation — again a good result.
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In order to show that the improvement in the received quality provided by
PressurelnitialCache is maintained throughout the whole run, we averaged the
received quality as a function of time. These values are comparatively given for all
approaches for the BellC'anada topology in Figure. 4.9. Average received qual-
ity values are obtained by averaging the bitrate of the representations downloaded
by all clients in all simulations. When we examine the data, the clients using the
PressurelnitialC'ache approach always play the video with higher quality, and it
is consistent for each segment of the video. This shows that, for dynamic adaptive
video streaming applications, optimizing localization by considering the density of
the clients has a positive impact on the received quality. However, if the network
has limited capacity, where A = 7 Mbps, we see a small quality degradation of the
proposed approach. The reason for that is that after a vDANE is migrated, and dur-
ing the TCP re-establishment process, the clients stop receiving traffic and measure
throughput as zero and so request the lowest quality since clients use throughput
based adaptation. A buffer based rate adaptation would perform better in that case.
This shows that the performance of the virtualized environment is highly connected

with the rate adaptation algorithm used by DASH applications.
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Figure 4.9. Bitrate of the received video representation per segment: (a) A=7 Mbps, (b) A=10 Mbps,
and (c¢) A=15 Mbps)

To demonstrate the impact of the proposed approach in larger networks where
more than one cache instance is required, we also ran additional simulations by us-
ing the BellCanada topology with 100 clients. In the first set of simulations, the
first cache is placed in random locations, whereas the proposed algorithm is used
in the second set of simulations. For both sets of simulations, when the number of
online clients increases, some second caches are installed by using our algorithm
given in (Clayman et al., 2018). Simulation results indicated that with the random
approach, clients received 14% of the video segments from the highest quality, on
average, while receiving 17% when PressurelnitialCachee was utilized. The av-
erage video bitrate received by clients in the random approach was equal to 2466
Kbps, and was equal to 2571 Kbps when using PressurelnitialCache. This means
that end-users experienced better video display with our proposed algorithm. Signif-

icant improvement is observed in the outage duration values, where the total outage
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duration is as low as 168 seconds for the proposed algorithm, but with the random
approach results in 637 seconds of outage duration — which is totally unacceptable.
For these tests, we configured paths with a lower bandwidth of A=7 to show the

behavior of the clients.

4.2.6 Summary

In this section, we proposed a SAN D architecture that deploys vDAN E's
and an approach for initiating and migrating vD AN E's, the virtual DANE cache in-
stances. Such an approach is made possible by softwarized networks using the de-
ployment of NFV-SDN technology in /.5 Ps. One of the objectives of our work is the
cache placement algorithm used to calculate an optimal point for vDANE placement.
This is done by considering both the number of hops and the available bandwidth
between the potential location and the clients. The nodes having high connectivity
are also considered, as it is an important criterion when reliability issues are taken
into account. Locations with more connection links, more available bandwidth and

fewer hops from the clients have more chances to be selected.

In order to show the performance improvement that can be provided by the
proposed software-controlled approach, the comparative performance results, con-
ducted on Mininet, were obtained and presented by implementing two cache place-
ment algorithms proposed in the literature. We tested the performance over differ-
ent types and sizes of the network, and the results show that the proposed approach
outperforms the other two approaches in all simulations. The observed throughput
improvement provided by the proposed approach, when compared to Best effort and
HotSpot approaches is up to 30.5% and 19% respectively. Our algorithm also pro-
vided a decrease in the re-buffering duration of up to 49% and 70%, and a decrease in
startup delay of up to 50% and 32% when compared to these other approaches. These
results show us that, as well as implementing a video streaming specific cache lo-
calization algorithm, deploying localization by using software-based approaches in
virtualized environments, makes it easier to adapt to dynamic conditions by chang-

ing the location of the virtualized components.

In our future work, we plan to implement a content distribution scheme and
jointly consider vDANE location and content availability when selecting the location
of uDAN E's. We will evaluate against real network slices when they are deployed

by 1.5 Ps, as well as utilizing a larger number of clients.

Note : The results of this study published in (Kalan et al., 2019), IEEE Con-
ference on Network Softwarization (NetSoft 2019) 24-28 June 2019- Paris, France
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4.3 SAND Assisted Virtualized Cache Placement in Highly Dy-
namic SDN Network

In this section we address the problem of Cache Placement in the dynamic net-
work where network topology and traffic patterns are changing rapidly. The goal
of our study is to develop an efficient virtual cache placement in order to minimize
the load of the links and improve QQoE on the client’s side. We develop algorithms
based on PressureCache to achieve optimal cache placement and maximizing re-
liability. For this purpose, as a contribution of this study, we consider nodes to place
the vDANE instances by considering the number of links connected to the nodes, the

available bandwidth of these links and the number of connected clients.

In the general case, adding K virtual cache to the underlying infrastructure
can improve network latency by factor k, placing network function in suitable lo-
cation and programming flows have a big effect on network performance as well.
Virtual cache (vCache) in the form of vD AN E's migrates resource near to the end-
users. Content distributors leverage virtualization features in the N F'V platforms
to deploy caches as VN F's (vCaches) instead of physical appliances. Such a so-
lution leads to dynamic configuration and reduces cost, but providing sustain the
quality is recognized as a challenge since dynamic configuration may cause inter-
ruption of the provided services. The vCache migration is essential to the use of
network resources efficiently and improves the performance of the overall NF /-
SDN based CDN function in terms of network operator cost reduction and high
streaming quality (Ibn-Khedher et al., 2016b). Due to the voluminous traffic to be
delivered to video streaming clients, providing efficient algorithms requires knowl-
edge about network conditions and client distribution in order to migrate vC'ache in

an appropriate location.

As discussed, DAS H standard developed by the M PEG enables high qual-
ity video streaming over the Internet delivered from conventional H 7T P servers.
Another ongoing standardization process related to DASH architecture is SAN D
which has been being developed by the M PEG group. DASH clients adapt qual-
ity by taking observed network conditions into account and request video from an
HTTP server. However, requesting content from a remote server has a negative im-
pact because of the constraints on latency and bandwidth. Latency may arise due
to the distance between the server and the client. Furthermore, forwarding flows
through end-to-end paths while traversing a set of middle-boxes being used from
traffic shaping and performance (e.g, proxy or caching) to security such as fire-

walls, Intrusion Detection System (IDS) and Deep Packet Inspection (DPI), come
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with high infrastructure and operational costs (Sherry et al., 2012). Mounting cache
near to clients, reduce latency as well as the total amount network traffic flows over

the network.

The objectives of the proposed approach in this study are 1) selecting a candi-
date node among feasible nodes in order to deploy vCache. The selected node should
have adequate bandwidth and appropriate location regarding the attachment points
of the online clients. ii) move the current vCache to another location or deploy ad-
ditional vCaches when network conditions change. In our previous work (Clayman
et al., 2018), we discussed finding the second cache, for the given network topology
and the distribution of the client’s attachment points to the network. Determining
the location of the initial vCache and its migration was studied in our other previous
work (Kalan et al., 2019). In this current study, we focus on the problem of vCache
placement and migration in a more general form by enhancing our previous stud-
ies. We propose an architecture that selects an almost optimal location for installing
the initial virtual cache (vDANE) as a network function, migration vCache, and in-
stalling additional vCache on demand. For this purpose, an adaptive approach with
considering resource availability and the performance requirements in terms of end

user’s QoE is developed.

4.3.1 Problem Statement and Background

Using cache reduces origin server traffic and response time when requested
resources are close to the end-users. The optimally of the cache locations is de-
pendent on the network traffic patterns, client distribution, and mobility during the
time. Hence, the candidate node for hosting cache should be close to high-density
locations where there are more clients connected to the network. It is important to
highlight that providing caching at all network elements (e.g, forwarding devices)
is technically feasible (Ghodsi et al., 2011).

Pervasive and centralized caching approaches are common forms of caching
mechanism. In the pervasive caching, all forwarding devices have the capabilities
of content caching that provides low latency. But, pervasive caching is costly and
inefficient because of redundancy. Furthermore, it can affect network performance
because of extra overhead. It also reduces the cache hit rate. In the centralized
caching only dedicated forwarding devices have caching capacity. Hence, it re-
duces content redundancy, increases the cache hit rate. The flexibility introduced
by the NFV-SDN reduces forwarding device processing while the routing algorithm

is running by the central controller.
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Authors in (Rossi and Rossini, 2012), consider deploying more cache space
in the “core” routers of the network. On the contrary, authors in (Psaras et al., 2012)
conduct putting cache at the edge of the network results in better performance. Au-
thors in (Wang et al., 2013) consider network size, content popularity, and objective
replacement strategy for investigating the allocation problem. However, those pro-
posed solutions more focused on cache allocation policy and performance of caching
rather than cache placement which is not the intention of this thesis. The priority of
is cache placement in the optimal location which reduces total network traffic and

provides better quality for end-users.

Early effort in this direction have already disused in (Badshah et al., 2020).
Authors in this study compute the k number of the most important switches that
carry more network traffic and then place cache servers by attaching a cache server
to one of the selected switches at a time. In this study SDN controller with the
assistance of the OpenFlow is used for network monitoring and traffic engineering.
To consider important switches, the authors assume that the network is running long
time (days or weeks) and has enough traffic logs to analyses and make a decision.
The majority of our proposed approach is high dynamic nature and agility in decision

making according to current network conditions.

We aim to provide a cost-effective approach to address this problem while
ensuring an acceptable level of QQoFE such as re-buffering, oscillation bitrate and
display quality in video streaming applications. The placement phase consists of
determining how many virtual caches are necessary and where to place them to meet
demand. We provide a heuristic solution with considering both available network
bandwidth and distance by taking advanced of the NFV-SDN and SAND assistance
into account. The core contribution of this study aims to i) find near to optimal
location for placing the first and additional caches in the highly dynamic network.
i1) Move caches to the appropriate locations based on request distribution with con-
sidering available resources. iii) Decide forward the client’s request to a suitable

cache.

The placement of the virtual function has a big effect on the provided ser-
vice. Therefore, the virtual functions should be placed where they will be used in
a more efficient and cost-effective way. While the network is changing rapidly,
it is not sufficient to make good initial placement only based on static conditions.
Our previous works (Kalan et al., 2019) address this challenge by introducing opti-
mal cache placement and migration algorithms in the high dynamic network where

network traffic and client distribution are changes rapidly. Another work by the
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authors in this area (Clayman et al., 2018), describe additional cache placement to
meet demand by considering the live DASH attributes and characteristics. Proposed
SAND video streaming architecture utilizing both SDN and NFV concepts. In both
studies, virtual caches are defined as DANES, gives the right level of flexibility and
control. The vDAN E's are the caches with the knowledge of DASH characteris-
tics, which uses NFV hosted by the servers connected to the switches. However,
proposed approaches neither discuses the dynamic nature of the network topology
and client movement nor the efficient cache migration and hand-off problem. Fur-
thermore, the first cache location was considered as fixed in the proposed algorithm
in (Clayman et al., 2018).

4.3.2 System and Controller Architecture

As shown in Figure. 4.10, in our system architecture, controller gathers net-
work information from network nodes (e.g., switches, servers, clients) by taking
advantage of the southbound interface and basic network service functions. In addi-

tion to basic network functions, there are three DANE modules inside the controller:

* Cache Placement: By analyzing the performance of the network and DASH
clients, it is possible to determine the current resources (e.g., remote server
and limited bandwidth) are not enough to keep the quality at a reasonable
rate. When the network size or the number of clients increases, the additional

cache should be installed to meet demand.

* Cache Migration: 1f it is decided that the cache instance is going to be initi-
ated, it should be placed in a suitable location so that this decision causes an
increase in QoE and network utilization due to the decrease in network traf-
fic. In lack of enough resources or even deploying cache in an inappropriate
location, clients switch the quality to the lower alternatives and more inter-
ruptions during display could be experienced. In such a case the cache should

be moved to a suitable location.

* DANE Messages: Connecting a client to the appropriate cache improves both
network resource utilization and client QoE. When there is more than one
cache in the network, the controller enforces a client connects to the appropri-
ate cache with the assistance of the DANE PER messages. As a consequence,

a client experiences better video quality.
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Figure 4.10. Illustration of the SDN architecture and orchestration DANEs functions.

4.3.3 Initial Virtual Cache Placement based on Pressure Score Es-
timations

Recall from the formula (4.5), it can be considered B = Zle b, as constant
since total network bandwidth is the same for all clients and it affects the pressure
score for each candidate at the same impact. Therefore, we can ignore it from the
formula. After updating (removing total network bandwidth as a constant), formula

(4.5) can be rewritten as in formula (4.6).

H—h
plj) = —poi=t i (4.6)
Y2 by xhx L,

Beside end-to-end bandwidth limitation that varies from time to time, each
physical hardware that hosted vDANE has the limited processing power, as well.
By increasing the number of incoming requests to the specific vDANE, its perfor-
mance may degrade since it becomes a bottleneck processing and forwarding point.
Hence, the consumption amount of processing unit, which is denoted as pu, is an-
other important parameter that should be considered. Candidate node with less pu
utilization is preferred. With considering all parameters, PressurelnitialCache al-
gorithm is running to calculated pressure score for node j by using formula (4.7).
The node with the minimum score is selected as a location for the initial cache in

the network.
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H—h
) iy dij * pu
P(j) = ZLj—l ! 4.7)

4.3.4 Deploying Initial vDANE Instances

Media server -as well as vD AN Es- periodically send network information
including the average quality of the received video representations requested by the
clients to the controller. The New Cache Required as a DANE-module running
inside the controller, retrieves this information and determines a new cache is nec-
essary. Determination is based on predefined certain quality threshold, which is set
by either video streaming company or network operator. When the average quality
in the form of bitrate or representation, received by the clients falls under the qual-
ity threshold, the controller decides to deploy initial or additional vDANE instance.
The controller triggers the Cache Placement module in demand for initial vDANE.
The Cache Placement module runs the PressurelnitialCache algorithm given in
the Algorithm. 4. The additional cache will be installed if the initial cache does not

provide expected improvement in network traffic.

As mentioned before, the output of the PressurelnitialCache algorithm is
anode having the minimum score, which is calculated for all potential switches that
can be selected as hosting a vDANE instance. P(7) with minimum score considered
as the almost optimal location for first vDANE deploying. The main objective of the
algorithm is finding an optimal location for vDANE placement, by considering the
number of hops and available bandwidth between potential location and the clients.
In the case of reliability, the number of connected links in a potential location con-
sidered as well. The location with more connection links and available bandwidth

and fewer hop counts from the clients has more chances to be selected.

To the best of our knowledge, this algorithm has never been used for deter-
mining cache placement in the literature. The closest study in (Tuncer et al., 2015)
which relied on distributed management layer and control layer known as local man-
ager and local controller. There is more than one switch connect to each local man-
ager nodes observing the number of hops. But the PressurelnitialCache algorithm
only selects one switch for the initial vDANE placement. After determining an ap-
propriate node (e.g, switch) as a location for deploying vDANE instance, the con-
troller creates a new vDANE instance connected to the specific switch. Then, the
controller, update routing devices’ forwarding tables and forward clients request to
the recently deployed vDANE via the shortest path.
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Authors in (Claeys et al., 2016) proposed a hybrid model by dividing the total
network’s available caching space such that “one part is reserved to proactively
push content in the different caching locations, while the rest is used to implement
reactive caching ”. Although this study provides reactivity migration to the proactive
placement when unexpected changes in the request pattern happen, in contrast to
our approach it is still relying on the pre-knowledge of the content popularity and
the geographical distribution of requests. The complexity of the content popularity
prediction is another concern, the ISP decides which content when will be stored
and where. In our proposed approach, there is no prediction of storing content into
caches and where caches should be placed. Furthermore, the new additional cache
will insert into the network only in the case of necessary. Without a doubt, leasing
more cache space into the network improves network bandwidth usage, but it is a
costly solution.

4.3.5 Cache Migration

Network controller continuously monitors network condition and gather statis-
tic parameters from underlay infrastructure as well as the number of DASH client
and cross-traffic pattern. Unlike legacy networks, it was shown that network mon-
itoring can be achieved more efficiently by using Open F'low statistics (Megyesi
et al., 2016) (Singh et al., 2018) (Adrichem et al., 2014). For example, instead of
probing the end-to-end path, the SDN controller can keep track of available band-
width on each link and hence estimate end-to-end available bandwidth (Megyesi
et al., 2016). Any changes in the environment that affect the current configuration
should be reported to the controller and consequently, the controller triggers appro-
priate functions. In the case of any changes in network topology, traffic pattern
or even quality threshold, the controller again runs the PressurelnitialCache
algorithm with respect to an estimated new location based on update data. If the
output of the algorithm refers to new location for vDANE, the controller virtually
migrates vDANE to the new place and assemble it. Further, the controller leverage
SAND technology and sent a PE R message to enforce the client connects to the
new vDANE. It is worth to recall that the shortest path is used for streaming video.
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4.3.6 TCP Hand-off

TCP hand-off is a set of actions that happen when the connection removed
from one interface and connects to another. During this short period clients stop
sending and receiving data. Traffic redirection, load balancing, and roaming are
the main reasons. The hand-off also appears in the CDN networks, where CDN
architectures leverage a redirect mechanism to initiate a connection between a client
and the most appropriate server (Binder et al., 2015). As shown in Figure .4.11, in
the case of vDANE migration, the current connection should be terminated and a new
connection re-initiate with vDANE instance that recommended by the controller via
PER enforcement messages. Unfortunately, additional TCP handshake results in
latency and clients may experience quality degradation or re-buffering specifically

in the lack of enough network bandwidth.

While SDN architecture decouples control logic from the forwarding hard-
ware, forwarding devices act as dump elements and just repeat role dedicated by the
SDN controller. These roles that stored inside the routing (forwarding) table define
the behavior of the forwarding device against the new incoming request. Forward-
ing device asks from the controller when there is no entry in the forwarding table
for a new incoming request. Figure. 4.11 visualized connection set up when a new
client joins the network. While at the beginning there is no entry for this client in the
switch, it forwards the client’s request toward controller in the form of PACKET IN
message. The controller returns appropriate action in the form of PACKET OUT
message. After receiving PACKET OUT message from the SDN controller and es-
tablishing the handshaking process, switch asks about related routing information
from the SDN controller. The controller updates the switch’s routing table with
the related routing information and consequently client connects to the server (or
vDANE) and starts streaming by requesting and downloading a sequence of chunks.
In the case of vDANE migration or installing additional vDANE, the SDN controller
updates the switch’s routing table. At the same time, the SDN controller trigger
clients to connect new vDANE via PER message. Obviously, the connection and
establishing process takes more time, therefore, during hand-off time clients may

experience re-buffering.

4.3.7 Testbed and Simulation Setup

For the sake of providing a comparison, we implemented the simulation us-
ing Mininet emulator to evaluate the performance of the proposed Pressurelnitial-

Cache algorithm. The agility of the Mininet (Lantz et al., 2010) provides an easy
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Figure 4.11. Illustration of the TCP handshaking and connection initialization architecture.

way to prototype and evaluate SDN protocols and applications. In the context of
the SDN controller, F'loodLight (FloodLight, 2017) controller with the assistance
of the OpenFlow as a southbound interface is used during the simulation. Com-
bination of the Mininet and OpenF'low switch in a virtualized container, provide
same semantics of software-based Open F'low switches (Kreutz et al., 2015). We
compared the proposed algorithm with two different algorithms, where one of them
is Best effort and the other one is the HotSpot approach (Mamatas et al., 2010)
which is a kind of Pressure algorithm. In this study, we consider the same value
for all node’s processing unit.

As shown in Table 4.10, three different network topologies was applied to
evaluate the performance of the PressurelnitialCache algorithm, which include one
Custom topology which is shown in Figure. 4.12, and two from the Internet Topol-
ogy Zoo (Topology-Zoo, 2017) include Compuserve and BellC'anada topologies.
Poisson distribution with different mean (A=20, 25, 30 Mb) values are used for
generating the network link bandwidths. The number of nodes and links is the same

as the previous section configuration, but the bandwidth of each link increased due
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to the number of online clients. Network links do not have the same bandwidth, but
there is no big difference in links’ capacity. For example, in the first setting, band-
width is set to (A=20 Mb) which means that links capacity could even be 15Mb or
25Mb. Also, the number of the DASH clients are set to 30, 40, and 50 for Custom ,
Compuserve, and BellCanada topologies respectively. In order to show the effect
of the increasing number of online clients which causes to install additional cache,

we also repeated simulation with a new set of online clients shown in the last column.

Big Buck Bunny (ITEC, 2018) which was illustrated in Table 4.6, is used for
streaming video during simulation. There are six representations include one base
layer and five enhancement. While the first representation (R1) has the lowest qual-
ity, the last representation (R6) has the highest quality. Each representation contains
299 video segments with equal length of 2 seconds video, in total 598 seconds of
video length. To achieve better QQoF, clients should request and receive segments
from an enhancement layer with a higher bitrate as more as possible. The client ran-

domly distributed over all nodes and the same distribution is used in all algorithms.

Network Average # Clients # Clients
topologies available bandwidth  PressurelnitialCache PressureCache
Custom (A=20, 25, 30 Mb) 30 35
Compuserve (A=20, 25, 30 Mb) 40 50
BellCanada (A=20, 25, 30 Mb) 50 100

Table 4.10. Network topologies and configuration

[ Custom Topology ]

DASH Client Media Server

Figure 4.12. Illustration of the C'ustom topology architecture.
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DASH clients join the network based on Poisson distribution and start request-
ing a suitable representation after downloading the MPD file. Adaptive streaming
allows clients to adapt the highest bitrate to achieve better display quality. This
adaptation can be based on buffer occupancy, throughput or a hybrid model. In this
study, we considered throughput base adaptation. On average, clients’ interval time
is set to 1 second. The client distribution network is totally random. During simula-
tion time client may leave the network and new clients join the network. Hence, the
simulation domain has a dynamic nature. Each simulation is repeated 10 times and
the average values are given in tables and Figures. There are three different network
topologies, each of them has three different configurations and bandwidth. Since all

algorithms repeated 10 times in each topology, in total 270 simulations repeated.

4.3.8 Performance Evaluation and Experimental Results

In the simulation scenarios, we evaluated the proposed approach using three
different network topologies each with three different configurations. Moreover,
the shortest path algorithm is used for routing to the vD AN E's. To enable evaluate
results of the proposed algorithm, we implemented two different algorithms. The
first one is Best effort, which vDANE takes place in the location where forwarding
devices carry more network traffic considering (Badshah et al., 2019). HotSpot as
a second algorithm introduce F'(NN;) = a®+ b*+ ¢ function intending to derive to the
optimum location by taking advantage of the locality and place cache in the highest
tensity location. In this function, a, b and c refer to the number of clients with one,

two, and three hop count base distance from node N;, respectively.

Tables 4.11, 4.12, and 4.13 list quality parameters in the form of the average
value obtained from the simulation of the Custom, Compuserve, and BellCanada
topologies respectively. For description: Received video quality implies experi-
enced bitrate in clients’ side, startup delay indicates latency before starting display
when client trigger request and outage duration defines video freezing time during
display, which has a negative impact on end-user QoE. It is obtained from the tables
that Best effort has least received bitrate while HotSpot and PressurelnitialCache
achieves better results. It is because Best effort algorithm lie caches in the center of
the network by the assumption of the minimum distance between clients and caches.
Deploring caches in the center of a network without considering client distribution
may lead to inefficient performance, especially when caches in places behind bot-
tleneck links. On the contrary, the H ot Spot algorithm benefits from the locality and
hence it has higher received bitrate comparing with Best effort, but it is still lower

than PressurelnitialCache algorithm.
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The dynamic nature of the PressurelnitialCache algorithm displacement
cache into the appropriate location. Since the process of displacement related to any
changes in traffic patterns or client distribution, it’s expected that startup time and
in sum case outage duration (e.g, only first two value of the Compuserve topology)
is taking a little more time during handover. Similar results were obtained with the
other thresholds values. It is worth emphasizing that assigned bandwidths are very
tight, thus we expect startup delay in all scenarios and it is rising with increasing
network size. In all cases, increasing network bandwidth consequence to better per-
formance. As we expected, our proposed algorithm outperforms other algorithms

in all network topologies and bandwidth.

In the context of Qo FE, received representation is another important parameter.
Receiving more video segments form higher video quality or representation means
that clients experience display with higher quality. Figures 4.13, 4.14, and 4.15
shows percentage of the received video segments from each quality layer. While
quality layer L1 represents the lowest quality, L6 represents the highest video qual-
ity. The client achieves better display quality by receiving more segments from the
upper layers. Observed percentages indicate that clients in the PressurelnitialCache
received more segments from the highest layer, which means better QoE. The other
important observation is that, by increasing network size and the number of online
clients the Pressurelnitial Cache algorithm shows more efficiency. The performance
of the proposed algorithm is more evident in the BellC'anada topology which is a
relatively bigger one. In small size network topologies, client and content are close

to each other, hence the effect of the proposed algorithm is not more obvious.

The long term received representation is another valuable factor to illustrate
the effectiveness of our proposed algorithm. Figures 4.16, 4.17, and 4.18 illustrate
whole video streaming include 299 video segments. As see in the Figures, effi-
ciency of the Best effort, HotSpot and PressurelnitialCache are shown with blue,
red and yellow color respectively. These results show reflect received video qual-
ity as a fraction of time. bigger value means that clients are displayed video with
better quality. Without a doubt, receiving a high-quality video with more outage
and interrupt during display time never provides a better QoFE. Therefore, receiving
more segments form high-quality representations without considering outage dura-
tion does not sense anymore. By considering this fact we see that the proposed algo-
rithm achieves better performance. This means that clients display video with better
quality when leverage PressurelnitialCache algorithm. It is clear that by increasing
Lambda value clients have more freedom to adapt high bitrate video segments, and

therefore when Lambda = 30 all algorithms have good performance, but again
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PressurelnitialCache has better adaptation with high-quality video representations.
In Custom topology (Figure 4.16), when Lambda value is set to 20Mb, the HotSpot
algorithm outperform. This means that the concept of the locality, with considering
clients’ density and deploying cache as close as possible to clients, has a positive

effect on the received video quality.

As mentioned before, by increasing network size and number of clients, re-
buffering duration rises up in all algorithms due to the long distance between the
source and destination nodes. The main advantage of our algorithm is installing
caches in appropriate locations in such a way that it provides less distance and high
bandwidth between clients and content sources. As a result, PressurelnitialCache
achievers to higher video quality with less outage time. Simulation results prove the
efficiency of our algorithm in the first cache placement. In the next section, we will

discourse about installing extra cache on demand.
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4.3.9 Additional Cache Installation

By analyzing the performance of installing virtual cache in different network
topologies, it is possible to conduct that one cache often is not enough to keep the
quality at a reasonable level. By increasing network size or number of clients, the
additional cache should be installed to meet demand (Clayman et al., 2018). In lack
of enough resources, clients cause lower video quality and more interruptions during
display. We addressed this challenge in our previous work (Clayman et al., 2018)
where the first cache randomly takes place. However, in this study, we provide a

new solution based on a predefined cache location.

When new clients join the network, network traffic patterns changes and the
SDN controller trigger PressurelnitialCache algorithm in order to calculate the first
cache location. After determining and installing the first cache location, the con-
troller monitors clients received the video and decides to install a new cache if
clients received video quality is under the predefined threshold. After installing
a new cache in the new location, part of the network traffic removed from the first
cache and forward to the new one. Typically, clients connect to the closest cache

except in bottleneck conditions.

In order to the trade-off between distance and bandwidth, we introduced for-
mula (4.8) which measures distance between each client with the first vCache and a
new candidate one. It also considers available bandwidth provided by the candidate
node. Candidate vCache should provide more bandwidth and less distance to con-
nected clients. In this formula, P refers to the score of the second vCache position.
P with the maximum score is preferred. Distance between client i with first and
additional vCaches are illustrated with d;; and d, respectively. Lets L; indicates
the total number of connected links to the candidate node j’ and b; is the bandwidth
of each connected link. With respect to estimates suitable location for installing sec-
ond vCache, we introduced PressureCache algorithm which is developed based
on the formula (4.8)

Lj/
PGy = > (dij—dy)*> by (4.8)
=1

ie(H—h)

With SAND technology, SDN has changed to new kinds of network manage-
ment, decision making, and forwarding process. In general, clients are connected

to the nearest cache and request video segments. However, when a client suffering
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from a bottleneck link, the SDN controller with the assistance of the SAND tech-
nology informs the client to connect to the appropriate vCache. This process starts
by sending a PE R message to the client and enforces it connect to another cache
in respect of enhancing client’s received quality as well as managing network traf-
fic. During this period, which called hand-off time, the client does not receive any
video segment from the cache and in lack of enough segment in the buffer, it may

experience re-buffering and interrupt video displaying due to delay.

Another important issue is related to how fast the cache placement or cache
migration process in done. The fact is, in large scale networks, it is hard to assume
the network snapshot at any point while network patterns frequently change. How-
ever, in the SDN domain, network monitoring can be achieved more efficiently by
using OpenFlow statistics. Besides, clients periodically send average received bi-
trate to the controller. Suppose P denote video segment’s size which is equal to 2
seconds in the Big Buck Bunny video asset and the client’s buffer size is equal to
24 seconds of video. Video is going to display when a client has at least 8 seconds
of buffered video. Typically, in order to fast startup, clients request the first 4 seg-
ments from lower representations which have less bitrate. Thus, during simulation
client sends average received bitrate every 10 seconds -just bigger than 4 x P sec-
onds. The network controller checks the whole online client’s average bitrate and
runs the PressureCache algorithm if the total average is under the threshold level.
This threshold value might be defined by the content provider. For example, in our
study, we considered that each client should be able to display video with minimum
quality without unacceptable delay. If the network pattern or client received quality
does not change anymore, the controller waits for the next 10 seconds again without

running the algorithm.

In the second scenario, the number of online clients has been increased to 35,
50, and 100 for C'ustom, Compuserve, and BellCanada topologies respectively.
Again, each topology has been tested with three different bandwidths ( A=20, 25, 30
Mb). While the number of online clients increased in each topology, an additional
cache needs to be installed in a new location. The requirement for the additional
cache is more evidence in the BellC'anada topology where the number of clients
has increased 100%. As expected, simulation results show that the PressureCache
algorithm achieves better performance when compared with the Best ef fort and

HotSpot algorithm - again good results.
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In practice, it is expected that the proposed algorithm significantly outper-
forms two other algorithms in terms of QoE parameters. Results about received
video quality, startup delay, and outage duration are shown in Tables 4.14, 4.15, and
4.16. In all cases, received video quality, startup delay, and outage duration tend to
improve as the value of A increases. In other words, when the network bandwidths
are increasing DASH clients have a better adaptation to appropriate representation

and experience better video quality.

In the context of startup delay, it seems that the proposed algorithm has a
little limitation in the small size networks (e.g.,Custom topology), and it is expected
because of less distance between clients and caches. However, in the BellCanada
topology, which is the biggest one in terms of size and number of online clients, the

proposed algorithm outperforming than other algorithms.

Similar to the first test results, the proposed approach derives to better per-
formance in the second test as well, where we installed additional caches. Figures.
4.19, 4.20, and 4.21 represent the number of received segments from each represen-
tation. We found that installing vCache in any random location or even in the center
of network topology never leads to better results. As seen, Best effort in all topolo-
gies has low performance. On the contrary, relying on locality issues is the main
reason that HotSpot and PressureCache drives to better results. Also, the dy-
namic nature of the PressureC'ache gives superiority to clients to download more

segments from higher representation.

The emergence of deploying cache in the edges of the network is more evi-
dent when the size of the network increase. Because in large-scale networks, either
packet propagation or intermediate forwarding devices’ delay has a negative im-
pact on packet delivery. Network delay cause to buffer drain in the client-side as
well as impact the network throughput. Therefore, in both buffer base or through-
put base adaption techniques client adapt to lower representation in order to avoid

re-buffering. Hence, client receives video segments from lower representations.

Figures. 4.22, 4.23, and 4.24 shows long term downloaded video segment by
the client in C'ustom, Compuserve, and BellCanada topologies respectively. In
all algorithms, at the beginning of the streaming, the client gets video from the low-
est representation to fill the buffer and fast startup. Then it adaptively downloads
video from the highest representation as possible. As a result, the PressureCache

algorithm earns better performance in a long time. In the middle of simulation new
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clients join the network and change the traffic patterns. An increasing number of
online clients cause to install new vCache in a suitable location. As seen, in all
topologies and configuration with different bandwidth values, the quality of the re-
ceived representation increased because more vCaches provide more resources in
the form of bandwidth and reduce the distance in the form of hop counts. Thus,
generally in all algorithms and specifically in the proposed algorithm clients adapt
to higher representations. The reason for better adaption in the PressureCache al-
gorithm mainly depends on (i) vCache placement and migration, and (ii) forwarding

client to more proper vCaches.

When there is more than one vCache are available in the network, clients con-
nected to the closest vCache. But, sometimes, pressure on one vCache is increases or
cross-traffic cause to chocks paths. In such a condition, clients in both Best effort and
HotSpot algorithms are still continuing to request video from the nearest vCaches.
However, in the PressureCache algorithm, the controller leverages SAND tech-
nology in order to improve clients as well as network performance. SAND archi-
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tecture sends a P 'R message to a dedicated set of the clients and enhances/enforce
them to request a video from specific vCache even it was located in the far dis-
tance. When clients receive En forcement PFE R messages start Hand-off process

and connect to the new vCache.

Figure .4.25, illustrates a single sample of the requested video segments dur-
ing the first 240 seconds (120 segments) streaming of the BellC'anada topology in
the proposed algorithm. Recall from Table .4.6, first representation (R1) — 1.0, R2
—2.0,R3—+3.0,R4 —4.0,R5 — 5.0,R6 — 6.0. At the beginning of the stream-
ing, clients request the video from the first representation in order to fill the buffer
and fast startup. After that, the client adapts to a suitable representation based on
throughput estimation. In the second 60 ™, an increasing number of online clients
or cross-traffic affects client adaption. Hence received video bitrate on clients’ side
decreases. Moving vCache into a new location or installing additional vCache in the
appropriate location improves clients’ resource availability in the form of bandwidth
and distance and clients starting to request and receives video from high bitrate rep-
resentations. In the 120 ™ second, we see that client request video from the highest
possible representation. Joining more and more clients into the network force con-
troller runs an additional vCache installation algorithm and deploy new vCache in
the appropriate location and forwards the client request to suitable vCache. Effect of
installing additional vCache clearly visible after passing 160 seconds (or segments
80).

4.4 Cache Migration And Hand-Off Latency

As mentioned before, after starting the initial vDANE instance, the controller
continues collecting statistics of the network and monitoring DASH and cross-traffic
patterns. For this purpose, we deploy a SAND metrics server as a northbound ap-
plication running in the SDN controller. The clients periodically send the current
buffer fullness level to the controller. Note that, the traffic introduced by status and
metrics messages can be negligible when compared to traffic caused by the trans-
mission of the video files. When the distribution or number of the clients in the
system changes or it determines a change in traffic amount, the controller calculates
pressure values for each node again. If the location of vDANE is changed according
to the new outcome of pressure values, the controller sends PP E R enforcement mes-
sages to the clients to change their server. In addition, the shortest paths between
the clients and the new vDANE location are selected for each client for streaming

packets.
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However, the experiments show that this approach has a drawback. When
vDANE is migrated to its new location, a small change in network condition -for
example connecting a few new clients close to the first vDANE location - may re-
sult to the minimum pressure value at the previous location and consequently, SDN
controller triggers the migration process again to migrate vDANE to its previous lo-
cation. This process continues unless remarkable changes reshape the traffic pattern

completely. We call this phenomenon as Ping-Pong effect.

Algorithm 5 shows the cache migration algorithm run by the SDN controller.
To avoid the Ping — Pong effect and minimize the number of migrations by elimi-
nating the unnecessary ones, we use a different metric to be utilized in the migration
decision process executed by the SDN controller. The difference metric is calcu-
lated as 1 — (P’/P), where P and P’ refer to PIC score of old and new locations of
vDANE, respectively. And it should be above a certain threshold value, ¢, for the

migration process to start as given in the first line of the algorithm.

Each client has a buffer with a size of b seconds, which can store a maximum
b/t segments, where ¢ is the size of a segment in terms of seconds. Supposing fast
startup and also avoid re-buffering, it is assumed that the client requests the first
4 segments (4 * t seconds length) with a minimum bit rate representation. In 4"
line, algorithm checks buffer fullness and timer. If the client has enough segment in
its buffer, then the SDN controller enforces the client to start the next request form
new vCache. A client with a more buffered segment has less probability to enter the

buffering stage during switching between current and new vCache.

Algorithm 5: Cache Migration Algorithm.
Input:
0: threshold value for migration
P: PIC value of the current vDANE
P’: PIC value of the new vDANE

1 if (I-(P’/P) >= ) then

2 run timer

3 foreach client = 1 to H do

4 if (buffer fullness>= thr) or timer>= thr then
5 update routing devices forwarding tables

6 enforce client request seg. from new vDANE
7 else

8 ‘ continue

9 end

10 end

end

p—
—
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The proposed algorithm forces the clients whose buffer contains more data
to connect to the new vDANE first. This approach brings two advantages. First,
while the clients have more buffered data, it takes time to buffer to get empty and
experience re-buffering except clients have less buffered data. Second, by moving
the clients to new vCache in two phases, i.e. migrating one client group after another,
the clients which are still connected to old vCache may utilize more prosperous
bandwidth and download some segments faster before starting hand-off.

The evaluation of the proposed cache algorithm is based on two QoE param-
eters; throughput or received bitrate, and buffer fullness or re-buffering duration.
We observed that our architecture with vDANE migration provided improvement
in throughput when compared to Best effort and HotSpot approaches, up to 14%
and 7%, respectively. Furthermore, the proposed algorithm has better performance
in terms of quality metrics when compared with our previous study (Kalan et al.,
2019). Considering buffer fullness indicates that our algorithm also a decrease in
re-buffering duration 50% and 82% when compared to Best effort, H ot Spot, respec-

tively, which shows the good impact on QoE of our approach.

4.5 Conclusion

The optimally of the cache locations is dependent on the network traffic pat-
terns, client distribution, and mobility during the time. Hence, the candidate node for
hosting cache should be close to high-density locations where there are more clients
connected to the network. Providing caching at all network elements is technically
feasible, however, caching content in all network elements can affect network per-
formance because of extra overhead. Caching content only in dedicated forwarding
devices reduces content redundancy and increases the cache hit rate.

Pushing content to edges reduces access time while the client request content
from a cache as close as possible. By analyzing the performance of installing virtual
cache in different network topologies, it is possible to conduct that one cache often
is not enough to keep the quality at a reasonable level. By increasing network size or
number of clients, additional vCache should be installed to meet demand. In lack of
enough resources, clients cause lower video quality and consequently more interrupt
during display. To address this problem additional vCaches need to be deployed in

appropriate locations.
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Rely on the fact that adapting requests based on a global view of the network
could provide better adaption, the network-assisted approach has been proposed in
this study. Introduced algorithm with leveraging SAND technology and NFV-SDN
architecture gives more intelligence to a client to better adapt. Simulation results
show that the proposed algorithm improves network resource utilization and QoE
on clients’ side by installing virtual cache near to optimal location and handling

cache emigration based on client distribution and network traffic pattern.

Simulation results in all the three studies show that the proposed algorithms
achieve better performance compared with Best effort and HotSpot algorithms.
leveraging SAND technology in NFV-SDN gives more intelligence to the network
controller and clients to better adaptation. Such intelligent, augmented network el-
ements utilize network resources in a more efficient way. As a consequence better

QoS for service providers and higher QoFE for end users.

Note : Part of this study has accepted in 23rd Conference on Innovation in
Clouds, Internet and Networks (ICIN 2020)-Paris.

The comprehensive results of this study is ready for submission in journal of

Multimedia Tools and Applications
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5. IMPLEMENTATION OF SAND ARCHITECTURE USING SDN

The SDN programmable infrastructure offers a wide range of flexibility for
designing application-specific routing algorithms and the SAND architecture that
provides clients to make more intelligent decisions about rate adaptation. In this
study, we propose an SDN-based architecture and a SAND-aware DASH client that
improves the viewer experience. The simulation results show that this architecture
can help improve the performance of DASH clients as well as provide fair sharing
of the network resources among the clients. The results also show that the proposed
architecture can adapt to changing network and server conditions with the help of
SDN.

5.1 Introduction

The DASH standard developed by the M PEG defines the format and func-
tionality of the media presentation description that includes the media-related infor-
mation and media partitions (Sodagar, 2011). The representations encoded at vari-
ous qualities stored on a DASH server while segmented into smaller portions. This
segmentation provides DASH clients to adapt quality by requesting segments of dif-
ferent representations over time. DASH clients request the video quality according
to their rate adaptation algorithm. The rate adaptation algorithm may select the rep-
resentation to be requested by considering bandwidth (Rainer et al., 2012) (Fouladi
et al., 2018), buffer status (Spiteri et al., 2016) or both (Mao et al., 2017). An exten-
sive survey on the subject is (Bentaleb et al., 2018).

The goal of the rate adaptation algorithms is to achieve the best quality QoF
under the estimated network conditions based on the observations made at the client-
side. Yet, the clients can potentially do a better job, if assistance from the server
or network is provided. The MPEG has recently completed the standardization of
the SAND. SAND proposes an architecture where the clients get information and/or
guidance from D AN E and server(s), where these elements aim to help clients achieve
better QoE. Besides, various approaches such as enhancing the delivery and altering

encoding of the video files are also considered (Thomas et al., 2017).

In this work, we propose a SAND architecture using SDN elements. In pro-
posed SAND architecture, the cache servers act as a virtual DANE introduced in our
earlier works (Clayman et al., 2018) (Kalan et al., 2019). Here, we consider a video
streaming provider that disseminates video files by using virtualized CDN servers.

Also, SDN is used for carrying video data packets that are routed through the back-
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bone network. The contributions of this paper are twofold. First, we implement
the SAND protocol by using SAND messages and SAND network elements, and
second, we develop a SAND-aware DASH client that adapts video quality jointly
considering the SAND messages and its internal parameters such as buffer level and

estimated throughput.

5.2 HTTP-Based Streaming Over SDN

Since SAND is a recently proposed architecture, a study giving the details and
performance results of an SAND implementation is not more proposed in the liter-
ature yet. The first proposals related to DASH over SDN in the literature can be
seen as the antecedent works of SDN supported SAND architectures. In (Seddiki
et al., 2014), the authors proposed a QoS model by introducing a traffic shaping
method that defined packet forwarding rules according to the type of the protocol.
By assigning priority to the HTTP flows, DASH clients achieved a higher through-
put when compared to the case that traffic shaping was not used. To provide fair-
ness among DASH clients, authors in (Georgopoulos et al., 2013) proposed that the
clients requested bitrates according to the commands received from the controller.
No routing strategy for the flows was proposed in this work. In (Nam et al., 2014),
HTTP streaming by using SDN capabilities was proposed. In the study, the con-
troller periodically obtained information such as re-buffering events and playing
information from the clients. According to the status of the clients and obtained net-
work information from the SDN, the controller decided to change the server or the
streaming path in the SDN domain. Video streaming for transferring layered video
data over SDN networks was discussed in (Kalan et al., 2017), where the controller

recommended a suitable video layer for DASH clients based on network conditions.

Using network devices to assist clients allows them to adapt the streaming rate
better to the changing network conditions. Authors in (Kleinrouweler et al., 2015)
implemented an adaptation assistant in the form of the HTTP proxy server. The
proxy server processes the manifest to obtain the characteristics of the stream that

are later used for fair sharing of the bandwidth.

A good view of using SAND architecture in SDN networks was given by
Kleinrouweler (Kleinrouweler et al., 2016), focusing on controller assisting clients
to improve QoE. Using SAND was also discussed in (Kleinrouweler et al., 2017),
where the authors proposed assisted adaption rule algorithms based on DANE and
BOLA (Spiteri et al., 2016) functionality concerning decrease the number of qual-
ity switches and reduce playback outages. Bitrate adaptation algorithm for DASH
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by considering wireless bottleneck utilizing the SAND architecture was discussed
in (Li et al., 2016). Another contribution toward improving QoE in HTTP adaptive
streaming by taking advantage of flexibility introduced by the SDN and SAND was
discussed in SDNDASH (Bentaleb et al., 2016). However, the proposed methods
did not consider changing the path and media server while the network path was

congested.

5.3 Server And Network-Assisted DASH

In the SAND architecture, there are network entities called DANES, server(s),
clients as well as regular network elements. DANEs are used for enhancing QoE by
sending messages to the clients, servers and other DANEs. Cache servers or third-
party servers (TPS) that are aware of DASH manifests and segments, and receive
clients’ metric and status messages can be considered as DANEs (Thomas et al.,
2016).

PED, PER, and client status and metric messages are defined as SAND mes-
sages. While PED messages are exchanged between two DANES, or a server and a
DANE; PER messages are sent to the clients. For example, a cache server can send
a PER message indicating the available segments on the cache to the clients, hence,
the clients can request the segments that exist on the cache incurring a shorter delay.
In this example, the cache server is a DANE for being aware of DASH segments
and sending messages to the clients to improve quality. A status message can be
sent by a client to a cache server, indicating the segments to be requested soon, and
this way, the cache server can pro-actively fetch the related content (Thomas et al.,
2016). The messages sent to the clients can be either an assistance message or an
enforcement/error message. Assistance messages can be used by clients to improve
their quality experience. Enforcement or error messages require clients to operate

in a particular way (Thomas et al., 2016).

In the next section, we give the implementation details of the proposed ar-
chitecture in which we define the controller and OpenFlow enabled switches as
DANESs, and the messages sent by the controller as PED messages. We also give
the details of possible examples of PER messages and proposals for enforcement
and assistance messages sent by DANEs to the clients. Our study differs from the
literature since it proposes a complete SAND architecture to use SDN components

as well as a novel approach for rate adaptation for the SAND-aware DASH clients.
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5.4 SAND Architecture Implementation Over SDN Backbone Net-
work

5.4.1 Network Assistance via SDN

In this section, we give the implementation details of the proposed SAND ar-
chitecture using SDN. In this architecture, we use an SDN network as the backbone.
The controller is responsible for managing this backbone SDN network. Other en-
tities of the ISPs in SAND architecture such as origin server, CDN servers, and the
clients are not necessarily part of the SDN network. We define the controller and
OpenFlow enabled switches in SDN networks as DANEs. A TPS runs as a north-
bound application at the controller, which is responsible for collecting the metric and
status messages from the clients, and sending assistance and enforcement messages
to them. The clients periodically send the information about the selected represen-
tation and buffer fullness to the TPS application at the controller. TPS application
can be considered as a bridge between the video streaming provider and backbone
network management. Thus, TPS can have information regarding the upload band-
width capacity of the CDN servers. It keeps track of the number of clients connected

to each CDN server to measure how much bandwidth is left on each server.

In addition to the northbound applications, several modules are running on
the controller as shown in Figure. 5.1. Following this architecture, both the clients
and CDN servers communicate with the TPS, which collects high-level abstraction
of the network resources including connection points, available paths, and traffic
patterns. The TPS converts the service request into network service functions. The
Path Manager module determines the paths on the backbone SDN network between
the clients’ ISPs and the CDN servers’ ISPs on the Internet. The Link Manager
module measures the active traffic and calculates the available bandwidth of these
paths. Both the Path Manager and Link Manager modules transmit the gathered
information to the TPS, which can decide to change the streaming path according
to the heuristic given below and pass new path information to the Flow Manager

module that sets the path between the server and clients by signaling the switches.

As mentioned earlier, the TPS collects streaming performance related param-
eters via metric and status messages sent by the clients. Let abwS represents the
available bandwidth of CDN server S and abwS-C represents the available band-
width of the backbone path between server S and client C. The TPS measures an
effective available bandwidth by calculating min(abwS, abwS-C) values for each

server-client pair. There may be more than one path between a server and a client.
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DANE Modules Basic Network Service Functions

[PER Messages ] [ Path Manager ][ Link Manager ][ Flow Manager ]
[PED Messages ]
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[ Forwarding Manager ] [ Host Manager ]

DANE Orchestration

Media Server DASH Client

Figure 5.1. Illustration of the SDN functions in the proposed system architectur.

The best routing path pair providing the maximum effective available bandwidth
for each client in the system is determined as the optimal server-path pair. Optimal

server-path pair can be dynamically updated according to the network conditions.

When a client starts the video streaming application, the local DNS of the
client sends a DNS request to the authoritative DNS of the CDN company. The first
DNS request message sent by the client, is first retrieved by an Open Flow switch
at the backbone. While the switch has no entry for the new client in Flow Tables, it
forwards the request to the TPS application, which determines the optimal server-
path pair for that client, and sends the following messages:

* A PED message carrying the IP address of the selected CDN server to the
authoritative DNS of the CDN company to forward that address to the local
DNS of the client.

* A PED message to the OpenFlow switches on the selected path so that the
switches update their flow tables according to the route selected by the TPS.

* A PER message to the client carries the suggested representation for request-
ing the next segments. This representation can be determined by considering
the bitrate of the representations or the effective bandwidth value.
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The client starts sending periodic metric and status messages after starting
to download segments from the server. When the TPS receives a status message
indicating the requested representation and buffers fullness ratio from the client, the
TPS first checks whether the client switched to lower quality or the buffer fullness
is at a critical level. If quality degradation or critical state in buffer level is detected,
and the backbone path is congested or the current server of the client is heavily
loaded, the TPS determines the optimal server-path pair again for that client. At this

point, there are two possible cases:

* Case 1: The effective available bandwidth of the optimal server-path pair is
higher than the bitrate of the requested representation. In this case, the TPS

sends the following messages:

— A PED message to the Open Flow switches about the selected path as

mentioned above.

— A PER message to the client including an enforcement message signal-
ing the IP address of the new server, if the server is changed, as well
as an assistance message carrying a suggested minimum representation
bitrate indicating that client should not request a representation with a

lower bitrate.

* Case 2: The current server-path pair is the optimal server-path pair for that
client, or the capacity of the optimal server-path pair is limited. In this case,

the backbone is congested and the TPS sends the following message:

— A PER message to the client including an enforcement message signal-
ing that the client should not request a bitrate higher than the specified

value.

The TPS has the responsibility to forward the client requests to a suitable
server via the best routing path. When the network is congested or the server load is
high, the TPS may assist or enforce the clients to request a video encoded at a spe-
cific bitrate. According to the algorithm given in Algorithm 6, the client does not
request a representation with a bitrate higher than the suggested one, if it receives
an enforcement message. A similar approach can be taken when an assistance mes-
sage is received and the client agrees to implement the suggestion. For example, at
the beginning of the streaming session, this decision can be made according to the
user’s preference. The client implements the decision each time sending a request

to the server until it receives from the TPS a reset message. If the client accepts the
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suggestion when it receives an assistance message, it sends a message indicating its
decision to the TPS. The TPS may use this information for further analysis of the

consequences of the selected actions.

5.4.2 SAND-Aware Client Design

In this section, we give a rate adaptation algorithm for SAND-aware DASH
clients. In the proposed system, the DASH client receives PER messages from the
TPS. According to the received type of PER message, the clients run the algorithm
given in Algorithm 6. The client decides on the next segment based on the buffer
level by using the BOLA algorithm and requests the video from the lowest available
bitrate, if there is not enough data in the playback buffer, i.e., the buffer occupancy
is below the threshold. Otherwise, the client can request the video from higher bi-
trates, which may be limited by the DANE. In the case of assistance, the client sets
the next bitrate to be requested to the minimum of the outcomes of the BOLA al-
gorithm and the DANE. This ensures that the client never requests a bitrate higher
than the one signaled by the DANE. This way, the TPS provides a fair sharing of the
network resources among the clients. In case an enforcement message is received,
the client starts requesting the segments from the new server suggested by the TPS.
Network traffic engineering and resource management are two main outcomes of

this awareness that lead to better QoE achieved by the clients.

5.5 Testbed And Simulation Setup

Mininet emulator was used to evaluating the performance of the proposed sys-
tem. In the Mininet topology, there are more than one CDN server, clients and a con-
troller. DASH clients communicate with the controller and exchange status message
as explained in the previous sections. DASH clients send and receive their packets
through their access networks, which are connected to the core (backbone) network.
As a controller, we used the FloodLight controller, which was developed by open
community developers. Also, for testing and evaluation of the proposed system, we
implemented a Java-based DASH client. The illustration of the simulation topology

is given in Figure. 5.2.

Big Buck Bunny (ITEC, 2018) was used for streaming video during the sim-
ulations. DASH clients join the network based on Poisson distribution and start
requesting a suitable representation after downloading the manifest file. The aver-
age interval time and the number of DASH clients are set to 2 and 10, respectively.

Also, we used Compuserve network topology with two different parameter set-
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tings. This topology is a real network topology consisting of 11 switches and 14
links. In the settings, Poisson distribution with different mean (\) and standard de-
viation (o) values were used for generating the network link bandwidths. In the first
set up, the standard deviation was adjusted to (0 < o < 5), which means all network
links had roughly the same bandwidth. In the second set up, the standard deviation
was higher (5 < o < 15), thus, the network links had different bandwidth values.

Algorithm 6: Assisted DASH Adaption Algorithm.

Input:
gBola: rep.id determined by BOLA
gDane: rep.id received from DANE
selected rep.id : determined by the client
requested rep.id : HTTP GET to the server
fDane: true if previous rep.id equals qDane

let rep.id point to representation ID;

foreach HTTP GET request do

1
2

3 requested rep.id «— min(qDane , qBola);

4 switch [ast message type received from the TPS do
5 case assistance message do

6 if ((buffer.level >= threshold) OR fDane) then
7 if (qBola >= gqDane) then

8 ‘ fDane<— true;

9 else

10 \ fDane<— false;

1 end

12 else

13 ‘ fDane<— false;

14 end

15 return requested rep.id;

16 end

17 case enforcement message do

18 if (message carries a new server IP ) then
19 \ connect to new_server();

20 end

21 if (message carries a rep.id ) then

2 ‘ return rep.id;

23 end

24 end

25 case reset message do

26 requested rep.id < selected rep.id;

27 return requested rep.id;

28 end

29 end

30 end

Output: Requested representation
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Figure 5.2. Illustration of the simulation setup in the proposed system.
5.5.1 Performance Evaluation and Experimental Results

In order to investigate the performance of the proposed approach, we con-
ducted a set of simulations with a focus on the QoE metrics: () average received
bitrate, (i¢) outage duration (re-buffering), (i27) startup delay, and (iv) number of the
requested segments from each representation. We compared the proposed system
with two different approaches, where one of them is the conventional (in terms of
rate adaptation algorithm) system with DASH client that is not supported by DANE,
and the other one is the assisted adaptation rule system (Kleinrouweler et al., 2017)
utilizing DANE and BOLA (Spiteri et al., 2016). We refer to this second system as
DANE-assisted BOLA. While DANE-assisted BOLA selects an appropriate video
representation based on the current buffer level and the messages received from the
DANE, in the conventional system, the client requests a suitable video representa-
tion based on the calculated throughput without the network support. Each simula-
tion was repeated five times and averaged values of the results are presented. It is
also worth emphasizing that the buffer-based approach has been tested as well, how-
ever, its performance was similar to the throughput approach, and hence, its results
are omitted here.



'ST> 0> G YA ‘SYNsal uone[nuIIS "7'S d[qeL

ST=X  0T=X

08¢t  ¥98¢ pasodoig
699€  LLST V104 pasisse ANVA
6L9¢  8€8T [BUOIIUSAUO))
ST=X 0T=X (sdqi\) Ppmpueg

(09s) uonemp 93eno a3eIAY (9) (09s) Ae[op dnireys a8e1dAy (q)  (sdq) Ajenb 0opIA poA1ddar 9FeIoAY (B) s19RuRIR]

118

'S S 0> 0 YA ‘SYnsa1 uonenuIS ‘[° A]qEL

€PPE  01ST posodoig
PIZE  SOVC V104 paIsisse ANVA
IEPE  OLET [EUONUIAUO))

ST=X 07=X ST=X 07=X

ST=\ 0T=X (sdqIn) Wpmpueg

(09s) uornernp a3eino o3e1dAy (0) (09s) Ae[op dmyress o8e10Ay (q)  (sdqy) Lienb 0opIA poA1ddAI dFRIAAY (B) spepweIR]



119

In Table 5.1 and 5.2, throughput, startup delay and outage duration values are
given for all approaches. The results show that the proposed approach outperforms
the other approaches in terms of the measured QoE metrics. Table 5.1(a) shows
that DANE-assisted clients can use network bandwidth and increase received bitrate
even requesting from higher bitrate representation has been restricted by DANE en-
forcement messages due to congested network or limited bandwidth. Besides, in
the proposed approach, PER messages cause clients to request video representa-
tion from the proposed server, which has high available bandwidth and lower load.
Therefore, the clients in the proposed approach achieve better video representation
than other approaches. Furthermore, fair bandwidth utilization provided by DANE
reduces startup delay as shown in Table 5.1(b).

In the proposed approach, SAND elements orchestrate video streaming com-
ponents in case of traffic volume changes. When network traffic changes rapidly,
PER messages direct the clients to request representation from a suitable server
while the controller selects paths that have adequate bandwidth to transmit video
packets. An increase in traffic volume leads to a reduction in download speeds and
causes buffer draining on the client-side. As a result, video playback may pause. In
Table 5.1(c), total outage durations experienced by the clients are presented for all
approaches. It is observed that the clients in the proposed approach have less buffer-
ing outages compared to the other approaches. The main reason is that the proposed
SAND architecture directs the clients to select appropriate representations by en-
forcing them not to exceed the quality suggested by the DANE when the network
bandwidth is limited. The proposed approach performs better when 5 < ¢ < 15
as observed from Table 5.2. In the proposed approach, the DANE may suggest
or enforce the client to request specific representation from a specific server when
the traffic volume changes. Hence, the clients may make a better decision to adapt
quality based on the PER messages sent by the DANE.

Figure. 5.3(a) shows the percentages of the received segments per represen-
tations. As mentioned before, L1 and L6 refer to the lowest and highest represen-
tation bitrate, respectively. Receiving more video segments with a lower bitrate
naturally decreases the quality. In general, the proposed approach outperforms the
two other methods. Since the conventional and DANE-assisted BOLA approaches
receive more segments from the low quality representations, the clients using these
approaches play a video with lower quality than that of the proposed approach. The
performance differences between the approaches become clearer when the graphs
are given in Figure. 5.3(b) are examined, where the network links have more asyn-

chronous bandwidth values.
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Since each client implements its rate adaptation algorithm in the conventional
approach, the video quality experienced by different clients may differ even they
share the same network environment. Undoubtedly, using DANE reduces the stan-
dard deviation by enforcing the clients to never exceed the specific quality levels
even when the network bandwidth is free for a short period. However, the greedy
behavior of the conventional approach causes the clients to request a video represen-
tation from the highest possible quality levels when estimating the network has more
available bandwidth. Unfortunately, clients should decrease quality when available
bandwidth decreases. Therefore, resource allocation in the conventional approaches
is not fair enough and players experience different video quality because they have
a limited view of the network activity in the lack of SAND architecture.
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Leveraging SAND and DANE may help clients receive segments from the rep-
resentations having similar qualities in case they are properly assisted by DANEs.
This provides that network resources are shared fairly among clients, since each
client uses a roughly equal amount of network bandwidth. In the proposed approach,
the TPS estimates maximum quality level based on the network information and en-
force clients not to exceed that threshold. Thus, all clients receive videos in more
uniform quality. As shown in Figure. 5.4, in the proposed approach, the video
quality experienced by the clients is similar while they receive higher bitrate with
the steady video quality. On the contrary, the other approaches have a higher devi-

ation, which means that clients experience video with more varying quality.
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Figure 5.4. Standard deviation of the received video bitrate.
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5.6 Conclusion

SDN is a versatile approach for providing network support for SAND. In this
paper, we developed an SDN-based SAND architecture and designed a SAND-
aware DASH client. Based on the simulation results, the proposed approach pro-
vided improvements up to 40 and 34% in received video bitrate while providing
reductions up to 78 and 80% in outage duration, and 54 and 68% in startup delay
when compared to the conventional and DANE assisted BOLA methods, respec-
tively. This means that SAND architecture in the proposed approach enables the
clients to achieve better adaptation, while the network conditions change rapidly.

This awareness leads clients to achieve better QoE.

Planned future work and improvements include enhancing our study by adding
a content management infrastructure. We plan to continue to use virtualized caches

and develop an algorithm for determining the contents in these virtualized caches.

Note : The results of this study published in (Kalan et al., 2018b), 2018 IEEE
Conference on Network Function Virtualization and Software Defined Networks
(NFV-SDN), 27-29 November 2018 — Verona, Italy



123

6. CONCLUSION

In this section we summarize the findings of the thesis and discuss some future

perspectives.

6.1 General View

In this thesis, we have investigated adaptive streaming technology relied on
SAND technology to experience better QoE. In this way, we leveraged NFV and
SDN advantages concerning overcome legacy network limitations. NFV-SDN pro-
vides more flexibility for network management. SDN is an emerging paradigm
where the data and control planes are separated, which gives more agility and flex-
ibility to network management while a central controller has a big picture of the
underlying network infrastructure. SDN technology allows network operators to
develop and implement application-specific, innovative routing strategies as well
as gather real-time network related information such as traffic volume and packet
loss rate. Therefore, SDN could be a promising technology to provide network sup-
port for SAND applications. The SDN programmable infrastructure that offers a
wide range of flexibility for designing application-specific routing algorithms and
the SAND architecture that provides clients to make more intelligent decisions about

rate adaptation.

In the SAND architecture, there are network entities called DANEs, server(s),
clients as well as regular network elements. DANEs are used for enhancing QoE by
sending messages to the clients, servers, and other DANEs. Parameters Enhancing
Delivery (PED), Parameters Enhancing Reception (PER), and client status and met-
ric messages are defined as SAND messages. While PED messages are exchanged
between two DANES, or a server and a DANE; PER messages are sent to the clients.
The messages sent to the clients can be either an assistance message or an enforce-
ment/error message. Assistance messages can be used by the clients to improve
their performance. Enforcement or error messages require clients to operate in a

particular way.

6.2 Contributions

The first part of this study introduces an algorithm for efficiently using net-
work resources while supporting for fair bandwidth allocation to SVC clients. Withe
the consideration of the packet loss ratio in the application layer, we introduced an

optimization algorithm for the selection of video codec type and an optimal number
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of layers. The aim of the proposed (Algorithm 1: Packet Loss Ratio Estimation) al-
gorithm is to maximize the quality of video at the client-side while considering the
constant capacity of the network. Toward conduct to the optimal number of video

layers, the SDN controller calculates the packet loss ratio by considering video codec

types.

We extended our first proposed algorithm by focusing on layer dependency
and packet loss ration in multiple paths, while each layer can be routed via different
paths and affected by other streams on the same path. In our SDN-assisted system,
we implemented the OLS (Algorithm 2: Optimal Layer and Path Selection ) al-
gorithm. An output of the OLS algorithm, the controller assists clients by sending
the optimal number of layers as well as video codec types which can be requested.
We have conducted that the OLS algorithm achieves better results in therm of QoE
metrics. In addition, it is discussed and proof that the OLS algorithm belongs to
the class of (C' * O(nlogn)) complexity, where C' is a constant value refers to the

number of video layers.

As a second contributing, we leveraged advantages of the network function
virtualization with features of the MPEG-SAND architecture and introduced vir-
tual DANE (vDANE or vCache). The vDANE:s are the virtualized caches with the
knowledge of DASH characteristics, which uses NFV hosted by the servers con-
nected to the switches. Contribution of the SAND and NFV-SDN can assist the
client in better adaption. We introduced our cache placement algorithm by taking
advanced of the SAND technology into account. As a first attempt, we introduced
the concept of VDANE and proposed an algorithm for selecting the placement of an
additional vDANE when a new cache is required (Clayman et al., 2018). The pro-
posed (Algorithm 3: PressureCache) algorithm aims toward installing additional
vDANE:s in appropriate locations while the first one was previously installed in a

fixed location.

In (Kalan et al., 2019), we proposed the problem of selecting the location
of the initial yDAN E and the migration of it considering SAND characteristics.
While in the former study only available bandwidth is considered, in the latter study,
the replacement of the virtualized cache function and connectivity as well as band-
width and hop counts of the links also is charged. The dynamic nature of the pro-
posed (Algorithm 4: InitialPressureCache) algorithm gives more flexibility to ser-
vice providers to immigrate vDANE to a suitable location with respect to reduces
network traffic and latency. As a consequence, the client experiences better QoE.
Also, we addressed the hand-off problem by introducing (Algorithm 5: Cache Mi-
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gration).

SDN is a considerable alternative for providing network support for SAND ar-
chitectures, we develop a SAND architecture by utilizing network observation and
routing capabilities of SDN, and design a SAND aware DASH client for maximiz-
ing the advantages provided by the SAND architecture. SAND architecture in the
proposed approach gives more intelligence to the clients in order to achieve better
adaption while network condition changes rapidly. This intelligence leads clients to
have better QoE. Furthermore, proposed (Algorithm 6: Assisted DASH Adaptive)
algorithm eliminate clients greedy behaviour. Thus, almost smooth traffic can be

considered as another output of the proposed algorithm.

6.3 Future Prospects

As future work, we aim to address unified streaming where there is only one
source to stream all content to all devices. Such an architecture allows the origin
server to ingest one format and package it on-the-fly to all devices. Unify streaming
improves cache capacity while it is stored only one copy for all formats. Besides,

streaming a unique format reduces network traffic and CDN cost as well.
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