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Balanceamento de Carga.

Resumo A generalização do acesso à Internet e equipamentos pessoais como smart-
phones, tablets e computadores pessoais, está a criar uma nova onda de
consumo de conteúdos multimedia. Nas ultimas duas décadas, a indús-
tria de transmissão de Televisão atravessou várias evoluções e alterações,
evoluindo da distribuição analógica para a digital, de canais de Televisão de
definição padrão para alta definição, do método de distribuição IPTV, até ao
último conjunto de tecnologias na distribuição de conteúdos, OTT. A tecnolo-
gia IPTV introduziu novas funcionalidades que mudaram o papel passivo do
cliente para um papel activo, revolucionando a forma como os utilizadores
consumem conteúdos televisivos. Assim, os hábitos dos clientes começaram
a moldar os serviços oferecidos, levando à oferta de consumo de conteú-
dos em qualquer lugar e em qualquer altura. A entrega de vídeo OTT é um
reflexo destes hábitos, indo ao encontro dos desejos dos utilizadores, que
introduz inúmeras vantagens sobre outras tecnologias discutidas neste tra-
balho. No entanto, a entrega de conteúdos OTT cria diversos problemas de
escalabilidade e ameaça o modelo de negócio das Operadoras de Telecomu-
nicações, porque os fornecedores de serviço OTT usam a infraestrutura das
mesmas sem quaisquer custos. Consequentemente, os Operadores de Tele-
comunicações devem preparar a sua infraestrutura para o consumo futuro ao
mesmo tempo que oferecem novos serviços para se manterem competitivos.
Esta dissertação visa contribuir com conhecimento sobre quais alterações
uma Operadora de Telecomunicações deve executar com o modelo de pre-
visão de largura de banda proposto. Os resultados obtidos abriram caminho
para o método de entrega de conteúdos multimedia proposto, que visa ao
melhoramento da qualidade de experiência do utilizador ao mesmo tempo
que se optimiza o processo de balanceamento de carga. No geral os testes
confirmam uma melhoria na qualidade de experiência do utilizador usando o
método proposto.





Keywords Digital Television, IPTV, OTT, DASH, SDN networks, Quality-of-Experience,
Load Balancing.

Abstract The general use of Internet access and user equipments, such as smart-
phones, tablets and personal computers, is creating a new wave of video
content consumption. In the past two decades, the Television broadcasting
industry went through several evolutions and changes, evolving from analog to
digital distribution, standard definition to high definition TV-channels, form the
IPTV method of distribution to the latest set of technologies in content distribu-
tion, OTT. The IPTV technology introduced features that changed the passive
role of the client to an active one, revolutionizing the way users consume TV
content. Thus, the clients’ habits started to shape the services offered, leading
to an anywhere and anytime offer of video content. OTT video delivery is a
reflection of those habits, meeting the users’ desire, introducing several bene-
fits discussed in this work over the previous technologies. However, the OTT
type of delivery poses several challenges in terms of scalability and threatens
the Telecommunications Operators business model, because OTT companies
use the Telcos infrastructure for free. Consequently, Telecommunications Op-
erators must prepare their infrastructure for future demand while offering new
services to stay competitive. This dissertation aims to contribute with insights
on what infrastructure changes a Telecommunications Operator must perform
with a proposed bandwidth forecasting model. The results obtained from the
forecast model paved the way to the proposed video content delivery method,
which aims to improve users’ perceived Quality-of-Experience while optimizing
load balancing decisions. The overall results show an improvement of users’
experience using the proposed method.
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CHAPTER 1
Introduction

1.1 Motivation

Video content production is at a level never seen before, and customers are more demanding

than ever. They want higher video quality, a broader video catalog, and a real anytime-

anywhere offer. A forecast made by [1] predicts that, by 2021, 82% of all consumer Internet

traffic generated will be video. Another obstacle faced by ISPs will be the continued decrease

of Linear-TV in share, and by 2020, Video-on-Demand (VoD) and Catch-Up TV will claim

almost half of the viewership time and half of the time a mobile screen will be the chosen

device, which is an incompatible multicast device [2]. Therefore, native IP-Multicast, the

Linear-TV type of transmission, becomes less attractive and a hurdle to maintain. OTT pure

companies are already deploying new types of CDN (Content Delivery Network) solutions

to handle bandwidth demand and rising subscribers, increasing the overall flexibility and

enabling new features. On the ISPs side, multicast compromises the flexibility due to restrains

like the need for multicast compatible hardware on the customer side. The Set-top Box

(STB), in most cases, has proprietary standards and closed technologies making innovation

hard. Hence, choosing a new way of content delivery will have a profound impact on ISPs

infrastructures, top to bottom. At the beginning of the millennium, IP-multicast began to be

adopted, and today it is still the most efficient way of delivering video to a group of subscribers

inside an ISP network. However, this efficiency is only achievable if the content delivery is

Live/Linear-TV, and off-schedule content like VoD and Catch-Up TV have been rising steadily.

A study by Ericsson [2] indicates that roughly 60% of customers prefer off-schedule content.

On the contrary, unicast transmissions are the most basic ones, using a one-to-one-type

communication between a sender and a receiver. In other words, unicast does not scale well,

because for a large number of receivers requesting some content, the infrastructure would

have to be massive and most of the time idle. To deal with this problem, the design and

deployment of CDNs has been used as the answer, bringing content closer to users allowing

the utilization of unicast as the standard transmission way of non-linear content. Therefore,
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with the characteristics introduced by CDNs, core network traffic can be reduced, achieving

faster streaming times, improving the user Quality-of-Experience (QoE). Notwithstanding, if

unicast type-of traffic is on the rise due to the increase of VoD, Catch-Up TV, and Internet

video content, then, naturally, two critical questions emerge:

• Is it feasible to drop multicast altogether for unicast or another method of transmission?

• How to prepare an ISP content delivery infrastructure for the future?

To answer these questions, bandwidth estimation with data from ISP operators is essential,

as well as estimation of the operational costs regarding transmission methods.

1.2 Objectives and Contributions

The main concern laid out in the motivation section was the fact that unicast content is rising,

Video-on-Demand (VoD), Catch-Up TV and so on, and will continue to rise in the foreseeable

future. These types of content have a greater impact on network resources than Live-TV

which is distributed using the very efficient multicast networks. Thus, the work on this thesis

is two-fold:

• A proposed forecasting model: considering Live-TV, Catch-Up TV, and VoD, three

approaches for content delivery are compared: multicast, unicast-only and hybrid. The

comparison between these approaches focuses on how bandwidth spending will grow in

the future as well as a theoretical Operational Expenditure (OPEX) comparison. The

findings of this work lead to the second part of this thesis;

• A proposed content delivery method: with the insight from the proposed forecasting

model, where the new edge network hardware is a must to prepare an Internet Service

Provider (ISP) infrastructure for the future, a new method for load balancing Over-

the-Top (OTT) content is proposed. This method aims to improve the users’ perceived

Quality-of-Experience (QoE) while, at the same time, it aims to improve infrastructure

resources.

The proposed forecasting model has been one of the results of the P2020 UltraTV project

(Altice Labs, Universidade de Aveiro, and Instituto de Telecomunicações).

Also, the proposed forecasting model work resulted in a submitted, accepted and presented

paper to the IEEE Symposium on Computers and Communications, June 2018 - Natal, Brazil.

1.3 Document Organization

The table of contents provides an overview of how the document is organized, but it is

important to provide a little bit more context to each chapter:

• Chapter 2, State of the Art: presents a high-level overview of the digital Television

evolution to the new OTT technologies and new network innovations (SDN);

• Chapter 3, Forecasting OTT Bandwidth Consumption: displays the proposed

forecasting model architecture, implementation, evaluation and conclusions;
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• Chapter 4, Proposed Content Delivery Method and Architecture: describes

the proposed method and the architecture of both the client-side and the server-side

components;

• Chapter 5, Implementation: presents the technologies and mechanisms used to

implement the previously discussed components;

• Chapter 6, Proof of Concept and Evaluation: describes the scenarios elaborated

to test the proposed approach, the challenges of creating a testbed for such scenarios,

and finally, it discusses the obtained results;

• Chapter 7, Conclusions and Future Work: exposes a critic viewpoint of the results

obtained and lays out future improvements and features of this work.
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CHAPTER 2
State of the Art

This chapter focuses on the evolution of multimedia content delivery, from digital Television

broadcasting to HTTP adaptive streaming and all of the related challenges. Further, due to

the importance of SDN networks in this work, an in-depth analysis is made. Additionally,

Quality-of-Experience and its challenges are described as well. The chapter divides into

multimedia technologies, infrastructures, services, SDN networks, and Quality-of-Experience.

2.1 Multimedia Technologies

This section will describe the major technologies of content distribution, from the early days

of Television broadcasting to HTTP adaptive streaming.

2.1.1 TV Broadcasting

Television broadcasting started to transition to digital in the 1990s with a project called

Digital Video Broadcasting (DVB) Project [3], that included more than 200 companies between

broadcasters, network operators, regulatory entities and others. The DVB Project started in

Europe, but now it is a worldwide project with the common goal of standardizing specifications

for digital media delivery systems. However, in 1990, digital television broadcasting was

considered unfeasible and expensive to deploy. The year 1991 brought manufacturers and

broadcasters to discuss how to build a platform that would lead to a standard that fitted

digital broadcasting needs, forming the European Launching Group that would later become

the DVB Project that started in 1993. The project’s central philosophy was to develop a

complete suite of technologies that would serve as a foundation for both satellite, cable, and

terrestrial broadcasting, avoiding one-to-one technologies that would break if used on different

realms. In sum, the DVB Project created multimedia containers that would work on different

mediums of distribution. The DVB Sattelite (DVB-S) and DVB Cable (DVB-C) were the

first to be deployed due to market priorities, DVB Terrestrial (DVB-T) came last. Moreover,

terrestrial broadcasting usually belongs to the public sector rather than the private sector,
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and when compared to the other two, DVB-T had more constraints of deployment due to its

size and coverage. The first DVB broadcast was from a DVB-S system, and it was in 1995 by

a pay-TV french operator [4]. The first DVB-T broadcast began in 1998 in Sweden and the

UK. Portugal began working on DVB-T in 1999 [5], coordinating efforts with Spain due to

frequency planning between the two countries, but only in 2009, Portugal started transmitting

in compliance with DVB-T, with DVB-T2 freshly standardized [6]. The next generation of

DVB brought first the DVB-S2 in 2003 [7] following the same trend of developing first the

technology for satellites, with overall improvements and a gain of ≈ 36% of useful bitrate.

Then the tradition (first satellite, then cable and lastly terrestrial) was stopped because

DVB-T2 arrived first, in 2009, not DVB-C2, that arrived in mid-2010 [8]. DVB-T2 brought a

more robust signal, improving the maximum data rate of 40 Mbit/s beating the 31.7 Mbit/s

of DVB-T. The DVB-C2 evolution came later due to the evolving market drivers. The cable

TV is stagnating [9] and seems that it is not part of the future convergence comparing, for

instance, to the Fiber-to-the-Home (FTTH) medium. One of the key reasons for the evolution

was the need to keep up with the other two evolutions (DVB-S2, DVB-T2) because some

Cable TV (CATV) networks are retransmitting to satellites for example. More than twenty

years later, the DVB Project is considered successful with deployments all over the world. The

DVB-T is the least adopted around the world, being Europe the main adopter, and DVB-S is

the most adopted worldwide. In total, around the world, it is estimated that nearly 1 Billion

of DVB receivers are in use [4].

2.1.2 Streaming

Streaming can be defined as a continuous flow of data from a sender to a capable receiver,

sharing the same medium, usually a video transmission on an IP network. In a non-streaming

scheme, to exist any content play, the sender has to send all the data before the receiver

can play it. Since the late 90s, streaming began to gain popularity with the RTP Streaming

Protocol (RTSP) [10], which was standardized the same year of the first terrestrial digital

broadcast in 1998. However, the streaming boom would come with the increase of Internet

speeds, pushed by the adoption of Digital subscriber line (DSL), 3G and later Hybrid Fiber-

Coaxial (HFC), pushing video compression technology, that made video content delivery

through IP networks achievable. Since then, streaming matured enough to compete and

disrupt the multimedia delivery industry [11].

Traditional Streaming

The creation of RTSP was a response to the growing popularity of multimedia streaming over

IP networks. It works alongside other two protocols, Real-time Transport Protocol (RTP) and

RTP Control Protocol (RTCP) to meet the specific needs of real-time on-demand delivery. It

can control multiple data sessions and is able to choose between User Datagram Protocol (UDP)

and TCP on a RTP data channel. The RTCP helps RTSP by getting QoS metrics such as

packet loss and delay. Adding all features, RTSP Protocol has some hurdles regarding
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scalability issues because each session must be managed. For a service like YouTube would be

impossible to use this protocol. Also, the use of UDP packets can be fructiferous to avoid

video stalls. However, using those types of packets on an unmanaged network where there are

no guarantees of a path open to the UDP packets, those packets can be dropped, making video

playback impossible. These types of problems limit the use of RTSP on modern multimedia

services, though in other scenarios like Voice over IP (VoIP) it is still widely used.

Progressive Download

Progressive download is a technique that transforms a bulk of data into a readable as you

get data. Ordinarily it is used over HTTP (HTML5 has native support) or in P2P networks.

The client controls the playback, and it needs a "warm-up" to feed sufficient data to the

decoder, intra-frames, so that the subsequent data can have frames depending on past or

future frames, P-frames and B-frames respectively. It is possible to do operations like seeking

because codec video formats have intra-frames along the video to make seeking possible,

and therefore making seeking possible. Because progressive download can work through

HTTP and HTTP is stateless, the use of proxy servers, Content Delivery Network (CDN)s

is possible, as well as traversing throughout the entire network without being blocked by a

firewall (HTTP is generally allowed in every firewall). These characteristics are essential to

scale unicast traffic. Comparing with RTSP some features are missing like the gathering of

Quality-of-Service (QoS) metrics to improve connection and live-streaming, but because of its

scalability and ease of access, it became widely adopted for streaming on-demand content.

Adaptive HTTP-based Streaming

In a world of unmanaged networks and mobility scenarios, conditions can have a significant

deal of variations, and as humans adapt to their surroundings, the content must adapt as

well to the network conditions, like bandwidth, latency, jitter and packet loss. Streaming

adaptation is essential, especially nowadays given the mobility of equipments that can play

content. Therefore content adaptation is critical to improve the observed user QoE. However,

for a real adaptation to be plausible, it is needed the type of metrics that RTSP provides, the

scalability from the progressive download and different types of encoding techniques. Multiple

Description Coding (MDC) and Scalable Video Coding (SVC) brought a new way to encode

multiple qualities for a video with slightly distinct approaches, but the core idea is to encode

in different qualities to send more or fewer data depending on the client capabilities, building

frames on the client side with more or less quality. This progress paved the way for the natural

evolution of progressive download technique, the segmented HTTP-based streaming. The

concept behind this new method is to take advantage of scalable and complementary encoding

techniques and apply it to the HTTP realm. The core principle is to encode the original

content into different quality streams and break those streams segments or "chunks" that can

have 2 to 10 seconds of video content. Each chunk has an intra-frame at the beginning, so

it can be decoded independently from other chunks; and chunks are numbered, making it
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possible to switch qualities without affecting the timeline of the video content. This granularity

benefits the playback avoiding stalls or "drag" in the video. One of the main advantages is

that the client controls which chunks to download, which quality stream to choose based on

its conditions, based on the equipment capability.

Figure 2.1: HTTP-based Adaptive Bitrate Streaming [12]

Therefore, server-side computational resources are saved because the client controls what

to download, since the client is in the best position to assess its environment [13]. Nonetheless,

the client does not have 100% of control, and it is common for video players running on the

client to have restrictions on buffer size, due to the fact that sometimes the client will not

see the totality of the video, wasting server capacity. Considering the approaches addressed,

segment HTTP-based streaming adds upon the missing features of progressive download that

RTSP provided, maintaining the same scalability and advantages of being HTTP and, because

of the symbiotic growth of HTTP and Internet, HTTP delivery is extremely optimized.

2.1.3 Adaptive Streaming Protocols

The popularity growth of adaptive HTTP streaming technologies lead significant industry

players to develop their solutions:

• Microsoft defined Smooth Streaming;

• Adobe created HTTP Dynamic Streaming (HDS);

• Apple produced HTTP Live Streaming (HLS);

• Moving Picture Experts Group (MPEG) created the first Dynamic Adaptive Streaming

over HTTP (DASH) ISO.

Microsoft Smooth Streaming

Developed by Microsoft, Smooth Streaming is part of the solutions offered in the realm of web

servers, more specifically the Microsoft Internet Information Services (IIS) Media Services.

Based on the fragmented MPEG-4 standard, it supports Windows Media Audio (WMA),

Advanced Audio Coding (AAC) for audio codecs and H.264/VC-1 as video codecs and has a

maximum resolution of "1080p" [14]. Smooth streaming is essentially an integrated proprietary

take on the adaptive HTTP-based streaming, divided into three main components: the encoder,

Microsoft Expression Encoder, the server, Microsoft’s IIS Media Services, and the client, a
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Microsoft Silverlight player that runs on Microsoft platforms (but a Software Development

Kit (SDK) provides means to implement players for other platforms). This integrated solution

was targeted to pay TV operators because of the Digital Rights Management (DRM) support

and features that Digital Video Recorder (DVR) usually offer, making this solution adequate

for commercial deploy. Figure 2.2 depicts a typical communication sequence between a IIS

Media Service web server and a Smooth Streaming client.

Figure 2.2: Smooth Streaming Sequence [14]

Apple HTTP Live Streaming

Started as an Internet Engineering Task Force (IETF) Internet Engineering Task Force draft,

it was early on picked up by Apple to also, as Microsoft, push its own standard of HTTP-based

streaming. HLS supports H.264/AAC and as of 2017, it also supports High Efficiency Video

Coding (HEVC)/H.265/High Dynamic Range (HDR) video codecs and Dolby Atmos audio

codec [15]. Differentiating from Smooth Streaming, HLS uses MPEG-2 Transport Streams

instead of fragmented MPEG-4, and the media files description is done by "m38u" playlists.

Comparing with Smooth Streaming, HLS gained more traction over the Internet because of

the millions of Apple devices that support it by default.
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Figure 2.3: Components of an HTTP Live Stream (HLS)[15]

Adobe HTTP Dynamic Streaming

To complete its suite of media services, Adobe also created its own take of segmented

HTTP-based streaming, creating a new container, the F4V, which contains video encoded in

H.264/AAC, using the MPEG-4 standard to create chunks. The technology is very similar

to HLS and Smooth Streaming, but 100% incompatible; only Adobe Flash Player or players

based on Adobe Integrated Runtime can reproduce HDS streams.

MPEG Dynamic Adaptive Streaming over HTTP

The same companies that created their own adaptive streaming HTTP protocols, and others

that one way or another depended on those solutions, started to realize that the market

was too fragmented and convergence was the future for market growth, benefiting everyone.

The MPEG Dynamic Adaptive Streaming over HTTP (MPEG-DASH) standard was created

in 2012 with participating companies like Microsoft, Apple, Netflix, Qualcomm, Ericsson,

Samsung, and others [16]. In 2014 it was revised [17] by the already then built DASH-Industry

Forum (DASH-IF) foundation. The DASH-IF was established shortly after the first standard

approval [16] and counts with over 67 members, like Microsoft, Adobe, Samsung, Qualcomm,

Google, Akamai, Ericsson, LG, and others. The DASH-IF main focus is interoperability to

avoid ecosystem fragmentation. That strategy worked, and DASH became fastly adopted,

resulting in the integration of DASH on HTML5, Media Source Extensions, allowing DASH

playback via HTML5 audio and video tag. Also, the 3rd Generation Partnership Project

(3GPP) added support for DASH on its Release 10 [17]. Figure 2.4 shows the industry

evolution of adaptive streaming protocols.
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Figure 2.4: Evolution of Adaptive Streaming Protocols and Standards [17]

DASH introduced a new type of descriptor called MPD. This file is an Extensible Markup

Language (XML) file that comprises the various qualities of video and audio content, pointing

to the right HTTP Uniform Resource Locator (URL). It has a hierarchical organization,

describing time Periods (start time and duration) that each can contain different Adaptation

Sets. The time periods resolve one of the most challenging problems in the industry, dynamic

ad-insertion. The adaptation sets group different configurations that can include different

codecs, audio, subtitles, and others. Figure 2.5 shows the organization of a Media Presentation

Description (MPD).

Figure 2.5: Media Presentation Description (MPD) [17]

Due to the number of companies contributing to the DASH project, features were added

from previous technologies and new features that create an extensive list that DASH holds.

Here are some highlights:

• independent standard, not owned by any company;

• support for different ABR Strategies;

• multi-video and audio tracks to give the full DVD/Blu-Ray experience;

• common encryption, allowing multiple DRM technologies to coexist, even in different

adaptation sets;

11



• seamless ad insertion, through the use of periods;

• ease of integration, DASH works on any HTTP server and media servers, not requiring

any vendor-specific ecosystem;

• codec agnostic;

• support for quality metrics, the client can report them.

With all of the contributions and options designed in the standard specification, the DASH

project struggled with its own flexibility and its large number of features, and the will to be

codec agnostic, creating a problem of what technologies makes a DASH player. Therefore,

the DASH-IF foundation started to create guidelines that worked as ’profiles’, creating a

baseline configuration with restrictions and linking a codec, so that the interoperability would

actually be achieved in a fast way, like a standard inside a standard. The main profile created,

"DASH-AVC/264", as the previous adaptive streaming technologies, used the H.264 video

codec except for the audio, using the new High-Efficiency Advanced Audio Coding (HE-ACC)

v2. In the process of finishing new profiles, like the "DASH-IF Ultra High Definition (UHD)

HEVC 4K" or "DASH-IF VP9 UHD", it shows just how malleable and future-proof DASH

is. Two major video distributors, YouTube and Netflix, that account for almost 50% of all

video traffic generated globally, are already using DASH making a big push of this standard

[18]. The only requirement that Dash.js from DASH-IF has, is that the web browser must

support HTML5 Media Source Extensions (MSE) [19] [20]. Figure 2.6 shows which browser is

compliant with MSE. Noticeable, Safari from iOS does not support MSE, but Safari from

MacOS does. Internet Explorer has some support issues [21], and currently, MSE is disabled

by default on Samsung Internet [22].

Figure 2.6: MSE Browser compatibility [21]

At the moment, DASH is still competing with HLS to become the de facto standard, but

it has a broader interoperability offer and a bigger DRM ecosystem for vendors compared to

HLS.
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2.2 Multimedia Infrastructures

This section will describe the most common infrastructures used in multimedia content delivery

and its most important components.

2.2.1 TV Cable Networks

The last significant evolution of the Cable TV was in mid-nineties when digital Television

was standardized for CATV networks, the already discussed DVB-C. By that time, CATV

operators were investing considerable capital to improve CATV networks to reach more

customers and offer more channels [23], moving from all coaxial topologies to hybrid ones

with fiber. This push happened because of the type of architecture that Cable TV has and

shares with Digital Terrestrial Television (DTT) and Satellite TV: the broadcasting of all

the channels from their headend to a single transport medium. Moreover, the TV channels

encoding used at the time was MPEG-2, meaning that each channel would take at least five

Megabits per second (Mbps) and multiplying with almost one hundred channels offered by

the operator. The HFC networks were then developed to accommodate these requirements.

Figure 2.7 depicts a HFC network, where a major fiber ring exists throughout a metropolitan

area, having then fiber nodes that feed the coaxial distribution network, the client’s point of

access. The client would then need a Set-top Box (STB) that tunes to the right frequency to

view a channel.

Figure 2.7: Hybrid Fiber-Coaxial example (HFC) [24]

With this improvement, Cable operators were in a unique position to offer Personal

Communication Services as it was called at that time; today we merely refer to it as Internet

access. With the advent of VoIP, CATV operators started to provide the triple play service,

that combines television, telephone, and Internet access [25]. Consequently, Cable TV

operators were no longer offering just Television and were creating a new market that would

profoundly affect Telecommunications Operators (Telcos).
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2.2.2 IPTV Networks

IP Television (IPTV) is a different take on TV-channels broadcast: a combination of technolo-

gies that make video content delivery on the realm of Internet Protocol (IP) networks a reality.

Instead of delivering all of the channels at once, it delivers only the TV-channel requested

by the client, reducing the network infrastructure requirements drastically. In fact, in this

environment, although a set of minimum requirements exist, it is virtually possible to have an

unlimited number of channels available to the client because the limitation does not come

from the client side but in how many servers the operator has to fulfill the client’s request

[26]. Therefore, IPTV changed the distribution paradigm; the client interacts with the service,

not like CATV in which the client only tunes-in the desired TV-channel, opening a world of

new features. Microsoft started to push IPTV technology around 2004 [27] due to the Telcos

necessity to compete with CATV operators ( and as a way to Microsoft diversify its products)

to create a new market. Realizing that IPTV technology would require an interactive STB,

essentially a media center computer, that Microsoft started to bring to market some years

before. However, IPTV faced some critical challenges due to the client’s medium of access

limitations, the Telcos network: a pair of thin copper wires. DSL innovations combined with

the new codec compression from Microsoft, reduced the 5 Mbps of MPEG-2 per TV-channel

to 2 Mbps, making IPTV look achievable. Figure 2.8 depicts all of the network components

allied with the IPTV components of the first European company to deploy IPTV.

Figure 2.8: Telco voice services integrated with video services, IPTV [27]

Besides the low bandwidth access, one more problem needed fixing, the start-up time of

a TV-channel, that was slow in comparison with CATV that had all channels transmitted

to the STB, due to the cost of changing the multicast group to another with the requested

TV-channel. Microsoft overcame this technical difficulty with a special buffer: each time

the client changes the channel, a burst of UDP packets are sent, fast starting the channel

stream, later changing to the multicast stream when ready without the client noticing the
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transition. Further, this technology enabled on-demand content due to the IPTV paradigm

shift, radically changing how consumers watch Television, like Catch-Up TV. Later the

European Telecommunications Standards Institute (ETSI) standardized the core elements of

the IPTV technology, and CATV operators embraced this technology.

2.2.3 CDNs

CDNs are an essential element of the Web landscape since 1998 when first introduced [28].

With the exponential growth of Internet access and its services, web pages started to become

more elaborate and with more content, and web servers were not up to the task. Therefore,

CDNs aim to reduce the load on the servers at the same time satisfying the clients as fast as

possible. The core principle is replicating the content from the source, usually called the origin

server, to other servers called surrogate or replica servers. These types of networks are tailored

for the kind of content they serve, that can be static web pages, video or other web services.

The replica servers are strategically placed considering the geographical demand, that improves

response times but at the same time reduces backbone traffic on the network. There are two

approaches to implement CDNs: overlay and network (hybrid solutions with the two exist as

well). The overlay approach uses specific servers or caches that handle the content distribution,

creating virtual interconnections between the replicas. No core network infrastructure like

switches and routers play an active role in content delivery, providing only basic connectivity

and complying with QoS agreements for the CDN nodes. The network approach, as the

name points out, depends on network equipment like routers and load balancers that directly

participate in routing requests throughout the CDN network. Comparing the two, the overlay

approach is more flexible, and for that reason, the most widely deployed. For the actual

communication between replica servers, one or more protocols can be used like Cache Array

Routing Protocol or the Hypertext Caching Protocol, but some vendors implement their own.

Load Balancing

Load Balancing is one of the core foundations of CDNs, aiming for equal distribution of load

among the replica servers while pointing the user request to the nearest one [29]. Nowadays,

load balancers can exist in the form of hardware appliances or virtual appliances optimized for

the specified platform and content. The primary tasks of a load balancer are to choose, based

on application-specific methods of distributing network traffic, the best server for both the

client and the infrastructure, fast and efficiently, and to constantly monitor the performance

of the network servers to make better future decisions. Several techniques and algorithms

exist to make the appropriate decisions depending on the type of content and the level of load.

Here are some of the most commonly used:

• Round-Robin: one of the simplest and most used, Round-Robin, distributes requests in

a rotating sequential manner, worrying only about even load distribution;

• Weight Round-Robin: builds on the idea of the previous method, but each server has a

static numerical weight that rates the servers that can process more or fewer requests;
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• Least-Connection: this method considers server load, the requests are routed to the

server that has the least active sessions at the current time;

• Source IP Hash: a unique hash key is generated for a particular server with information

of the source and destination IP address of the client request. Therefore, if the client

connection drops, this method assures that the client is redirected to the same;

• Choice-of Two: this algorithm takes two servers randomly and chooses the one with the

smallest load. This method keeps the simplicity of the Round-Robin while taking load

into account.

2.2.4 OTT Networks

With the advent of IPTV technologies and the growing Internet bandwidth access, a set of

new technologies of content delivery emerged, OTT multimedia networks, defined by the

unmanaged nature of the delivery. Contrary to the IPTV networks, which is managed (closed)

to guarantee QoS metrics, OTT networks delivery works without the interference of an ISP,

in a best-effort style on the last mile. While IPTV operators build their dedicated networks

needing client-side specific hardware (a multicast-enabled device like a STB), OTT operators

use any infrastructure available for free, delivering content in a multi-platform approach,

where the client can use a number of devices like smartphones, tablets, smart TVs, explaining

the exponential growth and popularity of OTT type delivery [25] [30] [9]. However, without

controlling the network, it becomes harder to guarantee user perceived QoE resulting in

various challenges that OTT operators must overcome. The components that make an OTT

network must then be scalable, reliable and adaptable in real-time to account for client

environment changes and others; they must provide low buffering times avoiding video halts,

adequate video-resolution regarding the client’s device, and small delay if the content is live.

Consequently, OTT services pose at the same time a menace and an opportunity to IPTV

operators: a menace because OTT services can reach more clients due to the multi-platform

approach and are more adaptable to the client’s preferences and habits, eating up the IPTV

market; however, at the same time, it can be an opportunity for IPTV operators to take

advantage of the network’s control and transition fully or partially to a OTT content delivery

style or offer a separated OTT service. Also, offering enhanced access to major OTT actors,

by signing Service Level Agreement (SLA) to work together, both companies can benefit, for

instance, Netflix establishes protocols to install hardware on the ISP networks, improving

their service. Figure 2.9 depicts the problem of the unmanaged network and the appropriate

place to deploy OTT hardware on a ISP network (eyeball network/access network).
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Figure 2.9: The unmanaged network problem, at the right-side the ISP network [31]

In the past, IPTV brought a new interacting TV experience to the client, but with the

arrival of OTT media content delivery, the client has a more active role on watching Television,

on-demand content and the real promise of content anywhere-anytime.
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2.3 Multimedia Services

The multimedia content delivery industry evolved in such a way that today clients have a

multitude of different ways to consume Television and on-demand content. As we have seen

before, Telcos have pushed major technology innovations to dominate the Pay-TV market

against CATV. However, with globalization, technological giants like Google (YouTube),

Facebook, and Netflix, are pushing OTT services aggressively, disturbing the market with

great competition and putting stress on ISP networks, due to unicast increase traffic. Unicast

traffic demands a dedicated connection from the server to the client, one-to-one transmission.

Though, Telcos still play a significant part in the content delivery realm because they own

the infrastructure that connects clients to the Internet and are in the perfect position to

shape OTT services, pushing their OTT solutions. Nowadays, Telcos offer OTT services

complementing their Pay-TV offer, giving clients the opportunity to watch IPTV channels in

different screens and locations. Next, on this section, the most significant types of watching

Television and on-demand content are described.

Linear TV

The oldest and still the most common way to watch Television, Linear TV refers to regular

TV broadcasting, and it was renamed to Linear TV to differ from the new ways of TV content

distribution. This type of TV follows a programming schedule, broadcasting sequentially,

without the user interaction. For many decades, it was the only means of watching TV.

Video-on-Demand

The need to capitalize on selling special content gave way to VoD, where the client pays for a

usually non-broadcasted content:

• Transaction VoD, Transaction VoD (T-VoD), was the most common and similar to

the old video rentals stores, where the customer pays an amount to watch the desired

content with limited time, watching as many times as wanted in that period.

• Electronic Sell-Through VoD, Electronic Sell-Through VoD (EST-VoD), similar to the

previously described but instead of renting, the customer makes a one-time purchase

and owns a digital copy of the requested content, much like Apple iTunes or Google

Play.

• Subscription VoD, Subscription VoD (S-VoD), is the most common and used by OTT

companies like Netflix, Hulu and Amazon Instant Video. The client pays a monthly bill

to access all of the video content catalog, watching whenever, wherever the client wants.

Many IPTV operators are using as well this business model for their OTT services.

Time-shift TV

Time-shift TV is Linear-TV with client’s interaction. The client can watch content that has

already been broadcasted, from seconds to weeks, having several approaches:
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• Personal Video Recording (PVR) is a STB feature that some possess, that records a

TV program ordered by the user. Here the user has a proactive role in choosing and

scheduling which programs to record;

• Pause TV is mainly a STB feature, where the client can stop the broadcasting and

resume whenever wanted, respecting the STB memory. From the moment that the client

executes a pause command, the STB begins to save the transmission, and later, the

client can skip portions, go further or backward (on the cached content) or go to linear

broadcast;

• Start-Over TV is a feature that allows the client to restart a TV program that is already

broadcasting, or in some other approaches, a program that aired one to two days before.

This feature comes from the infrastructure rather than the STB;

• Catch-up TV builds on Start-Over TV, by offering the possibility of going back to a

program aired in the last week and some other services a full month. Some TV-channels

or programs can have this feature disabled due to copyright or business constraints,

causing some fragmentation on the user perception of the service. Giving this type of

flexibility to the client demands more infrastructure from the provider, mostly because

it is transmitted in unicast.

With the ramping of features offered by Telcos, as the resource-intensive Catch-up TV

described in this section, their own OTT services, and major companies distributing as well

their services for free in the Telcos infrastructure adds to a significant overall increase in

unicast traffic. Further, Cisco predicts that all of consumer Internet traffic generated in 2021,

82% will be video [1], showing a growing trend, putting Telcos in a delicate position. In order

to avoid the dumb pipe1 trap where they are merely an infrastructure that others monetize,

Telcos must perform a thorough analysis of what technologies to develop and implement on

their infrastructure, to lower the overall OPEX and Capital Expenditure (CAPEX) to be

competitive, bringing at the same time new features to stay as key players on the market [32].

1Dumb pipe trap: no value added, just carrying bytes
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2.4 SDN

We live in a connected world as a result of the development of the Internet, and all of the

systems created that use it. Mobile communications, social networks, Internet-of-Things (IoT),

and others, are all bound together with this massive infrastructure that is the Internet,

inherently becoming extremely complex to manage and configure. With the increasing

access to this infrastructure, dynamic management is critical to deal with faults and changes.

However, this infrastructure was built on a limited resources and high-efficiency philosophy

due to the hardware technology available on the early days, making networks vertically

integrated, where control and data plans are bounded, making management hard. To apply

high-level network configurations, each network device must be configured individually. Making

things worst, network devices from different vendors have different systems, thereby different

configuration commands, creating a management nightmare. IP networks by nature do not

have mechanisms of autoconfiguration to respond dynamically to faults and loads [33]. All of

these shortcomings reduce network flexibility and make innovation hard, stagnating network

infrastructure development. For instance, a protocol transition like IPv4 to IPv6 began

more than a decade, and it is still incomplete proving the inertia of existing IP networks.

Consequently, on traditional IP networks, the only way to introduce new features is through

specialized, costly and complex to manage hardware called middleboxes (load balancers,

firewalls, and others). In the wake of these challenges, Software-Defined Networking (SDN) is

an emerging proposal to separate the control plane from the data plane, allowing network

programming and centralized control of those network applications. The core principle is to

have an SDN controller that has a global view of the network, configures forwarding devices,

SDN switches, with the policies desired which translate to packet forwarding rules known as

flow tables, affecting the traversed packets on that forwarding device. The policies applied

can, in fact, transform a SDN switch into a Network Address Translation (NAT), firewall,

router and so on. Splitting the data and control plane creates enough abstraction to build the

foundation for real network infrastructure innovation [25].

2.4.1 Defining SDN

OpenFlow standard, originally developed at Stanford University, California [34], due to

the researcher’s frustration on network equipment with closed software that would difficult

the testing of experimental protocols, gave way to the idea of software-defined networking.

However, it was not the first attempt of splitting the data plane from the control plane:

AT&T created technology in the 1990s that separated the two planes, the Network Control

Points (NCPs), to improve the administration and control of its telephone network. Other

initiatives, for instance, Tempest (Asynchronous Transfer Mode (ATM)) or ForCES (Ethernet)

[33], tried to separate the two planes to improve management.

The concept of a Network Operating System (NOS) is not new; the most widely deployed

is the famous Cisco IOS that date back to the 1990s; although with the SDN concept, it

breaded a new life into the category, generating NOS like NOX (the first SDN controller),
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ONOS, RYU, and others [35]. The software-defined approach also brought benefits to the

network virtualization realm and network slicing, key technologies for future 5G networks.

Such a broad concept can have sometimes different meanings concerning architecture.

Therefore, it is essential to establish the core components of an SDN:

• Data and control planes are split. The network devices are merely forwarding devices

that follow the control management;

• That control is based on flows rather than destinations. A flow is a stream of packets

between the source and the destination. A flow table is created by the controller that

matches incoming packets with criteria, applying a set of actions on the packets regarding

that flow entry;

• The control is an external entity that can be called either SDN controller or NOS, and

it is the platform that provides software abstraction to deploy network applications that

produces flows on the packet forwarding devices;

• The network is programmable, giving way to network applications that connect with

the data plane.

Allowing the control separation from the data plane brought numerous advantages: an external

control provides a higher abstraction from the low-level configuration languages, reducing

the number of misconfigurations; the control can automatically acknowledge changes in the

network, maintaining high-level procedures in place; thanks to the global network view, more

complex network applications can be developed. Moreover, forward abstraction hides the

low-level details of the network devices, being OpenFlow one of the first to provide that type

of abstraction, working like a device driver. Figure 2.10 shows a layered view of an SDN

networking functionality.

Figure 2.10: Layered view of an SDN [33]
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2.4.2 Terminology

This subsection provides the most common nomenclature used in Software-Defined Networks:

• Forwarding Devices (FD) can be hardware or software-based networking devices that

perform a set of instructions. The FD performs operations based on the Flow Table

that is created by the control plane with the help of southbound protocols, through

the southbound interface. For instance, a flow has matches and actions like dropping

packets, modify headers, send to the controller to perform more elaborate operations

and others;

• Data Plane (DP) refers to all of the Forwarding Devices interconnected by wired cables

or wireless, essentially the lower network infrastructure;

• Southbound Interface (SBI) enables communication between the data plane and the

control plane through a well-defined Application Programming Interface (API). The

communication is done by the southbound protocol, commonly OpenFlow that has

become the de facto standard [33];

• Control Plane (CP) is all of the elements that make an SDN controller or a NOS. This

component connects the management/application layer with the data layer, using the

northbound interface and the southbound interface;

• Northbound Interface (NBI) provides another level of abstraction, offering an API that

abstracts the network low-level instructions (used by the SBI) and provide means to

network control and management. Still, there is not any standard on the NBI;

• Application Layer (APL) or management plane is at the highest level on the SDN

architecture. It is where applications are deployed to exploit the services provided by

the CP, that will translate to actions on the DP. They can be applications related to

routing, load balancing, monitoring, firewall and so on.

Figure 2.11 compares the traditional network layer structure versus the SDN structure.
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Figure 2.11: Traditional structure versus SDN structure [35]

2.4.3 SDN Architecture

The keystone of the SDN architecture is the abstraction, for example, the abstraction from

forwarding. The developer or researcher needs to know which forwarding features are available

at the NOS to apply the desired forwarding behavior without having to implement those

low-level actions or worrying if the switch supports that feature, difficulties that happen on

vendor-specific hardware. This section presents the core architectural design of an SDN.

Data Plane

The core of the DP is packet forwarding, having network devices without embedded control

that can make decisions on its own like traditional network devices. The programmability of

the network allows a more flexible and transparent way to process packets. For instance, a new

protocol deployment depends on software rather than vendor-specific hardware. That happens

due to the abstraction of network operations and centralized control. Network devices only

have to support a southbound protocol like OpenFlow, to make possible the communication

between the CP and the network device. Thus, OpenFlow is a protocol to implement low-level

network actions, and to also provide management control over the network devices or, in

this case, over OpenFlow enabled switches. Three main components are present at these

switches: a flow table that is used to lookup a packet for a match, applying the correct action;

a secure channel between the controller and the switch (Transport Layer Security (TLS) or

Secure Sockets Layer (SSL)); and the OpenFlow protocol for communication. Flow entries

make up the flow table, and each entry comprises six different parts [36] as figure 2.12 depicts.

Several flow tables can exist, making a path for a packet defining its behavior. Packets in the

perspective of the switch include the ingress port and packet headers. The lookup process
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starts when a new packet enters the switch, looking for a match on the first table and so

on until a match is found or a miss happens (producing a packet drop). Usually, a default

rule (with low priority) is defined at the start to make the switch send all packets to the

controller to produce the right flow rule for that type of packet in the future, having a high

priority than the default flow rule. Different types of matching fields can be used on a flow

rule, increasing or diminishing the matching granularity. On the last OpenFlow specification,

v1.5.1, the mandatory number of total matching fields are 44 [37]. Therefore, a packet can

suffer a number of actions: forward to one of the switch outgoing ports; drop the packet;

forward it to the controller; send it to the processing pipeline to apply the desired alteration;

send it to the next flow table. Also, in a flow rule, the Cookie field serve as a way to produce

statistics and ease the job of deleting specific rules; the Priority allows precedence between

rules that can affect the same set of packets; the Timeout is a way to introduce rule expiration

by an absolute time value or an idle time value; a Counters field keeps track of packets that

hit that rule [37].

Over the last specifications, OpenFlow has matured and supports now a wide range

of matching fields for key protocols including IPv4/IPv6, Ethernet, Multi Protocol Label

Switching (MPLS), TCP, UDP, Address Resolution Protocol (ARP), and others. A matching

field is no more than bit masks combined to process a packet header correctly, and since version

1.2, that task was made more accessible through the introduction of OpenFlow Extensible

Match (OXM). For instance, an OXM module enables features like deep packet inspection.

The last OpenFlow version is 1.4, although the most widely supported version on vendor

hardware is version 1.3.

24



Figure 2.12: OpenFlow enable devices [35]

Control Plane

The SDN controller or NOS is the brain of SDN. With traditional operating systems that

provide abstractions for low-level devices, security mechanisms, and resource management

throughout competing processes; with those features comes productivity, applications de-

velopment, translating in innovation. Comparing to the network realm, operating systems

for networks were inexistent or vendor-specific with complexity that comes with low-level

management (Cisco IOS and JunOS) making innovation hopeless. With the SDN approach,

NOS were able to offer abstractions and APIs to developers. The NOS is the foundation

where applications from the APL that generate network configurations lies on. Therefore, the

NOS must be designed carefully to deliver a comparable (or higher) network performance to

traditional devices:

• SDN controllers can be centralized or distributed, and state consistency must be consid-

ered to have a stable forwarding policy across switches;

• With an extensive network infrastructure comes scalability issues. For effective control,

scalability must be a core architectural design for SDN controllers;

• Modularity: for a distributed approach, even load distribution among controllers is

essential;

• Failure recovery (links, switches) must come as a natural element for SDN controllers;
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• With the decoupling of the control plane, there comes security challenges with communi-

cation on the SBI. Also, third-party applications that run on the NOS can have abusive

practices that can endanger the network, and the controller design must account for

these security issues.

Application Layer

Network applications are the last piece on the SDN architecture, sitting at the top layer.

Figure 2.13 puts in perspective the difference between the traditional approach versus the SDN

one. These applications take advantage of all the abstraction built so far, by the controller and

southbound protocol, to implement network services in a flexible and agile manner. Frequently,

SDN controllers offer out-of-the-box network applications ready to deploy or at least to serve

as a foundation to a specific service. One of the first uses of a network application in the SDN

realm was load balancing. Whenever a new server is placed at the network infrastructure,

a load balancing application can be deployed onto FD that can seamlessly activate load

balancing configurations. Further, load balancing actions can precede routing actions, making

way to new improved load distribution techniques. Network applications are very diverse, but

almost everyone falls into one of these categories: mobility, monitoring, traffic engineering,

security, and data center networking.

Figure 2.13: SDN versus traditional networking [33]
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Simulation

Virtualization has been one of the SDN goals, and in the way benefiting simulation efforts.

One of the earliest struggles was vendor support to OpenFlow and simulation arose as a

natural solution. Mininet established as the de facto simulator for SDN networks [38] [35].

Mininet takes advantage of OS-level Linux virtualization on both process-based virtualization

and network namespaces, making it possible to create a network with hundreds of nodes in a

lightweight way. A Mininet host or node has its own network and computational resources.

Switches are software-based, Mininet can use Open vSwitch (OVS) or the OpenFlow reference

switch. Links on the virtualized network live on the Linux kernel, that later are connected

to the virtual switches providing host connectivity. The last piece is the controller that can

run outside of the virtualized network, needing only to be connected to the virtual switch.

The most significant advantage of working with Mininet is that any application that works on

Mininet works on a real network with little adaptation, enabling faster prototyping as well as

providing a learning environment on the subject.

2.4.4 Evaluation of SDN Controllers

In [39], the most popular SDN controllers are compared feature- and performance-wise. On

the performance side, the PACKET_IN, which happens when there is no match on the switch

and a default rule forwards the packet to the controller, is evaluated taking in consideration

two metrics:

• Latency: how fast a controller takes care of a PACKET_IN event;

• Throughput: per second, how much PACKET_IN messages a controller can process.

The authors use Cbench, a performance measurement tool for OpenFlow compatible

controllers, like many others that made controllers performance analyses used [40] [41] [42].

On the featured based comparison, the controllers were compared using these criteria:

• SBI: OpenDayLight has the most support for southbound protocols, followed by Ryu.

• NBI: Representational State Transfer (REST) API is the most supported throughout

the controllers;

• Controller efficiency: distributed schemes aim to overcome performance issues on vast

scale network. ONOS and OpenDayLight are the only ones that support distributed

control over the compared controllers;

• Partnership: in an open source world, having partnerships with large companies en-

sures continuous development and quality innovations. OpenDayLight has the most

partnerships, like Cisco and IBM, followed by ONOS.

Therefore, a featured based comparison shows that OpenDayLight and ONOS are the

most feature rich, and it makes sense because both aim to solve challenges on large commercial

networks. Figure 2.14 shows a detailed view of features that controllers possess.

Throughout the performance comparisons, ONOS had the best results on scalability and

throughput tests; Ryu followed by OpenDayLight had the best results on latency. The authors

conclude that ONOS is appropriate for large network deployments, while OpenDayLight
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presents a great overall choice due to the vendor support and features. Ryu is suitable for

smaller networks and delay sensitive applications.

Figure 2.14: SDN Controllers feature comparison [39]
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2.5 QoE

In the realm of engineers and technicians, they tend to care more about what new technology

goes into a product, judging by its raw performance compared to the old technology. However,

in the eyes of an average user, they want a product that solves a problem. The user does

not care if Firefox has a new super advanced engine, they expect Firefox to open a webpage

within an acceptable time. Different products with the same functionalities can present the

user with an entirely different experience. Sometimes more technologically advanced products

do not necessarily translate into success due to user experience problems. Therefore, QoE is a

growing trend, especially in multimedia services where there are a lot of visual elements, to

evaluate the overall performance of a product. In the past, the trend was to improve QoS

presuming that would lead to QoE improvements, which to some degree is true, but QoE

deals with a broader scope and with subjectivity rather than objectivity like QoS. Another

way do separate QoS and QoE is that the first deals with machines and the second with

humans, and humans are far more complex.

The International Telegraph Union Telecommunication Standardization Sector (ITU-T)

[43] defines QoE as:

The overall acceptability of an application or service, as perceived subjectively by the

end-user.

• NOTE 1 – Quality of experience includes the complete end-to-end system effects (client,

terminal, network, services infrastructure, etc.)

• NOTE 2 – Overall acceptability may be influenced by user expectations and context

Experience is subjective, the user’s background and past experiences influence the perceived

quality of a product. Therefore, how can QoE be measured in order to be enhanced? Taking

insight from social sciences and marketing, fields that have already studied how to quantify

people’s preferences [44], QoE assessment can be divided into objective and subjective. In the

subjective category, surveys are performed to evaluate a determined product. The surveys’

main goal is to collect users opinions under different scenarios in a controlled environment.

However, this type of assessment does not work for on-the-fly QoE estimations for a service,

that is why the objective approach builds upon the subjective approach findings and tries to

infer which objective values influenced the opinions of the surveys. Thus, training objective

assessment algorithms with data from subjective surveys give way to QoE evaluation models.

In the multimedia services realm, quality video assessment is subjective; thus it is natural

to perform several subjective studies to evaluate a service. The key metric to do so is called

Mean Opinion Score (MOS), where a user rates the experience in a scale of 5, with five

being the best experience. Then, objective information is added, like video resolution, frame

rate, buffer stalls to connect to the user experience, building a QoE model. The DASH-IF

is trying to standardize metrics to assess video QoE, because different players can calculate

metrics differently, like calculating buffer stalls in a slightly different way, making a comparison

between players inaccurate [45]. Studies performed [46] [47] indicate that humans are time

sensitive, meaning that buffer stalls have a very negative QoE impact, though the initial delay
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to buffer a new video does not have a substantial impact. Thus, video playback plays a more

critical role than video resolution variation on user experience.

In conclusion, for HTTP adaptive video streaming technologies, where the user is given a

great deal of control because they are in the best position to assess their environment, QoE

metrics are excellent to help the user take decisions to improve the overall experience.

2.6 Related Work

This section presents the related work of the two main subjects developed in this dissertation.

2.6.1 Bandwidth Forecast

To Telcos it is essential to anticipate user demand, in order to develop new features that

may impact their infrastructure. Nowadays, Telcos services usually divide into Live-TV and

on-demand content. The first uses a multicast type of transmission, and the second one a

unicast type of transmission. Comparing unicast to multicast, the latter is more complicated

to manage and have hardware compatibility issues [48]. Also, the rise in unicast traffic [1]

versus multicast traffic poses a question of how the bandwidth will increase due to video

services like Live-TV and on-demand, and which measures must be taken infrastructure-wise.

To do that, it is important to understand which type of transmission is more expensive and

how future demand will behave. Annual reports on global network indicators like Cisco [1] or

video consuming habits like Ericsson [2] are a vital help to predict future demand but are not

sufficient. Specific data on video services bandwidth usage from a Telco is needed to have a

more significant comprehension on how the infrastructure must change.

Further, it is important to assert the difference in operational costs between unicast and

multicast transmission. The complexity lies in how much a multicast network costs and

specifically, how a multicast tree grows and its efficiency. Several works try to determine

how to price multicast routing compared to unicast [32][49][50][51][52][53]; thus, due to the

complexity of the problem, none of them reaches a consensus. In conclusion, it would be

interesting for a Telecommunication Operator (Telco) the conciliation of a bandwidth forecast

with an infrastructure estimation cost.

2.6.2 SDN Load Balancing

Load balancing is a critical job in the age of traffic overload on web servers; it can add

flexibility, reduce delay and improve service availability. The coupling of load balancing with

SDN, although recent, was a natural evolution due to the requirements of flexibility and

others [54]. Several works have proved the benefits of these two concepts working together.

The work on [55] proposes an SDN load balancing mechanism for machine-to-machine (M2M)

heavy bursts of traffic based on QoS metrics. The mechanism proposed monitors the network

and dynamically re-routes traffic if certain QoS criteria are met. On [56] SDN load balancing

is applied in a data center network scenario. It aims to optimize link utilization in before-
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mentioned networks with dynamic load management: when congestion occurs, the path is

replaced by the next best (minimum link cost and lower traffic flow). Over time, the proposed

method showed improvements over traditional load balancing. The work on [57] is similar to

the previously discussed with a data center scenario and a re-routing method based on QoS;

however, it introduced a congestion control mechanism and developed a new load balancing

algorithm. The authors in [58] compare two different algorithms of load balancing that possess

a bound function for client session management in a web server environment. Again, QoS

metrics were used to improve the solution. The work on [59] tackles the problem when flow

tables become complex, degrading the SDN load balancing approach. The proposed method

divides the flow table into two: single flow table that monitors the traffic of each client, and a

group flow table that groups clients in categories — the results show a higher performance in

traffic scheduling. The work in [60] proposes a FlowQoS mechanism where flows are rated

with QoS metrics, creating virtual queues to improve network data flows. Results also show

improvement over the tested scenarios.

In conclusion, most of the SDN load balancing proposed solutions are based on QoS

metrics and tailored for web-server/data center scenarios.

2.7 Summary

This chapter started by describing multimedia technologies, to then approach multimedia

infrastructures that support such technologies. To close the multimedia content delivery

subject, multimedia services described the major features available for content consumption.

Moreover, SDN networks and QoE subjects were described in detail because of the influence

in future multimedia infrastructure and this work. Lastly, related work section contextualizes

further the two subjects developed throughout this work.
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CHAPTER 3
Forecasting OTT Bandwidth

Consumption

This chapter discusses the dilemma of multicast transmissions versus unicast transmissions.

For internal ISP delivery, native IP-Multicast is the most efficient way to deliver video in

a group-like manner but poses challenges such as additional configurations, security issues,

and hardware compatibility along the whole network path. Unicast transmissions, on the other

hand, do not scale well for large requests of video content, but are the most straightforward

way of delivering Over-the-Top (OTT) content. This chapter proposes a forecast model for

unicast and multicast transmissions.

3.1 The Proposed Forecasting Model

The forecasting model focuses on Live-TV and On-Demand services. These two must have

different approaches due to their different characteristics. The On-Demand category contains

Video-on-Demand (VoD) and Catch-up TV services. It is possible to cache these contents,

having only a slice of the total catalog on Service Router (SR) appliances to have a significant

decrease in Core Router (CR) requests. For Live-TV, it is not possible to cache, but it is

possible to add a small delay by storing the streams on a buffer. With this approach, the

network stress would pass onto the appliance, saving critical SR uplink bandwidth. The

primary goal of this work is to achieve a forecasting model that can provide useful insight

over several options to evaluate feasible migrations from multicast IPTV. First, for the model

foundation, a set of critical variables are chosen:

• number of subscribers;

• peak streams;

• average and peak bandwidth Internet usage;

• likelihood of a subscriber watching a stream;

• client and Headend channel mix percent;
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• cache appliances hit ratio;

• average on-demand bandwidth;

• Optical Line Termination (OLT) maximum subscribers;

• percentage of Live-TV and On-demand services;

• Baseline/Unicast cost ratio.

Most of these variables are self-explanatory; however, some need further explanation. Peak

streams, an essential parameter, represents the maximum request ever made at the same point

in time, making it a more meaningful metric than STBs per subscriber. The client’s channels

mix is the percentage of each type of TV channels that subscribers watch comprising Standard

Definition (Standard Definition (SD)), High Definition (High Definition (HD)) and Ultra High

Definition (4K) (ultra high definition). On the other hand, the Headend channels mix percent

represent what kind of TV channels are available for the subscriber. The Baseline\Unicast

cost ratio represents how much more expensive is a multicast path compared to a unicast

path.

3.1.1 Multicast vs Unicast Model Envisioned Architecture

The content delivery infrastructure on this work is envisioned to have four levels: subscriber,

OLT, SR and Headend. The subscriber can have one or more STB; the OLT is the point of

access to the network that aggregates small groups of clients; the SR aggregates the OLTs,

providing all ISP services; the Headend is responsible for broadcasting TV channels. The

appliances, on the suggested architecture, consist of specialized hardware for cache and buffer

possessing switching capabilities. The CRs are not included in the infrastructure because the

total SRs’ uplink bandwidth is the same bandwidth that one or more CRs must provide for

downlink bandwidth. The logical places for the appliances would be at the SRs and the OLTs.

From a theoretical perspective, the more distributed (cache and buffer) is the solution, the

better. However, due to the technological challenges of installing appliances at the OLTs on

the current architecture, and also the cost of having such a distributed approach for an ISP,

the only place considered to install them is at the SRs. Figure 3.1 presents the envisioned

architecture with appliances on the SRs.

34



10 Gb

10 Gb

100 GbE

100 GbE

10 Gb

...

10 Gb

10 Gb

OLT

Appliance

OLT

SR

Cache and Buffer

Appliance
10 Gb

Appliance

10 Gb

OLT

10 Gb

Appliance

10 Gb

Subscribers

Subscribers

Subscribers

Figure 3.1: Vision for cache and buffer implementation

3.1.2 Approaches

The services provided by the envisioned infrastructure are Live-TV, Catch-Up TV, and VoD.

The baseline infrastructure considered, as numerous IPTV operators run, uses multicast

for Live-TV, and unicast for On-Demand (Catch-Up TV and VoD). Therefore, regarding

On-Demand services, it is possible to cache that content having only a slice of the total

catalog on cache appliances distributed throughout the network. For Live-TV services, it is

not plausible to cache it, but it is viable to use a buffer even if it adds a small delay. With

this approach, part of the network stress would pass to the appliances, saving significant

bandwidth resources and improving response times. Several methods were considered to

create a model to forecast bandwidth demand and cost. The most obvious path was to send

everything in unicast to establish a raw baseline comparison with the ISP actual infrastructure,

and then implement appliances to mitigate bandwidth spending. Another approach, besides

caching and buffering, is to leverage the multicast Live-TV efficiency on the most requested

TV channels, leaving the remaining in unicast transmission for Live-TV. Therefore, beyond

the current multicast delivery baseline, two approaches emerge:

• Unicast only: to simplify the whole delivery infrastructure, every transmission, Live-TV,

and On-Demand, is performed in unicast from the Headend to the subscriber. With

this approach, the stream delivered is the same for both STB (Set-top Box) and mobile

terminals, reducing operational costs compared to multicast. However, it is of the

utmost importance to add appliances to make the delivery infrastructure efficient and

conceivable, splitting the approach into unicast and unicast with appliances.

• Hybrid: in some scenarios, multicast channels can be more expensive than unicast

channels when the viewers are small-scale for such TV channels. Since reliable data
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about the most requested channels are scarce, the Pareto Principle is a valid option to

estimate them [61]. The fundamental idea is to use multicast on the most demanded TV

channels and the remaining in unicast. The hybrid method takes the most of multicast

Live-TV while diminishing entropy due to multicast channels scalability problems. The

Pareto Principle applies as follows: 20% of the TV channels available are responsible

for 80% of the subscriber’s requests, making multicast the ideal method for delivering

them. Consequently, the remaining 80% of the TV channel’s requests, are transmitted

in unicast, which are responsible for 20% of the channel’s demand. This approach also

divides into hybrid without and with appliances, the latter adding On-Demand cache.

In the end, the challenge was to find a way to represent the appliances bandwidth gain,

the overall benefit for the Hybrid model, and above all, to estimate an OPEX for multicast

and the other approaches. Although spending less bandwidth is a good indicator, the OPEX

estimation unifies all data into a cost-like estimate. These two approaches are alternatives

for the current implementation: Live-TV in Multicast and the other services in Unicast

(On-Demand). In this work, the current implementation will have the name Baseline. It

is important to mention that the Baseline calculations follow Altice Labs specification, like

average bandwidth spent at the OLT or how much requests are from Live-TV compared to

other services.

3.1.3 Implementation

Reliable data is the cornerstone for a prediction. In this work, the values of the critical

variables aforementioned, all except the cache appliances hit ratio from [62], comes from

Altice Labs. The values used on the scenarios built, like average Internet usage or which types

of channels are more requested (SD, HD, 4K), were of the utmost importance to forecast

bandwidth requirements as well as the OPEX cost-metric. Figure 3.2 displays a table from

Altice Labs with the values for Baseline on the Headend and the SR.

Figure 3.2: Altice Headend and SR values

As a result of the trouble of quantifying how much more expensive Baseline is than unicast,

the Baseline\Unicast ratio parameter allows for an adjustable value, with a theoretical default

value of 1.3. Linear regression was made from data on [62] to predict the cache size needed
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to achieve a desired hit ratio. With this data, it is possible to calculate CAPEX for cache

storage, where the price of the gigabyte can be established on the model. The buffer for

Live-TV was considered to have 30 seconds of each channel stream, adding the size needed

to the CAPEX for buffer storage calculation. The model also allows CAPEX calculation for

appliances that will be at the SR or at the OLT. It takes uplink, price and then calculates

how much units would be necessary to match the total Service Router uplink bandwidth

calculated on Unicast-only or Hybrid. Still, the most challenging part of the model was the

estimation of multicast operational costs. One of the fundamental aspects of quantifying how

much multicast transmissions costs is the multicast power law [49]. One of the first researches

of its type, Chuang and Sirbu [49], propose a cost-based approach to determine multicast

pricing with unicast traffic as a guideline for comparison. In this work, multicast packets

were assumed to traverse along a shortest-path tree from source to multiple destinations.

The shortest-path tree applies Dijkstra’s algorithm to simulate a multicast tree, and the cost

metric is hop-based. Tree saturation effect shows that the cost of a multicast tree grows at a

0.8 power regarding the multicast group size. When it is saturated or fully grown, additional

members can enter the multicast group with virtually no added cost. With an estimated value

for the cost of a multicast tree inferred from the multicast group size, the research introduces

an equation for multicast price over unicast. The authors suggest an increasing price until

the saturation happens, applying a price ceiling when the multicast tree becomes fully grown.

The authors of [50] go in-depth on [49] to investigate the power law further, which had been

adopted by other works [32] [61] [53]. The study encounters difficulty to find validity from

observing graphs empirically, as done by the original work, and proves that for some scenarios

the power law does not hold, and for some other scenarios it holds. However, the scope of

that work was about giving a more accurate method to measure multicast trees that would

work for numerous scenarios, not to develop a new way to calculate multicast tree costs. The

study conducted in [51] reminds that cost pricing for multicast was extensively studied by

multidisciplinary teams with Economists, Computer Scientists, and Mathematicians. The

work’s motivation lies in reviewing issues on cost allocation algorithms for shared multicast

networks among ISPs. Without an explicit standard pricing scheme, business agreements can

be troublesome. The authors had to slightly modify the problem, assuming some parameters

due to the very challenging problem of finding an optimal multicast tree, presenting a solution

for that modified multicast approach.

3.1.4 OPEX Estimation

Considering the research work evaluated, it is clear the significant challenges of pricing

multicast communications and the high costs of operating such networks compared to unicast.

In general, profit models for shared multicast networks [32] and other models developed follow

the multicast power law by [49]. For a generic and standalone multicast network, the power

law is suitable, and the proposed model adopts a more straightforward power law, considering

that the multicast tree is always growing at n0.8, where n is the average number of links

on a unicast path (sender to receiver). Thus, in this work, OPEX is quantified regarding
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network resources needed to attend the estimated delivery approach demand, according to

the law mentioned above, meaning that it is not calculated taking into account how much

money is necessary to operate particular network delivery approaches, since these data are

entirely confidential to each network operator. However, since a resource cost-oriented value

is provided, each operator can estimate its own actual money OPEX value. For unicast-only

without appliances, OPEX is calculated according to Eq. 3.1 and corresponds to the sum of

peak stream plus the total bandwidth divided by 4, to reflect the lower weight on the final

cost, where p is the peak streams and b is the total unicast bandwidth.

C1 = p +
b

4
(3.1)

OPEX for Unicast-only with appliances is calculated according to Eq. 3.2, where s is the

required number of SRs, o is the required number of OLTs, and m is the maximum number of

subscribers per OLT. It reflects the number of paths reduction between SR and OLT.

C2 = s +
(o × m) + b

4
(3.2)

Paths between OLTs and subscribers are divided by 4 to account for the lower cost, since core

network resources are more expensive compared to the network edges.

Eq. 3.3 shows how OPEX is calculated for the multicast delivery. There, r is the multicast

cost ratio and p represents the number of peak streams. The formula tries to quantify how a

multicast tree grows regarding the number of subscribers and the bandwidth cost compared

to the unicast.

C3 = p0.8
× r +

b

4
(3.3)

Eq. 3.4 shows the cost for the hybrid forecasting model. It follows the Pareto principle,

where 20% of costs comes from multicast transmissions and 80% from unicast transmissions.

The multicast cost ratio is divided by 2 to reflect the entropy decrease for TV channels

reduction, where variables p and r have the same meaning as in aforementioned cost equations,

b is the multicast bandwidth, and u is the unicast bandwidth.

C4 = (p0.8
×

r

2
+

b

4
) × 0.2 + u × 0.8 (3.4)

These equations estimate OPEX for the three main delivery approaches compared, using

the forecasted bandwidth requirements. The forecasting framework developed was built in R1

using RStudio2, and the user interface was developed with Shiny, a web application framework

for R.

3.1.5 Platform

This subsection describes the platform of the proposed forecasting model in a use case style.

There are three types of forecast provided: 2017 Forecast, 2021 Forecast, and Custom as figure

1R, Available: https://www.r-project.org/
2RStudio Inc. and Shiny, Available: https://www.rstudio.com/
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3.3 illustrates. In each type, different options may be available. The total subscribers, hit ratio

for both SR and OLT and Baseline/Unicast are options that are always on display, to give a

glimpse of which default values are being used. The first is self-explanatory, the second is the

ratio expected for the cache appliances that will affect bandwidth values and OPEX values for

Baseline, Unicast-only, and Hybrid. The third parameter indicates how much more expensive

multicast Live-TV (Baseline) is, comparing with unicast TV (unicast-only and hybrid). The

three checkboxes allow other options to be displayed. The most straightforward use case is to

forecast for 2017. The user opens the web page, clicks on the "Apply" button and the result

data is shown. Every requested forecast considers the three forecasts done simultaneously:

Baseline, Unicast-only and Hybrid. Some parameters do not affect the Baseline like the hit

ratio on the SRs and OLTs.

Figure 3.3: Initial Platform Menu

If a user wants to activate the growth checkbox, it must do it only on the "Forecast 2017",

on the other types of forecast it is not allowed. Therefore, the user must switch to "Forecast

2017" if necessary, before clicking on "Growth Options". Then, new options will become

available as in figure 3.4. For every one of the sliders (input values), it will impact the values

year by year until 2021. If subscribers grow 20%, they grow 20% each year until 2021. In the

end, the user must click on the "Apply" button to forecast with new values.
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Figure 3.4: Extended options for growth functionality

If a user wants to control how much throughput an SR has or to tweak the appliances for

CAPEX (experimental) estimates, the user must click on the "More options" checkbox, like in

figure 3.5, modify the parameters for the specified scenario and hit "Apply." Here the user can

set the bandwidth surplus, the maximum uplink for the SR or for the OLT (considered to be

symmetrical) and all the values needed to compute the CAPEX for appliances.

Figure 3.5: Extended options for more flexibility

The last use case is the Custom forecast. The user wants to build a forecast that meets

specific characteristics. For that, the user must select the "Custom" on the "Type of Forecast."

Then, new options will surface as illustrated in figure 3.6. Limiting the number of subscribers

that an OLT support is possible. Also, the mix channels percentage is divided into Headend
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and client consumption. The Headend is the percentage of channels available in the catalog to

the subscribers, and the client percentage is the mix percentage of which channels subscribers

watch. The "TCP usability" parameter represents how much of the link is usable on a TCP

connection, affecting the Unicast-only and the Hybrid transmissions (both SR and OLT are

affected). The custom forecast has default values that come from the 2021 scenario. This

way, it is easier to build upon the 2021 scenario or to correct some parameters for the 2021

forecast. The user can also set new values for average Internet bandwidth and on-demand

average bandwidth. Lastly, four new parameters are introduced. For a company that has its

OPEX values, they can insert them here. The cost for a Live-TV multicast team and how

much that team can handle regarding streams/subscribers is used to calculate the overall

population of subscribers. The same happens for the unicast team, the cost and how much

they can handle. Then, when the user hits the "Apply" button, the new parameters will be

used to calculate the custom scenario.

Figure 3.6: Extended options for Custom forecast

All of the parameters available on the forecast model platform are described in the

Appendix 7.
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3.2 Experiments

One of the most significant concerns of a unicast stream, besides the bandwidth spending,

is the delay. In some cases, like sports events, the increased delay is less tolerable by the

subscribers. On the other hand, if every channel/stream is on unicast, no additional effort on

the server side is needed to watch a stream on a mobile terminal or an STB. On the Hybrid

model, besides the most popular channels, all the sports events can be on multicast, avoiding

the natural increase of unicast delay. Additionally, the 4K channels can also be added to the

multicast group for bandwidth saving, which needs six times more bandwidth than an SD

channel.

To evaluate the above-mentioned forecasting approaches, the proposed model processes

data from two scenarios. To accomplish that, the scenarios’ data comes from Altice Labs. They

comprise a Portuguese operator and a North American operator which portrait subscriber’s

behaviour as well as key infrastructure data. The values used on these scenarios, like average

Internet usage or which types of channels are more requested (SD, HD, 4K), were of the

utmost importance to forecast bandwidth requirements as well as CAPEX and OPEX. The

forecast is divided into three categories: Forecast for 2017, Forecast for 2020 and Custom

forecast. With the latter, it is possible to adjust the values for another country. On each

category, a forecast for Baseline, Unicast-only, and Hybrid are made. The results presented

include appliances at the SR and at the OLT, to show the best outcome possible.

3.2.1 Portuguese Scenario

Starting with the Portuguese scenario for 2017, Figure 3.7 reveals the forecasted SR uplink

bandwidth between baseline (multicast Live-TV and On-Demand unicast), unicast without,

and with appliances and Hybrid without and with appliances. The appliances on the Hybrid

approach are only for cache, for On-Demand services, presenting the gain of the hit ratio

achieved on such services. Plain Unicast needs 57 Gbps on each SR. However, when appliances

are in place, it becomes better than the Baseline configuration, which uses multicast for

Live-TV. With cache appliances, the Hybrid approach still spends more bandwidth than the

other two (Unicast-only and Baseline). Particularly noteworthy, the Hybrid method needs

≈ 43% more bandwidth than the Baseline.

42



Figure 3.7: PT SR bandwidth uplink forecast 2017

Figure 3.8 depicts the remaining 2017 bandwidth consumption forecast comprising the

other network elements on the assumed architecture including SR downlink and OLTs uplink

and downlink. This forecast only compares Unicast-only and Hybrid with appliances, and

shows that Unicast-only with appliances still spends less bandwidth. The number of OLTs

and SRs are the same for both methods. The OLT downlink is certainly the same because

the subscribers use the same services. At the OLT, Unicast with appliances spends ≈ 34%

less than the Baseline.

Figure 3.8: PT SR and OLT forecast 2017

Although spending less bandwidth is a good indicator, OPEX is the one that unifies all
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data into a cost estimate. Figure 3.9 shows a close comparison between the Baseline and the

other two approaches. For this scenario, the Hybrid approach with appliances at the SR and

OLT has a lower OPEX, that is ≈ 6% of improvement compared to the Baseline. Again, a

multicast path is considered to cost 3 times more than a unicast path; it is a theoretical value

and could be higher.

Figure 3.9: PT OPEX forecast 2017

For the Portuguese 2020 scenario, the Unicast-only and the Hybrid need 10% more

infrastructure (SR and OLT) than the baseline approach. Therefore, to get a correct overview,

Figure 3.10 shows the total SR uplink bandwidth needed. Once more, Unicast-only with

appliances shows less bandwidth consumption, beating the Baseline and Hybrid approaches.
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Figure 3.10: PT Total SR uplink bandwidth 2020

With the increase of unicast traffic, especially of On-Demand content, and no increase in

TV channels, Unicast-only surpasses the Hybrid approach and becomes the one less expensive,

deepening the gap between the Baseline cost estimation and unicast delivery, as Figure 3.11

shows.

Figure 3.11: PT OPEX forecast 2020

3.2.2 North American Scenario

For the North American 2017 scenario, the higher number of TV channels and the higher

average Internet consumption in comparison with the Portuguese scenario gives a different set
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of estimated values. For the 2017 forecast, the approaches need the same number of OLTs and

SRs. Figure 3.12 shows that Unicast-only with appliances approach spends less bandwidth at

both SRs and OLTs. However, drawing a comparison with Portuguese 2017 forecast, the gap

between the Baseline and Unicast-only is smaller.

Figure 3.12: USA SR and OLT forecast 2017

For the OPEX estimations on the 2017 forecast depicted in Figure 3.13, the Hybrid

approach takes the lead as the least expensive, although all three are very close. For this

scenario, the large number of TV channels plays a key role in the cost estimation, giving the

edge to the Hybrid approach, where this method leverages the efficiency of multicast delivery.

Figure 3.13: USA OPEX forecast 2017

46



On the 2020 forecast, Unicast-only and Hybrid approaches need about more SRs and

OLTs to provide the same service as the Baseline method, later resulting in a better cost

performance for the Baseline. In the overall, Unicast-only performs better in bandwidth

spending, but the necessary infrastructure increases, giving the edge to the Baseline on OPEX

estimations, i.e., less than Hybrid, as Figure 3.14 shows.

Figure 3.14: USA OPEX forecast 2020

3.3 Summary

This chapter provided a forecast approach for unicast and multicast content delivery. For the

Portuguese scenario, Unicast-only delivery proves to be the cheapest one on the weight-based

OPEX estimates, mostly because of the average number of TV channels and number of

subscribers. In the North American scenario for the 2017 forecast, the Hybrid OPEX is

the smallest, but the other two methods present very close results. However, for the 2020

forecast, the Baseline spends less, but the Hybrid strategy comes very close, making a viable

solution for the future. Finally, the numbers for an architecture with appliances only at the

SR make the Baseline approach the least expensive for both scenarios, though the Hybrid one

comes close. The Hybrid approach could be improved further, using multicast to broadcast

more demanding TV channels like 4K and 1080p60 channels as mentioned before. Finally,

for an architecture with appliances only at the SR level, multicast wins over the other two

approaches, which proves that distributing network resources through the entire network is a

must in the future.
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CHAPTER 4
Proposed Content Delivery Method

and Architecture

As discussed in the last chapter, Telcos must improve the network infrastructure to support

future demand for video content while diminishing the overall costs of the infrastructure to stay

competitive. A meaningful way to do that is to distribute hardware appliances throughout the

network, improving flexibility and capacity while introducing new ways of content delivery. In

this chapter it is discussed a new content delivery approach using SDN to improve on-demand

content distribution.

4.1 Proposed Content Delivery Method

A starting point for Telcos in the content delivery market is to improve the OTT services

that they already offer. A good approach for this improvement is to reduce the complexity

to manage middleboxes scattered throughout the network infrastructure. In traditional

on-demand content distribution with HTTP adaptive streaming, when clients request video

content, a load balancer is present at the Telco side, distributing load among a pool of servers

usually called the origins. The proposed content delivery method uses an SDN approach

to distribute the load at the network edge. Rather than having a central load balancer

infrastructure that would process all of the clients’ requests, this approach allows for a

distributed load decision right at the clients’ point of access. For instance, Telcos could deploy

this type of hardware and software on their wireless hotspots infrastructure or at the cellular

network on the cell towers.

Besides the common origin infrastructure that needs no modification, the core philosophy

behind the proposed method relies on two essential components:

• the client player;

• the SDN load balancing application.

Figure 4.1 depicts a high-level overview of the traditional load balancing approach versus the

SDN load balancing method proposed.
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To have a load balancing decision on the edge of the network that is beneficial to the

clients and the origins, the SDN application that runs on top of the SDN controller must

collect information about the status of the client session and have pre-installed information

about the origins where the load is to be distributed. The following sections will explain in

detail these two components: the client’s player and the application for SDN load balancing.
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Figure 4.1: Traditional Load Balancing versus SDN proposed method
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4.2 Client Player

The client’s player is a critical element because it is the element to which the client interacts

with and consumes the content, so it bundles all of the technologies across the infrastructure

to provide the video experience. For future-proofing, the player must be codec and browser

agnostic, enabling multi-platform compatibility. As discussed on the state of the art chapter,

Dash.JS developed by DASH-IF (based on the MPEG-DASH standard) provides the before-

mentioned features. The only requirement is that the web browser must support HTML5

MSE [19] [20]. Through MSE, video and audio elements can dynamically change without

the use of plugins, enabling in this context, the adaptation of the media streaming. For the

proposed content delivery method, two components were integrated with Dash.JS:

• QoE Probe;

• SDN communication.

Figure 4.2 gives an overview of the client’s player elements.

Web Browser

JavaScript Engine/MSE

Dash.JS

AngularJS

QoE Probe SDN
Communication 

Figure 4.2: SDN Load Balancing Overview

4.2.1 QoE Probe

The QoE analysis is relegated to the client side because it is in the best position to make a

QoE assessment. An established QoE probe is used from [63] and was improved to be more

accurate with the help of the metrics provided by Dash.JS. The next chapter will describe

the thorough work done to make the QoE Probe useful in the environment of this work. The

probe was built using both subjective and objective tests and simulates human video scoring

behavior taking into account several metrics:

• Frames Per Second (FPS): it is an important metric because sometimes frames are

skipped frames, affecting video playback, due to the lack of processing power or network

constraints that lead to a lower frame rate video selection;
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• For a given codec, Bitrate is a indicator of the video quality that the client can play;

the higher the bitrate, the higher the quality (when comparing the videos encoded with

the same codec);

• Screen Ratio: the client’s device resolution is taken into account to calculate a ratio

with the video resolution. The client can have a FullHD screen watching SD content,

which is bad for the client, but if a 4K stream is rolling on a FullHD screen, it is bad for

the server-side infrastructure;

• Buffer Stalls: when the client’s player runs out of buffered chunks, the video playback

stops. This is one of the most important metrics because, as seen before, this metric

causes the most negative impact.

Moreover, a human memory filter technique is applied to take into account past experiences in

the current evaluation, because a buffer stall is different from two consecutive buffer stalls, the

last having a more negative impact. In conclusion, the probe calculates QoE for each chunk

received, ranging from two seconds to ten seconds. When there is a buffer/play stall, the

calculation halts, so when it resumes, the duration of the stall will affect the QoE calculation.

4.2.2 SDN Communication

For the QoE calculation to add value to the infrastructure, the player must send it in the

most effective way to the SDN controller. However, the QoE value must pass through a

normalization process to give the controller the best insight. This is key because a client can

have limitations hardware-wise preventing it from reaching the maximum MOS value. If a

client has a SD screen resolution, the client is limited, and a plain QoE information to the

controller would be misleading, making the controller to try to improve something that is

hopeless, impossible. Therefore, the client’s hardware plays a role in normalizing the QoE

value, and the player sends a relative QoE value. A special packet is created to send the

relative QoE value that only the controller can process.
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4.3 SDN Load Balancing

The SDN approach to load balancing allows the distribution of load decision, removing the

single location of load balancing on traditional networks. Furthermore, the decision takes

insight from the clients’ perceived QoE to improve load distribution and client experience. At

the same time it eases the process of deploying new policies and configurations across the

network, improving flexibility when compared to middleboxes administration.

Figure 4.3 gives a high-level overview of SDN load balancing, where C stands for clients

that are connected to an SDN switch. The switch has a dedicated port for the controller and

another one for outside traffic, for Internet access. The controller has two main applications,

load balancing and Hot Swap TCP (HSTCP). Therefore, the proposed method can be divided

into three categories:

• Processing packets;

• Registering clients;

• Managing clients.

Controller SDN

APP 
Load Balancing 

APP 
HSTCP 

Internet...

SDN Switch

C1 C2 Cn

Figure 4.3: SDN load balancing overview

4.3.1 Processing Packets

Processing packets in a centralized control is the whole point of the SDN approach. At the

start, the controller and the switch establish communication through a specific port, and it is

when the controller installs the default flows:
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• First flow: send everything to the controller, with a priority of zero. This rule allows

the initial learning of the controller, to capture packets to apply a specific rule or just

enabling basic network connectivity like a switch;

• Second flow: send to the controller all of the packets that have the 8000 TCP destination

port, with the priority of 1000. The origins provide video content through port 8000,

hence if a client is requesting a TCP connection to this port, it is possible that they are

using the service proposed. This port can be dynamically configured;

• Third flow: every packet that matches the special packet that transports the relative

QoE is sent to the controller, and the flow has a priority of 1000.

After the switch flow table initialization, when a match occurs, a PACKET_IN event

is produced, sending the packet headers and ingress port to the controller of the respective

packet. The controller receives the PACKET_IN and applies the policies suited for that

packet, resulting in a flow installation on the switch and a PACKET_OUT event happens.

A PACKET_OUT occurs when the controller learns from the processed packet and injects

it back to the network, avoiding a dropped packet everytime a packet goes to the controller.

Also, the controller has pre-installed information about the origins and the point of entry IP

to the infrastructure, but it must learn which switch ports lead to those networks. Thus, the

controller also processes ARP packets to learn which port to forward the packets to reach the

requested network.

4.3.2 Registering Clients

To improve clients’ QoE, the controller must keep information about each client session to act

upon. When a client starts watching a video on this infrastructure, the pre-installed second

flow generates a match, sending the first package of the TCP session to the controller. Then,

the package is processed: if the IP destination matches the point of entry to the origins, a

client registration proceeds. The controller has a client table, which records the Ethernet

address, the IP address and later the origin to be attributed. The clients’ table has other

fields that will be described in the next subsection. Then, an origin is chosen to serve this

particular client. The controller chooses the origin with fewer clients, using a round-robin

approach, adding that information to the client’s table entry and updating the origin table

entry to account for one more client added. Following the client’s registration, two flows are

installed on the switch:

• Client to origin:

– Match by the client’s port, Ethernet destination of the point of entry IP, Ethernet

of the client, TCP protocol and port destination (8000);

– Actions: replace the IP and Ethernet destinations with the origin chosen, and

update the port to match the origin’s port on the switch.

• Origin to the client:

– Match by the port, Ethernet and IP address of the chosen origin, and TCP protocol

and port source (8000);
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– Actions: replace the Ethernet and IP addresses to the point of entry IP and send

it to the client’s port.

When the flows are installed, the packet is then returned to the network through a

PACKET_OUT. Figure 4.4 gives a simplified overview of the client registration process.

It is a packet to  
the video service? Other processing

Register Client

Choose Origin

Add flows

PACKET_OUT

PACKET_IN

...

Figure 4.4: Client registration high-level view

4.3.3 Managing Clients

Every component described so faris integrated to allow client session management and

intelligent load balancing. Every ten seconds the client sends a relative QoE to the network,

producing a match on the switch flow table, the third pre-installed flow: forward the special

packet carrying the QoE value to the controller for further processing. If the QoE falls within

a threshold of 2.3 or less, the controller can change the client to a new origin seamlessly. This

value is chosen because the MOS scale goes from zero to five ( the higher, the better), but in

practice, the average of human video evaluations never reaches a score of zero or five; thus,

2.3 is the middle value of the scale. In the proposed content delivery method, this feature is
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called HSTCP and refers to the capability of changing a client TCP session to a new origin

without the client noticing it. Therefore, managing a client can be divided into:

• assessing if the client needs a new origin and it is allowed to change;

• electing a new origin;

• update origin’s and client’s table;

• delete old flows and add new ones;

• terminate the old TCP session.

As stated before, the controller manages information from the clients and the origins.

Figure 4.5 illustrates the fields that each entry possess, on the client’s table and the origin’s

table respectively. The SDN controller saves seven fields on the client part:

• ether: Ethernet address;

• ip: IP address;

• changes: how many times has a client change origin;

• next: a timestamp value that indicates when a client can change origin;

• zeros: to count how many times the client has sent a QoE of zero, meaning playback

stoppage;

• origin: is the client’s current origin;

• old: is the last origin that the client changed.

On the origin part, the controller saves five fields:

• ether: Ethernet address;

• ip: IP address;

• port sdn: is the port where the switch has access to the origin;

• score: for every time a client changes from an origin, this value is incremented;

• number of clients: is the current number of clients on a given origin.

ether ip changes next zeros origin old

ether ip port sdn score number of
clients

Client

Origin

Figure 4.5: Client and Origin table fields
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The following pseudo-algorithm describes in a simplified manner how the controller

processes the relative QoE value sent by the client.

packet_in_handler(){

if (the packet is a special packet with QoE?){

if (relative QoE is < 2.4 & != 0){

if (client is allowed to change?){

change_client()

}

} else if (relative QoE == 0){

if (client has three consecutive zeros){

change_client()

}

}

} else if (known client changing Origin?){

add new flows

terminate old TCP connection

packet_out

}

}

change_client(){

elect new origin

update client and origin tables

delete corresponding flows

}

For a client to change origin, various requirements must be met. If a client sends a QoE

between 2.3 and 0.1 (middle of the MOS scale, the higher, the better), the process to change

the origin starts. A timestamp is created and compared to the timestamp of the next field to

check if the client is allowed to change the origin. For each time a client changes an origin,

the next value is 25 seconds times the number present on the changes field. Thus, a client

that changes an origin has some time to stabilize before it changes again (the QoE value is

sent in a ten seconds cycle). At the same time, it saves infrastructure resources because a

client can have unfavorable conditions that will not allow it to go higher than 2.3, avoiding

certain clients to jump all the time. Next, if the client is allowed to change, the controller will

choose another origin, excluding the actual, on the same round-robin approach. The fields

from the client’s table are updated: the changes is incremented one value, the next changes

accordingly, the origin is updated to reflect the controller choice and the old origin is saved on

the old field. On the origins table, the new origin increments one in the number of clients field

and the old origin decrements one, and adds one to the score field. Though, some challenges

arise in moving the TCP session seamlessly. The controller deletes the two flows related to

the client and the old origin, and installs a new flow with a timeout to block communication

from the old origin to the client because if the client becomes absent, the old origin will try

to re-establish the TCP session. Due to the previous flows deletion, the next packet of a

client moving to a new origin will end up in the controller because of the second pre-installed

flow. Now, the controller recognizes the client and uses the field origin, that is the new origin

57



given to the client, and initiates the second part of the Hot Swap TCP. New flows are added

between the client and the new origin, and the packet is injected onto the network. The new

origin will not recognize the client’s session and will send a RST packet, forcing the client to

send a SYN to start (restart) the TCP session, followed by a SYN+ACK packet from the new

origin, as the figure 4.6 depicts. Now the client keeps on requesting the chunks that it needs.

Client

Internet

New Origin 
SDN Switch

...

data requested (chunk 33)

RST

SYN+ACK

SYN

data requested (chunk 33)

Figure 4.6: Client restarting the TCP session with the new Origin

However, the capture of this packet, provoked by the flows’ deletion, is critical for the

TCP session termination with the old origin. The controller will use another application

developed for this purpose to terminate the TCP session gracefully. With the fields sequence

and acknowledgment extracted from the packet, the controller is able to forge two new packets,

simulating the client wish to terminate the session: FIN and ACK. The first informs the

old origin that the client wants to terminate; the origin then sends a FIN+ACK that never

reaches the client due to the flow with timeout added before, and waits for the client to send

a ACK, the second packet created. The controller can produce the two packets without the

response from the old origin, so it sends the first packet, waits two milliseconds and then

sends the ACK packet. Figure 4.7 depicts an example of how the controller gracefully ends

the TCP connection with the old origin on behalf of the client.
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Figure 4.7: Controller terminating the TCP session with the old origin

Lastly, to avoid origins overloaded with other services or origins that for some reason

turned into zombies, the controller has a failback process. If a client’s playback stop, where

no QoE calculation happens, the client sends a QoE of zero to signal the controller that the

video playback is frozen. However, most of the times the problem comes from the client, so it

needs to send three consecutive zeros to change the origin. Usually, if the conditions are not

good on the client-side, the client will not be able to send the three packets, but if it is from

the origin side, the controller will move the client to another origin.

In the end, the controller can indirectly evaluate the origins’ performance through the

client’s QoE and move live TCP sessions to other origins without them noticing it, giving

way to a more intelligent and flexible load balancing service.

4.4 Summary

This chapter described the components that make up the proposed content delivery approach:

the clients’ player where Dash.JS was integrated with a QoE probe and SDN communication

feature to send the MOS value to the controller; and the load balancing application that runs

on top of the controller and makes use of the MOS value for load balancing decision.
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CHAPTER 5
Implementation

Behind the concepts and methodologies introduced in the last chapter, the implementation

chapter describes the technologies behind each entity that leads to the integration of the proposed

content delivery method. Naturally, this chapter goes into technological detail on three major

sections: the clients, the origins and the SDN controller.

5.1 Clients

One of the goals of the proposed content delivery method is to improve the clients’ perceived

QoE. As discussed in chapter 4, the client must support real-time QoE estimation and

communication with the SDN controller, on top of the adaptive streaming technology.

Major companies like Google or Netflix use the MPEG-DASH standard in their video

players, and as stated in chapter 2, the DASH-IF, which those companies contribute to,

produces the Dash.JS player which:

• is multi-platform: the browser only has to support HTML5 MSE;

• has a free license for commercial use;

• implements the MPEG-DASH best practices;

• has several adaptation algorithms;

• is written in AngularJS.

AngularJS is a framework for dynamic web applications that extend the HTML syntax

and reduces the amount of JavaScript coding. It offers a two-way data binding between the

model (Javascript objects) and the view (user interface) and does it automatically. Also, it

enables techniques like dependency injection and inversion of control.

The QoE probe from [63] was written on C#; hence, a process of code refactoring was

necessary to translate to the AngularJS environment. However, other challenges arose, since

the probe was developed to process metrics from Microsoft Smooth Streaming that differ

slightly in some cases from the Dash.JS metrics. For instance, buffer events had to be

re-engineered to preserve the probe behavior. Also, they suffered from a mutual exclusion
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problem, leading in some specific cases to a wrong calculation of the length of the buffer stall.

Another problem was the maximum resolution supported by the probe, HD (1280x720p), that

nowadays does not reflect the maximum resolution on HTTP adaptive streaming services that

can go up to 4K resolution [64]. Accordingly, bitrate metrics and screen ratio can reach higher

values and have different meanings. Thus, the probe’s formulae were modified to sustain this

change, preserving the overall behavior.

Equation 5.1 illustrates the main formulae of the original QoE probe versus the new

one 5.2. Maintaining the naming from the original code, variables tmp1 and tmp4 suffered

changes. The first one is associated with Bitrate calculation while the second is related to

screen ratio calculation. To account for higher bitrate streams, tmp1 suffered a normalization:

where the 5000000 value is the maximum bitrate of the original probe (an HD stream) and

the 15000000 is the maximum bitrate considered for a 4K stream. The change was not

enough due to the tmp1 further calculation, the arc-tangent. For Full HD and 4K Bitrates,

the arc-tangent behavior with the tmp1 value was different from the expected one; thus, a

different normalization is applied in these cases.

The QoE Probe did not account for the situation where a higher resolution stream is

running on a lower resolution screen; in the original probe that would increase the estimated

QoE value incorrectly. Thus, for infrastructure resource optimization and probe integrity,

it is important to deal with this situation. It was performed an empirical analysis, testing

different resolutions, creating a normalization of the tmp4 variable that would produce the

right behavior on the further logarithmic calculation. Then, several tests were performed to

full proof the new QoE Probe, resulting in minor changes.

tmp1 = 0.00000142 × bitrate

tmp2 = 0.3032 × fps

tmp3 = 3.064 × delayold_value + 0.5407

tmp4 = 0.05652 × screen_ratio + 1.756

V ideoScoreUP = 2.38 + 1.027 × arctan(tmp1) × log(tmp2) − log(tmp3) − log(tmp4)

(5.1)

tmp1 = (0.00000142 × (5000000/15000000)) × bitrate

tmp2 = 0.3032 × fps

tmp3 = 3.064 × delayold_value + 0.5407

tmp4 =







0.05652 × (1 − screen_ratio) + 3 , screen_ratio < 1

0.05652 × screen_ratio + 1.756 , screen_ratio >= 1

V ideoScoreUP = 2.38 + 1.027 × arctan(tmp1) × log(tmp2) − log(tmp3) − log(tmp4)

(5.2)

The final component added to the modified Dash.JS player was the SDN communication.

As previously discussed in chapter 4, the client sends a packet with a relative QoE value to

give the best information to the controller. However, creating a packet on a web browser to

later match in a flow table on a forwarding device created two challenges:
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• creating and sending a packet on a web browser;

• creating an OXM.

To solve the first challenge, the most obvious way was to generate and send a UDP packet,

where the data payload would transport the QoE value. That would solve the second challenge

immediately because UDP is a low-level protocol from the transport layer; a layer where

the controller can process information because OpenFlow modules are already built to deal

with these protocols. Web browsers were built on top of HTTP which runs on top of TCP

to provide reliability, to send and receive packets in the same orderly sequence [65]. There

are methods to overcome this difficulty and use UDP packets. Protocols like Quick UDP

Internet Connections (QUIC) offer a world where web browsers can use UDP as the transport

protocol, but it adds complexity to the client’s player and creates the second challenge. If a

controller needs to process HTTP data, it needs to perform deep packet inspection, which

is not desirable, and an OXM to perform it. Also, for every modified network protocol like

QUIC, a new OpenFlow module must exist to process the packet. Although the OXM feature

introduced in OpenFlow 1.2 makes that task more accessible, it is still a complex and time

consuming. Hence, the most straightforward way to inform the controller about the client’s

QoE is to use TCP. So, the player generates an HTTP request to a unique IP that the

controller is expecting. Then, the port’s number to each client that makes the request, has

the QoE encoded within the last three numbers of the port: 50378 means a 3,78 value for

example. This is done with the AngularJS $resource directive, that creates a request with a

timeout to specifically create only one packet. In summary, the controller installs a flow on to

the switch that filters any TCP connection to the unique IP and forwards it to the controller.

The controller then processes the packet, and with the source IP, it can correlate the QoE

value to a client. Figure 5.1 illustrates the sequence for QoE calculation and dispatch.

Developed modules

AngularJS

Dash.JS  
Metrics & Events

QoE Estimation 
SDN

Communication 

HTTP request
$resource 

Relative QoE
Processing 

Figure 5.1: Client’s Player components integration
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5.2 Origins

The content that the client requests resides on the Origins infrastructure. For that content to

be provided to the client, the content must be encoded respecting the MPEG-DASH standard,

and the Origin must have web HTTP server capabilities adjusted to HTTP adaptive video

streaming. Therefore, this section naturally divides into two segments: content preparation

and content delivery.

5.2.1 Content Preparation

As discussed in chapter 2, HTTP adaptive video streaming is based on video fragmentation,

to provide more flexibility in video delivery and quality shifting. The content is encoded in

several qualities for audio and video in a fragmented style, and an MPD is created to describe

the media segments and other attributes. A DASH player then uses the MPD to calculate the

URLs for each segment to perform the requests, downloading the chunks. The tools used to

prepare the content for the origins were FFmpeg and Bento4 tools. FFmpeg is a widely used

tool for video transcoding, video scaling among others. Here, it is used to generate mp4 files

with a predefined Group of Pictures (GOP) setting in different qualities. The GOP setting

forces the encoding process to add an intra-frame (independent of the frames that precede or

follows) at the beginning of each group, making possible the seek and playback at the start of

a group of pictures. The value chosen correlates to the desired duration of a chunk and the

original video frame rate. Then, two tools from Bento4 are used:

• mp4fragment: fragment the video with the desired chunk length, the value used to

compute the GOP value;

• mp4-dash: takes the fragmented videos with different qualities and creates the DASH

presentation, organizes the media files and creates the MPD.

5.2.2 Content Transmission

Several companies offer web server products like Microsoft, Apache or NGINX. Except for the

web server from Microsoft, the other two are open-source into some degree, making it ideal for

deployment. Thus, various performance analysis [66] [67] indicate that NGINX performs better

than Apache in response time, CPU utilization and memory usage, making NGINX a more

future-proof option [68]. Therefore, NGINX was chosen as the web server to provide DASH

content, but NGINX alone is not capable of distributing on-demand DASH content, only live

because it just has one stream quality. To provide that functionality, NGINX is compiled with

the NGINX MPEG-TS Live Module 1. Some minor issues manifested, like the Cross-Origin

Resource Sharing (CORS) problem that lead the browser to block HTTP requests, disabling

video reproduction at the client. Additional NGINX configuration overcame these challenges.

Figure 5.2 gives an overall view of the two segments previously discussed.

1NGINX MPEG-TS Live Module, Available: https://github.com/arut/nginx-ts-module
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Figure 5.2: Content preparation and transmission overview
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5.3 SDN Controller

The piece that glues the proposed content delivery method is the SDN controller. With it,

the client participates on the load balancing decision, bringing more knowledge to optimize

the client’s QoE, and also to improve load efficiency with new metrics. Therefore, this section

describes the chosen controller and the deployment of the same at the edge of the network.

5.3.1 The Controller

The choice of the SDN controller must take into account the requirements of HTTP adaptive

streaming, which is delay-sensitive, and the constraints of the proposed work for rapid

prototyping. Two controllers were tested: Floodlight [69] and Ryu [70].

The Floodlight controller was chosen to run some experiments due to being easy to develop

Java language and for the overall OpenFlow support. However, simple tasks were complex to

develop when compared to Ryu, and documentation was scarce. Also, as discussed in chapter

2, Ryu had the best delay results compared to other controllers and a broader OpenFlow

compatibility. The Ryu controller uses a component-based approach for software-defined

networks, it is developed in Python, which enables faster developing, it is ideal for small-scale

scenarios, and the project is open-source with an Apache 2.0 license.

The component-based approach means that the Ryu API enables multiple applications

on top of the controller. Ryu applications are single-threaded, asynchronous and use events

to communicate between them. Each one has a queue to process events, FIFO (first in, first

out), that preserves the order of events. Figure 5.3 provides a component examination of the

Ryu controller.

Ryu built-in apps  
(firewall, network monitor,

legacy switch, etc)
Ryu App Ryu App...

Event Dispatcher 

OpenFlow  
Parser/Serializer 

Libraries  
(packet library, BGP library, OVSDB library,

etc) 

Other protocols support 
(OVSDB, NETCONF 

 VRRP) 

Ryu Framework

OpenFlow
Switch

OpenFlow
Switch

OpenFlow
Switch

Figure 5.3: Ryu framework overview
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5.3.2 Deployment

One of the setbacks of transitioning to an SDN environment is the lack of hardware variety and

high cost. SDN controllers are easy to choose because they are a piece of software, yet they

need special network hardware to implement the controller’s actions. Switches compatible with

OpenFlow are much still in the enterprise realm, reaching thousands of euros per equipment

easily. Northbound Networks 2 offer a small SDN switch targeted at researchers and SDN

learning enthusiasts, with four 10/100 Fast Ethernet ports. It supposedly supports OpenFlow

1.0, 1.3 and 1.4 but it was observed that many OpenFlow functionalities were still being

developed. Thus, another path was taken, network emulation.

Mininet 3 is a network simulator that creates a virtual network with hosts, connecting

to virtual switches, controllers (internal or external) and links. It runs on Linux and takes

advantage of the flexibility that Linux network stack offers. Therefore, Mininet positions

itself as a network testbed for developing OpenFlow applications. It offers a Python API to

create more advanced topologies, configurations, and other features; it offers a Command Line

Interface (CLI) to interact in real time with the hosts, links, and switches, creating an overall

fast prototyping environment that can build complex network applications. Mininet uses

process-based virtualization rather than process abstraction, enabling a lightweight approach

to full topology virtualization. With Linux network namespaces, individual processes can

have independent network interfaces, ARP tables, routing tables, and applications. To run a

GUI(Graphical User Interface)/X11 application on a host, Mininet sets up an X11 tunnel to

the host over the CLI xterm. Therefore, Mininet can virtualize a network with fewer resources

when compared to full virtualized networks, while using a real network stack, connecting hosts

to switches through virtual ethernet pairs. To add more flexibility to the control plane, the

switch implementation from the Open vSwitch project is used rather than the default Mininet

switch. Open vSwitch is a project that offers a multilayer virtual switch that usually bridges

traffic between virtual machines and the outside world, and among others, it supports the

OpenFlow protocol [71], making it the ideal virtual OpenFlow switch to work with the chosen

controller. In conclusion, Mininet offers a testbed to emulate a network (with real code) that,

through virtual ethernet pairs, connects the hosts to the root network namespace, where the

Open vSwitch and the controller reside.

Figure 5.4 depicts the Mininet environment with the Open vSwitch integration. The

ovs-vswitchd represent the virtual switch to whom the virtual hosts are connected over virtual

ethernet pairs (veth). Also, it is the point where the links for the controller and external

network are connected.

2Northbound Networks, Available: https://northboundnetworks.com/products/zodiac-fx
3Mininet, Available: http://mininet.org/overview/
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Figure 5.4: Mininet and Open vSwitch integration

5.4 Summary

This chapter described the challenges of implementing the proposed architecture. Sending

the QoE value from the clients’ browser to the controller, proved to be one of the greatest

difficulties on the client-side of implementation. Further, the process of preparing and serving

the content on an Origin with NGINX was described in detail. On the controller side, for the

reasons discussed, hardware was not an option to run the controller and associated components;

thus, simulation was used to implement the chosen controller, Ryu.
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CHAPTER 6
Proof of Concept and Evaluation

All of the subjects discussed in the previous chapters lead to the evaluation of the proposed

content delivery method. For a performance comparison between the baseline and the proposed

approaches, the proof of concept scenario considers a traditional HTTP adaptive streaming

infrastructure, running the same client, the same content, and the same Origins. Accordingly,

this chapter is divided into three sections: scenarios, testbed and evaluation.

6.1 Scenarios

To evaluate the proposed content delivery approach, a traditional infrastructure must be

defined. Nowadays, Telcos have complex load balancing infrastructures, with multiple load

balancers that can communicate among themselves and even with the Origins. Due to

the complexity of replicating such infrastructure, a simpler approach is taken. Also, the

proposed method does not need control communication with the Origins; hence the traditional

infrastructure, which will be called baseline infrastructure from this point forward, does not

implement such communication. Figure 6.1 illustrates the baseline infrastructure elements

and the proposed infrastructure elements.

To compare the baseline versus the proposed approach, the need for multiple scenarios

arise. The scenarios contemplate client side and server infrastructure throttling. On the first

one, a set of metrics are used to represent a client-side scenario:

• Bandwidth: maximum available bandwidth (Mbps);

• Delay: packet delay (milliseconds);

• Jitter: packet delay variation (milliseconds);

• Loss: packet loss (percentage).
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Figure 6.1: Baseline vs Proposed Infrastructure

The metrics’ purpose are two-fold: they are used to represent a technology scenario

limitation and to throttle that scenario further. The Firefox developer tools 1 inspire as a base

for the four technology scenarios created. Nine sub-scenarios are created to throttle further

the technology scenarios, first considering normal values for the several technologies, and then

considering a larger variation in the network metrics, as is depicted in tables 6.1 and 6.2.

1Firefox developer tools, Available: https://developer.mozilla.org/en-
US/docs/Tools/Responsive_Design_Mode
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Table 6.1: Technology Scenarios

Selection Bandwidth (Mbps) Delay (ms)

Regular 4G 32 20
ADSL 24 5
Wi-Fi 50 2
Wired 100 1

Table 6.2: Sub-Scenarios Throttle

Type Delay (ms) Packet Loss(%) Jitter (ms)

A 0 0 0
B 25 0 25
C 25 2.5 25
D 100 0 100
E 100 5 100
F 175 0 175
G 175 7.5 175
H 600 0 600
I 600 2.5 600

The server infrastructure throttling is divided into three parts:

• Part 1: no throttle;

• Part 2: overall infrastructure throttle reaching almost full capacity;

• Part 3: one of the Origins is throttled to almost full capacity.

To provide the throttle on one Origin, the Load Creator performs requests at one Origin

directly. However, the load on the overall infrastructure is seamlessly divided: the Load

Creator stresses the Load Balancer with requests, and for the proposed content delivery

approach, it provides an uniform load on all Origins. Figure 6.2 illustrates the placement of

the Load Creator on the overall infrastructure, for the baseline and the proposed infrastructure.

71



Client

Client

Client

Internet

Origin 

Origin 

Origin 

Load Balancer 

Client

Client

Client

Origin 

Origin 

Origin 

Ba
se

lin
e 

In
fra

st
ru

ct
ur

e 
Pr

op
os

ed
 In

fra
st

ru
ct

ur
e 

SDN Switch

...

Load Creator

Load Balancer 

Load Creator 

Internet

Figure 6.2: Baseline vs Proposed Infrastructure with Load Creator

In conclusion, the client-side throttling will consider in the test the Dash.JS and the QoE

calculation, creating various situations where the baseline and the proposed infrastructure

will react differently. Furthermore, the proposed content delivery approach aims to improve

user perceived QoE, also taking into consideration the server-side circumstances.

Therefore, the part 2 of the throttling simulates an infrastructure with a high load, while

part 3 simulates an Origin that is overloading with another service or an Origin that stops

working correctly, to verify again how the two infrastructures react to these various conditions.

Because the client-side and server-side throttling are combined, part 1 accounts to no server

throttle.
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6.2 Testbed

This section describes the hardware and software necessary to execute the discussed scenarios,

the way data is retrieved, and some challenges that shaped the overall testbed.

6.2.1 Hardware

The overall testbed divides into server-side virtual machines and into a machine where 4

clients operate. On the server-side, 5 machines were created: 3 Origins, 1 Load Balancer, and

1 Load Creator that performs high volume requests to stress the infrastructure. Specifications

for the virtual machines and clients’ desktop are listed on table 6.3.

Table 6.3: Testbed machines specification

Origin Load Balancer Load Creator Clients’ Desktop

Memory 2 GB 4 GB 16 GB 32 GB
Processor 2 Cores 4 Cores 8 Cores 8 Cores

Disk 32 GB 20 GB 32GB 512GB NVME

6.2.2 Software & Challenges

To meet the scenarios and infrastructure requirements, the network is partially emulated with

Mininet. As discussed in previous sections (2 and 5), Mininet has the capability of virtualizing

hosts with process-based virtualization and network namespaces. To build a seamless client

testbed, Mininet virtualizes the hosts and others for both Baseline and proposed infrastructure

with a key difference: the Ryu application. Ryu provides several out-of-the-box applications,

among them a legacy switch. A legacy switch in SDN is a straightforward application: simple

match fields with a port forwarding action associated. Thus, for the Baseline method, a Ryu

legacy switch is used, allowing connectivity to the outside network where the Origins are.

Figure 6.3 illustrates the clients’ desktop elements: the controller, the virtual switch and the

clients, all running in the same machine.
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Figure 6.3: Clients’ Desktop

To stress the server-side infrastructure, an HTTP load testing tool is a viable option.

Apache bench and Vegeta were used to produce load on the infrastructure, but the latter

proved to be more flexible with more options for specifying loads. Also, Vegeta helped to

uncover a performance issue related to the Load Balancer setup later discussed. For load

balancing, NGINX and HAProxy 2 were considered, but the latter was chosen because:

• it was designed from the start to be a high-performance load balancer, outperforming

NGINX in this category;

• it is genuinely open source, while NGINX for some options like statistics on load

balancing is paid;

• it is a mature solution used by several major companies [72].

Because Ubuntu had released its new version of the Long Term Support Operating System

(18.04 LTS) a few months before starting the testbed, it was wise to future proof the testbed

using this version instead of the two-year-old version that would receive just one more year of

support (16.04 LTS). At the Origins virtual machines, no performance issues were detected

with NGINX serving the content, when compared to the Ubuntu 16.04 version, but the

HAProxy strangely was not matching the speed of the Gigabit connection. In practical terms,

the maximum throughput is never achieved due to several factors, but with Vegeta load

creation, the HAProxy on Ubuntu 18.04 was farther from the theoretical maximum. Vegeta

was set to request a 7.2MB chunk, meaning for a Gigabit connection, 125MB/s, the theoretical

maximum requests per second was 17, but 13 requests were the maximum achieved without

performance degradation. At the same server, with the same hypervisor (Proxmox), same

virtual machine resources, same HAProxy configurations but with Ubuntu 16.04.5, the Load

2HAProxy, Available: http://www.haproxy.org/
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Balancer reached 15 requests per second without degradation. Two more requests translate to

a 15% increase of available bandwidth compared to the other Load Balancer, which is quite

significant in a load balancing environment.

Figure 6.4 presents a comparison between HAProxy on Ubuntu 18.04 and Ubuntu 16.04

with 13 requests per second of a 7.2MB chunk, showing that neither of the Load Balancers

throttles. The plot on figure 6.5 shows a different behavior: when Vegeta makes 15 requests

per second of the same chunk, the Load Balancer on Ubuntu 18.04 falls apart, reaching a peak

of 100 seconds to fulfill the requests. On this plot, it is a little difficult to see the Ubuntu

16.04 Load Balancer corresponding line because the maximum delay is around 200 ms and

the other Load Balancer is 90000 ms.

Figure 6.4: Vegeta 13 requests comparison, on HAProxy with Ubuntu 16 and 18
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Figure 6.5: Vegeta 15 requests comparison, on HAProxy with Ubuntu 16 and 18

On the subject of bandwidth limitations, sometimes virtual machines can display network

performance above the Virtual Ethernet Adapter specification due to hypervisor techniques

to improve throughput between virtual machines on the same server. Thus, an iPerf 3 test

was performed throughout the machines to test if the Proxmox hypervisor was respecting the

virtual machines network limits, which it was shown to be true.

With everything set up, the missing piece is how to retrieve data to compare the approaches.

As already discussed throughout this work, the most critical metric is the user perceived

QoE, and here it is no exception. To compare the baseline infrastructure performance against

the proposed infrastructure, the clients’ QoE is analyzed. Firefox was chosen as the clients’

browser because it comes installed on most of the Linux distributions, working with Mininet

out-of-the-box, and offers greater flexibility in developer tools when compared to Google

Chrome. Every client has its own network namespace and its own Firefox profile, creating

a perfect sandbox experience, allowing multiple clients to run in a single machine perfectly

isolated. The only issue was to run clients in private mode to discard any cached content that

would influence subsequent testing.

The recording of clients’ QoE brought several challenges. The most straightforward way

to record this information was to run a REST application, where the clients would send their

QoE values. Nevertheless, this method introduces unnecessary network overhead. Therefore,

the approach was to each clients’ Firefox to save the data. The only correct way for a browser

to store data on a client is through the localStorage property [73] that writes to a special

3iPerf, Available: https://iperf.fr/iperf-doc.php
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database. However, to guarantee independent testing, the clients’ Firefox was running in

private mode to disable any caching, also disabling any writing to the localStorage.

Several Firefox options were tested to run in normal mode without caching any content

resulting in failed attempts. For instance, disabling cache alone would not work because

cookies influenced the Dash.JS requested quality at the start. Cookies and localStore are

stored in different databases, but disabling cookies for some reason disables all Firefox database

writing. Thus, a script deletes the right files, cookies, and cache avoiding breaking a Firefox

profile, retrieves the content of the webappsstore.sqlite (the localStorage database), cleaning at

the end. To improve the insight into the clients’ environment, other values besides QoE were

recorded too: FPS, bitrate, video buffer size, client resolution, and video resolution. To record

metrics other than video related, the testbed uses NMON in every machine. IBM originally

developed the tool for its proprietary operating system, later converting to Linux operating

systems. NMON records information about CPU utilization, memory usage, disk read and

write transfers, and network usage. To perform the scenarios proposed, a separate computer

orchestrates all of the necessary instructions in a life-cycle illustrated on figure 6.6.
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Figure 6.6: Scenarios Orchestration Overview
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6.3 Evaluation

The last section of this chapter will focus on the performance evaluation of the proposed

content delivery approach, comparing to the baseline. Still, before the main evaluation, it is

important to evaluate the ABR algorithms offered by Dash.JS, because of the QoE impact

that it may have.

6.3.1 ABR Algorithms Evaluation

This type of algorithms are critical for the success of an HTTP adaptive streaming technology.

They are the decision makers of what chunks to request depending on the clients’ environment,

like display size, CPU loads or network conditions, to give the best quality possible avoiding

re-buffering. The ABR algorithms continuously monitor bandwidth and CPU load to adjust

to any client changes to request the most adequate stream. Therefore, these algorithms aim

to stream at the highest bitrate while minimizing re-rebuffering events and excessive bitrate

switches. Dash.JS comes with three ABR options: Throughput, BOLA, and Dynamic. The

first strategy is the most simple, chooses bitrate on recent throughput. BOLA is a more

advanced strategy [74], choosing higher-bitrate segment as the buffer grows, and the opposite,

choosing lower-bitrate segments as buffer occupation depletes. The Dynamic strategy is a

combination of the first two. Therefore, a performance test between the three was done with

the proposed scenarios to throttle clients.

The comparison will center on BOLA and Throughput to check for any major differences.

The Big Buck Bunny 4 video runs for 3 minutes, 10 times for each test. On a best-case

scenario like the Wired scenario (bw=100, d=1) and sub-type A (no further throttle), the

buffer occupancy throughout the 3-minute testing is identical, as figure 6.7 shows.

(a) BOLA Buffer (b) Throughput Buffer

Figure 6.7: Wired scenario sub-type A between BOLA and Throughput (ci=95)

In other scenarios with packet loss, the results are similar. Figure 6.8 illustrates an ADSL

scenario (table 6.1), sub-type C (table 6.2) with buffer occupancy through the 3-minute testing

4Big Buck Bunny, Available: https://peach.blender.org/
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as well as the mean for QoE and buffer, to give a broader overview.

(a) BOLA Buffer (b) Throughput Buffer

(c) BOLA MOS and Buffer mean (d) Throughput MOS and Buffer mean

Figure 6.8: ADSL scenario sub-type C between BOLA and Throughput (ci=95)

In scenarios with more packet delay and no packet loss, Throughput strategy is more

aggressive on buffer occupation, translating into slightly higher QoE values. This trend is

noticeable in several scenarios like the one in figure 6.9 that illustrates a Regular 4G scenario

(table 6.1), sub-type D (table 6.2), where QoE is always slightly better.
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(a) BOLA Buffer (b) Throughput Buffer

(c) BOLA MOS (d) Throughput MOS

Figure 6.9: 4G scenario sub-type D between BOLA and Throughput (ci=95)

Through empirical analysis, it is shown that the Dynamic strategy takes the best of the

two approaches: Throughput strategy is a little bit more aggressive at the start, where there

is no past data to learn from, but as time goes, the BOLA strategy can produce a more

weighted decision on what bitrate to choose to increase the video experience. Thus, for the

following performing tests comparing the baseline and the proposed approach, Dash.JS ABR

strategy is set to Dynamic.

6.3.2 Evaluation of the Proposed Content Delivery Approach

The performance tests follow the scenarios with sub-types and infrastructure throttling

(divided into three parts) as previously discussed. 10 tests are performed on every sub-type

of a scenario, for confidence interval purposes. Each test is a 3-minute run of the Big Buck

Bunny, a standard for video testing. The maximum quality of the stream is Full HD (FHD),

running on a screen with the same resolution. The maximum resolution chosen was not 4K,

due to performance issues of running more than two clients. Mininet virtualizes four hosts, so

the three Origins are always unbalanced. From this point forward, the section will be divided

into the different parts of infrastructure throttling.
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Part 1

In part 1, only the clients suffer from throttling, like a best-case scenario for the infrastructure.

For the first comparison, the Wired scenario with sub-type A is chosen to present the best-case

scenario of all. Figure 6.10 shows a QoE comparison of the 3-minute run. As expected, both

perform at the maximum, staying at a 4.7 MOS value, the probe’s maximum value for a FHD

stream in a screen of the same resolution. Between the 20 seconds and the 30-seconds mark,

there is a small hiccup produced by the QoE probe, more specifically by the human memory

filter technique. In the probe, the last 30 seconds of events are weighted and combined into

the final MOS value, but when a video starts, there is no past information. That is why the

plot has a small disturbance right before the 30 seconds mark, and after that it stabilizes.

(a) Baseline MOS (b) SDN-based MOS

Figure 6.10: Wired scenario sub-type A between Baseline and SDN-based infrastructure, part 1
(ci=95)

However, for every scenario with further throttling, sub-type B to I, the proposed method

is always a little behind on MOS score. Figure 6.11 depicts a test with Wired scenario and

sub-type C (26 ms, 100 Mbps, 25 ms jitter, 2.5% loss), with a QoE and buffer comparison.

Comparing with a more demanding scenario, ADSL with sub-type D (120 ms delay, 24

Mbps, 100 ms jitter and 0% loss), the trend repeats as illustrated in figure 6.12 with MOS

and buffer average comparison. It is also interesting to observe the sub-type C performance

with a Wired scenario when comparing with the sub-type D with ADSL scenario, where it is

noticeable that packet loss has a much greater impact than delay.
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(a) Baseline MOS (b) SDN-based MOS

(c) Baseline MOS and Buffer mean (d) SDN-based MOS and Buffer mean

Figure 6.11: Wired scenario sub-type C between Baseline and SDN-based infrastructure, part 1
(ci=95)

(a) Baseline average MOS and Buffer (b) SDN-based average MOS and Buffer

Figure 6.12: ADSL scenario sub-type D between Baseline and SDN-based infrastructure, part 1
(ci=95)

To further analyze why the proposed method is not performing similarly to the Baseline,
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figure 6.13 shows a comparison of CPU utilization throughout the 10 runs on the Wired-

A scenario, a scenario in which the same bitrate streams are processed to produce a fair

comparison. The proposed approach has a little higher average on CPU utilization (3% more),

not enough to assume anything. Other statistics produced by NMON are inconclusive as well.

However, the most plausible cause is the operation of packet header modification done by the

virtual switch, that adds just enough delay to affect the clients’ player.

(a) Baseline CPU average (b) SDN-based CPU average

Figure 6.13: Average CPU of the Wired scenario, sub-type A, part 1

Part 2

For part 2, the overall infrastructure is throttled with Vegeta, running 13 requests (7.2MB

chunk) per second on the Load Balancer. As already discussed, on the SDN infrastructure,

Vegeta uses the Load Balancer from the Baseline to stress the Origins equally. With 13

requests, the infrastructure is almost at full capacity.

Comparing ADSL-A scenario (24 Mbps and 5 ms delay) in figure 6.14, it is obvious the

impact on buffer occupancy, although QoE is not affected. Looking to a Wired-B scenario

(100 Mbps, 26 ms delay, and 25 ms jitter), the low buffer size starts to influence the MOS

value. Even with more bandwidth, the added delay on this scenario takes a toll on the

Baseline infrastructure, as illustrated in figure 6.15, and the overall QoE is higher on the SDN

approach.
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(a) Baseline Buffer (b) SDN-based Buffer

Figure 6.14: Buffer comparison of the ADSL-A scenario, part 2 (ci=95)

(a) Baseline Buffer (b) SDN-based Buffer

(c) Baseline MOS (d) SDN-based MOS

Figure 6.15: Buffer and QoE comparison of the Wired-B scenario, part 2 (ci=95)

Moving to a more demanding scenario, Regular 4G-D (32 Mbps, 120 ms delay, 100 ms

jitter, and 0% loss), the Baseline infrastructure is more affected than the SDN-based. Figure

6.16 depicts a buffer and a MOS comparison of the Regular 4G-D scenario, where on the
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Baseline infrastructure, the client’s player struggles to fill up the buffer, failing the switch

to a higher bitrate stream, resulting in a much lower quality-of-experience compared to the

proposed approach.

(a) Baseline Buffer (b) SDN-based Buffer

(c) Baseline MOS (d) SDN-based MOS

Figure 6.16: Buffer and QoE comparison of the Regular 4G-D scenario, part 2 (ci=95)

However, when packet loss is added to the scenario, there is no possibility to recover the

QoE. Figure 6.17 exhibits a MOS comparison with the Regular 4G-E scenario that adds 5%

packet loss to the latter scenario discussed. Here, both of the videos stopped just a little bit

before the test was completed; still, the proposed approach has a small edge on the average

MOS compared to the Baseline infrastructure.
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(a) Baseline MOS (b) SDN-based MOS

Figure 6.17: MOS comparison of the Regular 4G-E scenario, part 2 (ci=95)

Part 3

In the last set of performance tests, part 3, instead of throttling the overall infrastructure,

only one Origin is throttled, depicting a situation where an Origin is running other services or

becomes unresponsive due to some problem. Vegeta performs the same load creation with 13

requests per second, nearly topping the Gigabit connection of the Origin.

Choosing a client’s best-case scenario, the Wired-A scenario (100 Mbps, 1 ms delay), figure

6.18 compares buffer and MOS value of the Baseline infrastructure and proposed method. The

Baseline client’s player does not finish the test while the SDN method finishes. This trend is

observable on the Baseline infrastructure throughout every scenario: in every test the player

stops after 40-140 seconds of playback. If in the Orings’ pool one server becomes throttled or

unresponsive, a domino effect happens, hurting every client. On the SDN proposed approach,

the MOS plot presents a bigger variation before the 30 seconds mark. Examining the buffer

plot, there is also a variation but starting sooner; this could represent the controller changing

the client’s Origin. When a player starts, a burst of requests for the smallest quality available

is performed, and the throttled Origin can provide such small chunks. However, right after

the player starts switching to a higher bitrate, the bad Origin will underperform, triggering an

Origin switch right at the start, impacting a little later the normal instability at the 20-second

mark.
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(a) Baseline Buffer (b) SDN-based Buffer

(c) Baseline MOS (d) SDN-based MOS

Figure 6.18: Buffer and QoE comparison of the Wired-A scenario, part 3 (ci=95)

To further observe the domino effect on the Baseline Load Balancer, figure 6.19 illustrates

the total network read and write of the Load Balancer in the Wired-A scenario (10 consecutive

runs), between part 1 and part 3 testing. As expected, the plot from the part 3 testing shows

a much lower activity, demonstrating the hazardous effect of one Origin affected; the network

write average is ≈ 7% times higher on part 1 testing.

(a) Part 1 (b) Part 3

Figure 6.19: Total network write and read of the Wired-A scenario, with part 1 and part 3 testing
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Figure 6.20 illustrates a comparison on the regular 4G-B (32 Mbps, 45 ms delay, 25 ms

jitter, 0% loss). The Baseline infrastructure player stops after ≈ 90 seconds, repeating the

trend, while the proposed method endures and reaches a good MOS number. However, the

SDN related plot shows a higher variation on the first half, meaning that throughout the

10 runs, the controller sometimes gave at the start the bad Origin to the third client, later

forcing a live TCP change.

(a) Baseline MOS (b) SDN-based MOS

Figure 6.20: QoE comparison of the Regular 4G-B scenario, part 3 (ci=95)

Moving to the next scenario that adds 2.5% packet loss, regular 4G-C, figure 6.21 illustrates

another QoE comparison. For the Baseline infrastructure, the player stops just after 40 seconds,

while the proposed approach has a similar performance under part 1 tests.

(a) Baseline MOS (b) SDN-based MOS

Figure 6.21: QoE comparison of the Regular 4G-C scenario, part 3 (ci=95)

The last figure of the section, figure 6.22, compares the SDN approach with a scenario

Wifi-C (50 Mbps, 26 ms delay, 25 ms jitter, and 2.5% loss) from the part 1 and part 3.

Although it is possible to observe more variation from part 3 testing, the average MOS is the
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same, as well as the buffer size, showing that the controller is able to avoid the bad Origin

with only data from the client.

(a) SDN-based MOS part 1 (b) SDN-based MOS part 3

(c) SDN-based MOS and Buffer average, part 1 (d) SDN-based MOS and Buffer average, part 3

Figure 6.22: QoE, average QoE, and Buffer comparison between Wifi-C part 1 and part 3 on SDN
infrastructure (ci=95)

6.4 Summary

This chapter started with the elaboration of scenarios to test the proposed approach, which

divides into three parts. Next, the Testbed section described the hardware and software

specifications to simulate the infrastructure and run the scenarios. It outlined as well the

challenges on software integration to provide an accurate simulation and data retrieval. Lastly,

the Evaluation section described the most relevant scenarios results, comparing the Baseline

infrastructure with the SDN infrastructure proposed; in part 1 tests, Baseline performed

better, while in part 2 and 3, the proposed approach outperformed the Baseline.
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CHAPTER 7
Conclusions and Future Work

Video consumption is a rising trend, creating market value and new opportunities, but

not without its challenges, as discussed in chapter 2. Global companies are challenging

Telecommunication Operators infrastructure with their OTT platforms. They create revenue

without investing in the last mile infrastructure that connects the client to the Internet,

challenging the Telcos business model. However, Telcos are in the best position to create

their own OTT platforms, at the same time improving their content delivery infrastructure to

accommodate future demand, allowing them to stay competitive against major companies.

The current network hardware does not offer the flexibility and innovation needed for the

content delivery infrastructure of tomorrow. Deployment of new network hardware is a must,

and Netflix is the perfect example. They offer on-demand content, that is unicast traffic, to

millions of users. If they relied only on a classic CDN structure, they would not be able to

support so much downlink traffic. Establishing protocols with Telcos, they deploy hardware

near the last mile network, bringing the content near the clients, like a small and more

distributed CDN. Although expensive, bringing hardware closer to the client is a must.

All of the work produced for this dissertation leads to the proposed content delivery

approach, an SDN load balancing solution based on clients’ perceived QoE with Dash.JS as

the clients’ player.

The proposed forecast model addresses the issue of multicast and unicast transmissions.

Two approaches are developed as an alternative to the traditional way of delivering TV-

channels and on-demand content: Unicast-only and Hybrid. The scenarios’ results show

that for a medium scale scenario, Unicast-only proves to be an option, based on the weight-

based OPEX estimates; for a large scale scenario, with hundreds of channels and millions

of subscribers, the Hybrid approach is considered to be a viable prospect. Furthermore,

estimations show that only appliances at the SR are not sufficient to build an alternative

method to the traditional multicast approach. Only when appliances are considered at both

the SR and the OLT, the results point to a future-proof infrastructure alternative. Therefore,

the proposed forecast model shows that, for a real improvement of the established network
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infrastructure, Telcos must consider new hardware on the edge of the network.

The results of this model motivated the proposal of the load balancing approach. As seen

in chapter 6, Dash.JS can withstand a great deal of packet delay, a problem that affected

other streaming technologies discussed in the state of the art chapter. However, packet loss is

an issue that affects all HTTP adaptive streaming technologies, and Dash.JS is no exception.

Above 5% of packet loss, it is not possible to deliver content with a good experience. The

results have shown that playback stops after some time with that type of loss. Then, ABR

strategies were put to the test to help decide which one would be used in Dash.JS to enhance

the overall performance. As discussed in chapter 6, Throughput strategy performs better

at the start when compared to the BOLA strategy, but with time and the usage of past

knowledge, BOLA performs better. Thus, the Dynamic strategy that employs the best of

both strategies was chosen for the performance tests on the proposed content delivery method

and Baseline infrastructure.

The comparison experiments, between the baseline and the proposed approach, were

divided into three infrastructure throttling parts. Part 1 does not throttle the infrastructure,

only the clients are throttled with the scenarios. The proposed approach underperforms under

these circumstances. For every packet in the bidirectional communication between a client

and an Origin, two headers are always changed: Ethernet and IP addresses, corresponding

to the destination or source field depending on the flow. While on the Baseline simulation,

only port forwarding happens. Specific tests were done to identify if the virtualized switch,

by changing packet headers, was adding some delay that would explain this performance

issue. The tests performed were inconclusive, and as of this writing, the problem is yet to be

determined. However, the most plausible cause is the operation of packet header modification

done by the virtual switch, that adds just enough delay to affect the clients’ player.

In part 2 of the performance tests, the overall infrastructure is stressed. Here, the proposed

approach outperforms the traditional method because of one key aspect: the distribution of

load decision. The Load Balancer on the Baseline infrastructure is, in fact, a single point of

failure, since every request has to go through that machine, while the SDN approach makes

the decision at the edge of the network, removing the need for a Load Balancer to sit between

the client and the Origin.

The last part of the performance tests, Part 3, has one Origin throttled. Since the Load

Balancer distributes requests in a round-robin way, a domino effect happens. At the start,

the bad Origin will be able to deliver the small chunks requested; after that, the Dash.JS will

switch to a higher bitrate, and those chunks will not be delivered. The clients’ player will

receive some packets fast (by the other good Origins), but the throttled Origin will fail to

deliver the rest, producing mix signals to the ABR strategy, sometimes chunks arrive fast,

and sometimes they do not arrive. Further, packet loss will increase, and the video playback

will stop. However, the controller from the proposed approach is continuously analyzing the

clients’ QoE, taking action when needed, live changing a TCP session to another Origin,

protecting the clients from infrastructural content delivery problems. Thus, the performance

results of the proposed approach for part 1 and part 3 are similar, proving the effectiveness of
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the solution.

However, there is room for improvement: fixing known issues and introducing new features.

In the future, it is essential to fix the performance issues detected in the tests of part 1, to

bring the proposed solution to the same performance level of the Baseline infrastructure in

that scenario. Also, it is necessary the development of a controller’s logging system to account

the clients’ changes: with data of when the client switched and to which Origin, and the

number of changes. Another valuable improvement in the controller would be to implement

a way to detect a page refresh of a known client, to clean the client’s information because

occasionally the Dash.JS player breaks. Moreover, Dash.JS allows the use of a custom ABR

strategy, and it would be interesting to implement a feature that would fit the client into

a scenario that would have a set of specific ABR rules, like a mobility scenario (cellular)

and a static scenario (wired) would have custom strategies to improve QoE. More, to take

advantage of the Origin’s information that the controller inferred from the clients’ QoE, the

implementation of a mechanism to inform a monitoring application of the Telco infrastructure

would improve the value of the proposed work.

Lastly, an ambitious feature, a more demanding and time-consuming one but considering

the results of the forecast model, would be the development of a mechanism that would

create a simulated multicast stream from an unicast stream. One client is watching a live-TV

channel on an HTTP player and a consecutive client to request the same live-TV channel, the

stream would be duplicated from the first client, this happening at the network edge. Thus,

this would obtain the benefits of an HTTP streaming solution and the gains of a multicast

approach, something not yet done in both the academic and the private sector.
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Appendix

Forecasting model parameters description:

• Type of Forecast: Select between three types available to forecast.

• Total Subscribers: Number of total subscribers to provide service.

• Hit Ratio Appliance: Hit ratio for IPTV services at the SR, only Unicast and Hybrid

are affected.

• Baseline/Unicast ratio: How much expensive is the Baseline in Multicast Live-TV

regarding Unicast and Hybrid in Unicast Live-TV. The default value is 1.30, meaning

that is 30% more expensive.

• Growth options: Activate growth parameters, available only at the "Forecast 2017" type.

• More options: Activate more options that can be used on all types of forecast.

• Opex Curve: Show the parameters that produces the opex plot and enable the plot.

• Subscribers growth: Percentage of subscribers growth every year until 2021.

• Internet growth: Percentage of internet growth every year until 2021.

• IPTV growth: Percentage of iptv growth every year until 2021.

• Bandwidth surplus per subscriber: Added bandwidth to each subscriber that don’t

benefit from cache or buffering.

• SR maximum uplink (Mbps): Redefine the maximum uplink bandwidth of a Service

Router.

• OLT maximum uplink (Mbps): Redefine the maximum uplink bandwidth of a Optical

Line Termination.

• Appliance uplink/downlink (capex): Choose the maximum bandwidth capacity of the

appliance that will cache and buffer content.

• Appliance price (capex): Appliance price per unit.

• Ratio stream (max streams / total subscribers): Peak subscribers watching a stream

regarding the total number of subscribers.

• Interval for calculation: Calculate opex from time to time, not for every change in

subscribers number.

• Max subscribers per OLT: How much subscribers a OLT can support.

• SD percentage client: How much, in percentage, a subscriber sees a SD TV channel

compared to the rest.

• SD percentage headend: Regarding the different types of channels, how much of them

are SD at the headend.
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• HD percentage client: How much, in percentage, a subscriber sees a HD TV channel

compared to the rest.

• HD percentage headend: Regarding the different types of channels, how much of them

are HD at the headend.

• 4K percentage client: How much, in percentage, a subscriber sees a 4K TV channel

compared to the rest.

• 4K percentage headend: Regarding the different types of channels, how much of them

are 4K at the headend.

• TCP usability: How much of the link is usable in Unicast transmissions. Affects Unicast

and Hybrid models.

• Custom average internet: How much internet a subscriber uses on average.

• Custom average IPTV: How much IPTV services a subscriber uses on average.

• Custom peak streams: The maximum number of streams being watched at the same

time.

• Team cost multicast: Cost value for a multicast team. Available only at the Custom

forecast.

• Team max (boxes/streams) multicast: How many streams a multicast team manages.

Available only at the Custom forecast.

• Team cost unicast: Cost value for a unicast team. Available only at the Custom forecast.

• Team max (boxes/streams) unicast: How many streams a unicast team manages.

Available only at the Custom forecast.
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