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Abstract
Online video streaming has gained tremendous popularity over recent years
and currently constitutes the majority of Internet traffic. As large-scale on-
demand streaming continues to gain popularity, several important questions
and challenges remain unanswered. This thesis addresses open questions in
the areas of efficient content delivery for HTTP-based Adaptive Streaming
(HAS) from different perspectives (client, network and content provider)
and in the design, implementation, and evaluation of interactive streaming
applications over HAS.

As streaming usage scales and new streaming services emerge, continu-
ous improvements are required to both the infrastructure and the techniques
used to deliver high-quality streams. In the context of Content Delivery
Network (CDN) nodes or proxies, this thesis investigates the interaction be-
tween HAS clients and proxy caches. In particular, we propose and evaluate
classes of content-aware and collaborative policies that take advantage of
information that is already available, or share information among elements
in the delivery chain, where all involved parties can benefit. Asides from the
users’ playback experience, it is also important for content providers to min-
imize users’ startup times. We have designed and evaluated different classes
of client-side policies that can prefetch data from the videos that the users
are most likely to watch next, without negatively affecting the currently
watched video. To help network providers to monitor and ensure that their
customers enjoy good playback experiences, we have proposed and evaluated
techniques that can be used to estimate clients’ current buffer conditions.
Since several services today stream over HTTPS, our solution is adapted to
predict client buffer conditions by only observing encrypted network-level
traffic. Our solution allows the operator to identify clients with low-buffer
conditions and implement policies that help avoid playback stalls.

The emergence of HAS as the de facto standard for delivering stream-
ing content also opens the door to use it to deliver the next generation of
streaming services, such as various forms of interactive services. This class
of services is gaining popularity and is expected to be the next big thing
in entertainment. For the area of interactive streaming, this thesis pro-
poses, models, designs, and evaluates novel streaming applications such as
interactive branched videos and multi-video stream bundles. For these ap-
plications, we design and evaluate careful prefetching policies that provides
seamless playback (without stalls or switching delay) even when interactive
branched video viewers defer their choices to the last possible moment and
when users switches between alternative streams within multi-video stream
bundles. Using optimization frameworks, we design and implement effective
buffer management techniques for seamless playback experiences and eval-
uate several tradeoffs using our policies.

The work was supported by the Swedish Graduate School in Computer Science

(CUGS), the Center for Industrial Information Technology (CENIIT), and the

Swedish Research Council (Vetenskapsr̊adet).





Populärvetenskaplig sammanfattning

Internet och World Wide Web (WWW) har vuxit till viktiga hörnstenar i
v̊art samhälle. Vi använder dem för allt fr̊an kommunikation, bankärenden,
utbildning, företagsverksamhet, arkivering till underh̊allning samt m̊anga
andra applikationer. V̊art samhälle förändras ständigt av tillströmningen
av nya applikationer som utnyttjar denna globala kommunikations- och in-
formationsinfrastruktur. Vi har till exempel bevittnat hur e-post och pro-
gram för snabbmeddelanden förvandlat mellanmänsklig kommunikation, och
hur elektroniska nyhetsmedier har ersatt tryckta nyheter. P̊a liknande sätt
har videoströmning via Internet förändrat tv och underh̊allningsindustrin
de senaste åren.

Även om flera videoströmningsprogram över Internet har existerat tidi-
gare, s̊a har dagens standard för strömning, HTTP-baserad Adaptiv Strömn-
ing (HAS), blivit s̊a populär att den är ansvarig för den största andelen
data som överförs via Internet. Studier har visat att över 70% av den to-
tala nedladdade datamängden över Internet kan knytas till videoströmning.
Denna andel förväntas att öka under de närmaste åren. HAS använder
HTTP-protokollet för att ladda ner videodata, vilket är det protokoll som
ursprungligen utvecklades för att ladda ner webbsidor. Genom att använda
HTTP kan HAS utnyttja flera teknologier som utvecklades för webbtrafik,
till exempel content distribution networks, cachar, serverkluster, etc. Dessu-
tom stoppas inte heller vanlig webbtrafik som kommer fr̊an klienter av
brandväggar hos nätoperatörer, eftersom de är kritiska för att deras kun-
der ska ha fortsatt anslutning till webben. HAS är ocks̊a ett klientdrivet
protokoll, vilket innbär att klienten måste begära all information som den
behöver. Klientstyrd nedladdning, möjligheten att använda infrastruktur
som utvecklades för traditionellt webbinneh̊all samt anpassning av uppspel-
ningskvalitet för att matcha den tillgängliga bandbredden är kanske de mest
karaktäristiska funktionerna i HAS.

För att effektivt kunna skala till massiva datamängder krävs noga genom-
tänkta lösningar vid utformningen av nedladdningsalgoritmer p̊a klientsidan
och infrastrukturen för dataleverans. Den första delen av denna avhandling
bidrar till detta forskningsomr̊ade. Först undersöker vi hur HAS klienter
och cachar interagerar. Genom experiment identifierar vi b̊ade positiva och
negativa aspekter av denna interaktion. Baserat p̊a v̊ara slutsatser föresl̊ar
vi nya HAS-medvetna strategier (där cachen försöker förutse vilken del av
videoklippet klienten kommer att begära härnäst) och samarbetsstrategier
(där klienten och cachen delar information) som kan bidra till att förbättra
tittarupplevelsen. Förutom en bra uppspelningsupplevelse förväntar sig tit-
tarna ocks̊a mycket l̊aga uppstartstider (den tid det tar fr̊an att användaren
valt att se en video till att den börja spela). I detta avseende har vi
undersökt idén att hämta inneh̊all i förväg fr̊an rekommenderade videok-
lipp medan användaren tittar p̊a en video. Genom att noggrant styra när
dessa nedladdningar sker har vi ocks̊a visat att uppspelningsupplevelsen av



den aktuella videon ocks̊a kan förbättras. Nätverksoperatörer som tillhan-
dah̊aller tillg̊ang till Internet (b̊ade tr̊adbundna och tr̊adlösa) har i allmänhet
möjligheten att finjustera sina nätverk för att hantera och optimera dem.
Men eftersom de flesta strömmande tjänster idag använder den krypterad
versionen av HTTP (känt som HTTPS) har operatören reducerats till en
simpel kanal för strömmande data. I ett av v̊ara bidrag visar vi hur en nätop-
eratör kan f̊a information om klientens buffertförh̊allanden genom att samla
in statistik av HTTPS-förfr̊agningar och svar. Genom att erh̊alla denna
information kan nätoperatören bättre hjälpa klienter att undvika tillfälliga
stopp i uppspelningen även om traffiken är krypterad.

Den andra delen av denna avhandling behandlar interaktiva strömmande
tekniker med HAS. Interaktiv videoströmning är en ny applikation där
tittaren f̊ar interagera med videospelaren. Interaktionen kan göras med
klickbara objekt i videon, till exempel en kaffemaskin där tittaren kan bestäm-
ma vilken typ av kaffe en karaktär ska dricka med hjälp av knapparna p̊a kaf-
femaskinen. Genom att till̊ata tittaren att interagera vid specifika tillfällen
i videon kan skaparen till̊ata olika handlingar med potentiellt olika slut,
baserat p̊a tittarens smak och tycke. Vi är de första som formaliserar prob-
lemet med interaktiv förgrenad strömning med HAS och vi föresl̊ar lösningar
för optimerade nedladdningar, bufferthantering samt nedladdning av data
i förväg. Detta gör att tittaren upplever en jämn uppspelning av videon.
Möjligen av större vikt är att v̊ara lösningar säkerställer att inga stopp i
uppspelningen sker under den vanliga uppspelning eller under överg̊angar
till nya grenar. För den intresserade tittaren vill vi upplysa om att Netflix
släppte ett interaktivt avsnitt av ”Puss in Boots” under 2017.

Denna avhandling bidrar ocks̊a till att formalisera en annan interaktiv
streamingteknik som kallas multi-video stream bundles. Här behandlar vi
ett scenario där flera kameror täcker en händelse, till exempel ett sporteven-
emang eller en konsert. Med multi-video stream bundles f̊ar användaren
möjlighet att själv välja fr̊an en mängd av strömmar. När användaren
bestämmer sig för att se en ny ström erbjuds den nya vyn, men vid samma
tidpunkt som för den föreg̊aende videon. Vi har utvecklat bufferthantering
och lösningar för att hämta data i förväg som tar hänsyn till sannolikheten
att en användare kommer byta ström, för att säkerställa att uppspelningen
och överg̊angen är fri fr̊an tillfälliga stopp.
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Chapter 1

Introduction

The World Wide Web (WWW) began as a set of protocols, conventions,
and software to organize and retrieve information over the Internet, based
on pages containing hypertext. Today, the WWW is the most commonly
used information retrieval service, which in addition to hypertexts includes
graphics, audio, video, and plain text (commonly referred to as hypermedia).
Transformations of the WWW has facilitated deployment of improved web-
based services. Today’s network applications and services over the web
have come to dominate several aspects of our day-to-day lives, including
education, business, banking, communication, and entertainment.

Video streaming is a technique that allows clients to start playback of a
video before having downloaded the entire file. Such services were initially
difficult to realize, since many networks did not have the capacity to satisfy
the high bandwidth requirements of video. Deployment of such services were
also hampered by a lack of efficient delivery architectures, video-encoding,
compression, and distribution techniques.

By the time the first well known commercial streaming video players
appeared (e.g., RealNetwork’s RealPlayer1, Microsoft’s ActiveMovie2 and
Apple’s QuickTime3 player), residential Internet speeds were for the first
time sufficient to stream a low-quality video without stalls. Since then,
much has happened, and today, video and audio entertainment services are
being delivered to the masses over the Internet. The feasibility and common
usage of these services can be attributed to the recent improvements in
network bandwidths, the computational power available at end hosts, and
the adoption of scalable content-delivery techniques. These improvements
not only make efficient distribution of high volumes of data possible, but
have also opened gateways to new and innovative services.

1https://en.wikipedia.org/wiki/RealPlayer
2https://en.wikipedia.org/wiki/ActiveMovie
3https://en.wikipedia.org/wiki/QuickTime
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Chapter 1. Introduction

On-demand streaming has become the largest source of traffic on the
Internet. A recent study by Sandvine [1] suggests that over 70% of all
downstream traffic over fixed access lines in North America can be attributed
to real-time entertainment services, such as audio and video streaming. A
majority of this traffic is from websites such as Netflix (35.5%) and YouTube
(17.5%). Similar trends have also been observed in other continents.

Streaming services can be classified into on-demand and live streaming
services. With on-demand services, the viewer can chose from a catalog
of pre-recorded videos, and the video is streamed to a client only when
an explicit request for the video is made. Live-streaming services stream
live events over the Internet as they happen. Both on-demand and live ser-
vices typically also offer functionalities such as pause, fast-forward (with live
streaming, the amount of fast forwarding that is possible is limited), rewind
and stop. As streaming becomes mainstream, events such as the Olympics,
FIFA World Cup, other sporting events, news, and other mass media are
disseminating their content over the Internet. Furthermore, several national
and regional TV channels, such as BBC in the United Kingdom and SVT
in Sweden make their shows available online for viewers within their re-
spective countries4,5. These online services break the barriers imposed by
traditional broadcast services, where the viewer had to tune in to a channel
at a particular time and could not control their current playpoint.

In the area of content delivery, service providers and network operators
are constantly striving to decrease capital and operational expenses. The
sheer volume of video data, the wide-spread popularity of streaming ser-
vices, and the ever increasing user base of on-demand streaming [2] require
current and future video streaming content delivery systems to be highly
scalable and efficient. Such requirements combined with a very large reduc-
tion in storage costs, have driven the deployment of purpose built Content
Distribution Networks (CDN) and edge caches in the access networks, for
example, allowing popular content to be delivered from closer to the user.

The distributed nature of these techniques comes with many challenges.
For example, efficient client-side, network, and server-side algorithms may
benefit from information sharing between the involved parties, to help co-
ordinate the available resources. However, there are many open problems
related to how to best leverage such interaction or how to obtain the infor-
mation when not all parties cooperate.

In addition to the challenges posed by traditional on-demand stream-
ing services, which we refer to as regular/linear streaming, emerging ser-
vices such as Virtual Reality (VR), Augmented Reality (AR), free viewpoint
streaming, 360○ streaming, etc., pose unique challenges where user satisfac-
tion is strongly coupled to the service being interactive, with seamless view-
ing experiences, and without interruptions. Although residential Internet
speeds have considerably increased, improved downloading and prefetching

4http://www.bbc.co.uk/iplayer
5http://www.svtplay.se
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1.1. Motivation and problem description

strategies are required to provide good Quality of Experience (QoE) to the
viewer, while at the same time scaling to a large number of users in a cost
effective manner. Asides from the technical factors mentioned above, socio-
economic and human factors play important roles in the revenue model of
such services. The combination of all these factors makes for a very inter-
esting research field.

Emerging interactive on-demand streaming techniques present new op-
portunities for personalization and engaging user experiences. In addition
to being on-demand, these services allow the viewer to interact with the
video based on pre-defined or dynamic personalization options. This in-
cludes videos that provide users with interactive plot-lines, where the user
chooses between alternative plot-lines, different viewing angles, or explore
a scene interactively. Across such services and scenarios, user interaction
takes the viewer to either a different point in time in the same video, to a
new video, or present the viewer with a different view of the same event,
for example. For these services, it is critical that the user does not have to
wait to start playing after transitions to different story lines, new videos,
or alternative views. Such seamless transitions are very important for both
user engagement and satisfaction.

Interactive streaming applications have only recently began to emerge
but have generated significant interest from mass media and the user com-
munities. For example, websites such as Eko6, and others similar to it, allow
users to create interactive storylines using a web-based editor. Here, certain
objects of a base video can be annotated with clickable interfaces, allowing
the viewer to click on these objects while watching the video. These and
other forms of user input can then be used to personalize the plot sequence
to the users liking during playback. Interactive videos based on annotations
are also common in several YouTube channels, where the viewer can click on
an annotation to go to a different video. However, in the case of YouTube
this process is not seamless as the webpage has to reload and start playback
of a new video. Similar extensions can also be derived using virtual-reality
headsets such as the Google Cardboard7 or the Oculus Rift8. Here, the
user may only be shown a portion of the viewable content, but the user can
open up or explore new content by simply moving their head, looking at an
object, or by interacting with a controller.

1.1 Motivation and problem description

Much increased residential bandwidths and cheap storage for content repli-
cation have enabled today’s landscape of high-quality on-demand and live
video streaming services, and further network improvements are expected
to enable yet new streaming services, including various interactive services.

6https://helloeko.com/stories/, formerly https://interlude.fm/
7https://www.google.com/get/cardboard/
8https://www.oculus.com/en-us/rift/

3



Chapter 1. Introduction

While several methods have been explored to deliver video streams over the
Internet, today, HTTP-based Adaptive Streaming (HAS)9 is by far the most
popular. This family of streaming protocols utilizes the HyperText Transfer
Protocol (HTTP) as the application level protocol. At a high level, HAS
breaks the video into smaller chunks, each of which are encoded at multiple
different bitrates. Using quality adaptive algorithms, each client then tries
to determine the best possible encoding rate to download every chunk, so as
to stream the video at a high quality without depleting the buffer (resulting
in playback stalls) during playback. The clients also try to start playback of
a video (startup delay) as soon as possible and try to avoid switching back
and forth between quality levels too often. Analogous to the web, HAS is
client-driven and takes advantage of components developed and deployed
for the web. HAS content can easily be replicated, stored and delivered by
caches and off-the-shelf HTTP servers, without the need for any specialized
or proprietary software.

Today, all popular commercial streaming services use HAS. The increas-
ingly common trend of television viewers resorting to on-demand, IP-based
services for their entertainment is expected to continue changing the traf-
fic patterns on the Internet. Predictions by Cisco [4] suggest that more
and more Internet traffic will originate from CDNs and that the global IP
video traffic will account for 80% of all IP traffic on the Internet. As HAS
continues to consolidate its dominance as the main streaming technology,
it is therefore important that both the current and the next generation of
streaming services are scalable and efficient over HAS. Content caching and
CDNs provide valuable tools here. However, while CDNs and content caches
are easy to implement with HAS-based content, their impact on streaming
performance is relatively unexplored.

The HAS content delivery chain consists of many parts (e.g., proxy
caches, CDNs) that were originally developed for web traffic. While repur-
posing existing infrastructure and protocols helps reduce costs, HAS work-
loads differ significantly when compared to traditional web traffic. For ex-
ample, HAS streams typically download much larger data volumes. Further-
more, the use of sequential downloading combined with quality adaptation
makes HAS’ download patterns substantially different than those observed
for regular web users.

With many HAS-based services being delivered as over-the-top video, in
which a streaming content provider offers video streaming service directly to
a consumer and the video data (often encrypted) only transits the cable or
Internet Service Provider (ISP) networks, the optimizations that can be done
by an ISP or network operator have largely been neglected. To do such opti-
mizations, the operator needs to have detailed information about the clients

9We will use the acronym HAS to refer to all HTTP-based Adaptive Streaming (HAS)
solutions, including proprietary players such as YouTube, Netflix, Amazon Prime, etc.,
and new standards such as Dynamic Adaptive Streaming over HTTP (DASH) [3]. A
detailed description of HAS is provided in Section 2.2.
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1.1. Motivation and problem description

and how the operator’s actions can affect HAS clients and their policies.
Naturally, as in any large-scale distributed system, information sharing and
identification of actionable information can have a significant impact on the
performance of the entire system. In the context of a network operator, by
actionable information, we mean observations and measurements that can
be used to take concrete actions to improve client performance. For exam-
ple, if clients share their buffer sizes with network elements, or if techniques
can be developed to identify characteristics of clients having low buffer sizes,
this information can be used by the network to allocate additional resources
or to take actions to help clients from experiencing playback stalls.

The ever changing landscape of Internet-based services has recently tran-
sitioned into yet a new phase, where personalized on-demand services are
replacing the traditional broadcast-based entertainment services. As this
significant change in the industry develops and matures, we will see many
new services that require new delivery and download solutions to be de-
veloped. In the context of these next-generation services, there are many
interesting and important research questions pertaining to problems related
to content organization, optimized client-side implementations, efficient con-
tent delivery, and content caching that remain largely unexplored.

This thesis contributes towards addressing the following research ques-
tions in the areas of content delivery for (i) regular/linear HAS videos and
(ii) interactive streaming services over HAS.

1. HAS has gained significant adoption by leveraging the architecture
and protocols developed for the web, including content-caching and
client-driven download semantics facilitating on-demand and live ser-
vices. Despite these advantages, the interaction between HAS clients
and network elements such as proxy caches are not well understood.
Furthermore, HAS-aware caching and collaborative policies have not
been explored in much detail. This thesis addresses open questions
regarding how HAS clients and proxy caches interact, and designs and
evaluates content-aware and collaborative caching techniques in the
context of HAS.

2. Playback stalls and startup delays are important factors in determining
user satisfaction with streaming services. Today’s viewers are generally
impatient and are known to switch between different movies or chan-
nels within a few minutes of viewing. With every new movie that is
played, there is an associated startup delay. This thesis provides novel
prefetching strategies for HAS clients that can significantly decrease
the startup times of recommended videos without any degradation
to the user satisfaction (playback quality and stalls) of the currently
played video.

3. Although network operators provide the last-hop of connectivity, they
do not have the tools or feedback mechanisms to understand how well
HAS clients are performing within their network. Providing tools that

5



Chapter 1. Introduction

enable operators to do so can help in dynamic resource allocation
and mitigating network-related issues that might impede viewer QoE.
This thesis provides a framework that can be used to effectively esti-
mate HAS clients’ buffer conditions by only observing the encrypted
network-level traffic (or traces thereof).

4. Interactive branched streaming10 allows users to select their own plot
sequences through a video. Enabling the next generation of interactive
services are important to realize several of the aforementioned growth
projections. HAS is well suited for interactive streaming owing to
the client-driven semantics, quality adaptation, and the way in which
HAS videos are organized. This thesis presents the first exploration
of quality adaptive interactive services over HAS and addresses some
of the most important prefetching related questions and challenges in
the area of interactive branched streaming.

5. Multi-video stream bundles is another class of interactive streaming
application. Stream bundles offer the possibility of switching between
different camera views of a stage or an event during playback. This
thesis provides the first HAS-based multi-video stream bundle solution
that allows clients’ to switch between alternative streams seamlessly
and use an optimization formulation to evaluate prefetching tradeoffs
for such bundles.

This thesis addresses open questions in the aforementioned areas. In
general, our research methodology relies on thorough evaluation and char-
acterization of both existing and our proposed solutions through system im-
plementations and real-world experiments. Whenever possible, our source
codes have also been released for use by the research community.

1.2 Contributions

The main contributions of this thesis are in the area of efficient and adaptive
techniques to deliver on-demand videos. We contribute towards improving
the state-of-the-art of regular/linear video streaming over HAS, and inter-
active streaming over HAS. In general, we propose techniques to improve
content delivery from the point-of-view of both the client and the network.
In the following, we list the major contributions made in this thesis.

1. Performance study of the impact that web proxy caches have
on HAS clients. Propose and evaluate HAS-aware and col-
laborative policies for proxy caches.

(a) Although HAS clients benefits from caches, the interaction be-
tween HAS clients and proxy caches is relatively unexplored and

10Traditionally, such services have been referred to as nonlinear media.
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requires deeper investigation. We present a detailed evaluation
under a wide range of network conditions and scenarios.

(b) We propose content-aware proxy caches that keeps track of a
HAS clients’ progress through a video, and prefetches chunks at
the quality that is most likely to be requested by the client.

(c) In addition to content-aware policies, we also design collaborative
policies where a HAS client and the proxy share information, such
as the current buffer occupancy and chunks available in the cache,
respectively. With the help of this additional information, both
the client and the proxy can make informed decisions on which
chunks to download and their respective qualities.

2. Bandwidth-aware prefetching of recommended videos to pro-
vide instantaneous startup. Design, implementation, and
evaluation of different prefetching policy classes.

(a) We propose client-based prefetching strategies that prefetch con-
tent from alternative videos during playback. By doing so, startup
delays for alternative videos can be drastically reduced, while si-
multaneously helping the playback of the currently played video.

(b) We design and implement a prefetching framework that we use
to evaluate and compare different classes of prefetching policies,
that differ in how aggressive or opportunistic they are.

(c) By carefully controlling the time at which alternative videos are
prefetched, we show that the currently played video can benefit
from a larger throughput than it might have experienced without
prefetching of alternative videos.

3. Network-based detection of client buffer conditions. Design,
implementation and evaluation of a network-based buffer clas-
sifier that works with unencrypted and encrypted HAS flows.

(a) We propose framework called BUFFEST, that consists of an
event-based buffer emulator that facilitates detailed emulation
of clients’ buffer conditions, an automated training module that
trains online classifiers based on the emulated clients, and online
classification of streaming sessions that use HTTPS using the
trained models.

(b) The buffer emulator uses a man-in-the-middle approach to ob-
tain access to HTTP payload information for HTTPS sessions.
Although not scalable for real-time analysis, the buffer emulator
can be used for detailed investigation of playback sessions and
for training of more efficient packet-level classifiers. The buffer
emulator is intended to be used with a subset of test streaming
sessions over HTTPS.

7
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(c) We then propose machine learning classifiers that make use of the
data obtained from the emulator to tag HTTPS packets. These
classifiers can then work on real-time production traffic with ac-
cess to only HTTPS packet headers and can classify client buffer
conditions accurately.

4. Design of an optimization framework for interactive branched
video over HAS. Propose and evaluate classes of prefetching
policies to provide stall free and optimized playback.

(a) We propose interactive branched video streaming over HAS and
formalize clients’ requirements to be able to stream branched
videos without experiencing playback interruptions, regardless of
how late the user makes the branch choice.

(b) We present the design and evaluation of an optimization frame-
work that allows interactive branched video playback over exist-
ing HAS infrastructure with modifications only to the client-side
player.

(c) We also present the design, implementation, and evaluation of
prefetching and buffer management policies, which are developed
based on our optimization framework that ensure seamless play-
back and transitions to new branches.

5. Design of an optimization framework to determine optimized
prefetching strategies for multi-view stream bundles over HAS.
Evaluation of prefetching strategies for multi-video stream
bundle through a prototype implementation.

(a) We propose multi-video stream bundles over HAS and formalize
clients’ requirements to be able to stream without experiencing
playback interruptions when switching within the stream bundle.

(b) We present an optimization model and present both analytic
and numeric insights into the characteristics of the optimized
prefetching policies for alternative streams.

(c) Finally, we also present detailed results based on a proof-of-
concept implementation of an multi-video stream bundle player
where we show that our prefetching and buffer management so-
lution can provide close to seamless playback when there is suffi-
cient bandwidth to prefetch parallel streams.

1.3 Thesis outline

This thesis is organized around the main contributions as outlined in Chap-
ter 1.2. To familiarize the reader, background and related works are pre-
sented in Chapter 2. Chapter 3 discusses the contributions of the different
papers in this in thesis, followed by summary and conclusions in Chapter 4.
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The research questions addressed in this thesis can broadly be catego-
rized into two main areas. Papers I, II, and III make contributions in the area
of content delivery for regular/linear videos. Paper I presents the evaluation
and characterization of HAS clients in the presence of proxy caches and the
design and evaluation of various proxy-assisted streaming techniques. Pa-
per II presents our contributions in the area of bandwidth-aware prefetching
of recommended videos to provide instantaneous startup. Paper III show-
cases the network-based framework for detection of client buffer conditions.

Papers IV, V, and VI make contributions in the area of interactive
streaming services over HAS. In Paper IV, we present the motivation and
design issues posed by interactive branched video streaming, followed by
a discussion and evaluation of a simple prototype implementation of an
HTTP-based interactive branched video player. Paper V presents a detailed
formulation, implementation, and evaluation of the prefetching strategies
and solutions required for interactive branched streaming over HAS. Fi-
nally, Paper VI presents an optimization framework based on the concept
of multi-video stream bundles over HAS, followed by the proof-of-concept
implementation and evaluation.
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Chapter 2

Background and related
work

2.1 Historical perspective of video streaming

When the first commercial streaming services emerged, the networks had
comparatively larger Round-Trip Times (RTT) [5] and provided lower data
rates1 than what we see today. These limitations significantly impacted the
design choices regarding the transport protocol.

Most of the video streaming services at the time were designed using User
Datagram Protocol (UDP), rather than with Transmission Control Protocol
(TCP). The choice to use UDP was typically motivated by the ability of the
sender to transmit at the playback rate. However, UDP offers no guarantees
of packet delivery, ordering, or error-correction. In contrast to UDP, TCP
offers reliable connection-oriented services with congestion and flow con-
trol, but does not allow the sender to control the send rate, since the rate at
which packets are delivered depend on the congestion and flow control mech-
anisms. While UDP can provide timely delivery of packets, the streaming
services had to add functionality to overcome missing and out-of-order pack-
ets. To allow the player to recover from such situations without additional
retransmissions, different error control and concealment techniques [6], for-
ward error correction [7], and other schemes to mask imperfections were
used. Such techniques were typically used with early streaming protocols
such as Microsoft Media Server (MMS)2, the Real Time Messaging Protocol
(RTMP) [8], and the Real Time Protocol (RTP) [9] and its associated suite
(Real Time Control Protocol (RTCP) and Real Time Streaming Protocol
(RTSP) [10]) to mention a few.

1http://xahlee.info/comp/bandwidth.html
2https://en.wikipedia.org/wiki/Microsoft Media Server
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2.1.1 Video streaming over the web

The use of proprietary or UDP-based protocols had major limitations for
streaming. Perhaps the biggest among these was that traffic over externally
initiated UDP or non-standardized protocols are often blocked by firewalls
and Network Address Translators (NATs), due to security concerns with
connectionless services using UDP and due to risks posed by unknown pro-
tocols. Furthermore, several protocols at the time required the servers to
track the client state continually, requiring dedicated infrastructure, and in-
telligence at the server-side as well. These limitations together with faster in-
ternet speeds (that allowed client buffers to be filled quickly), slowly started
to outweigh the benefits of using UDP-like protocols.

The WWW has grown tremendously in the last decade3. Network op-
erators and content providers developed and deployed technologies such as
CDNs and caches to scale up to increasingly larger user bases. Several of
the largest websites and other major companies have built CDNs, consisting
of vast interconnected server networks linked via Internet eXchange Points
(IXP) which can be used to deliver content globally. Also, a multitude of
web caches have been deployed, which store a copy of webpages that are de-
livered via them. These local copies, allow for significant reduction in fetch
times of future requests for the same webpages. Both CDNs and caches were
developed specifically for web-based traffic.

The WWW uses the Hypertext Transfer Protocol (HTTP) as its ap-
plication layer protocol and the TCP protocol to ensure that all bytes of
a webpage are (eventually) delivered. The development and deployment
of CDNs and proxy caches significantly reduced the cost incurred by the
content provider and the network operator in delivering data to end users.

Incremental improvements to access speeds [11], [12] and round-trip
times [5] over the years have made streaming over TCP a feasible alternative.
Furthermore, as client-side computational power and storage capacity im-
proved, the clients could use a larger buffer to accommodate for short-term
fluctuations in the network bandwidth. The comparatively larger buffer also
provides additional time for TCP’s error correction and recovery protocols to
recover packets in time for playback [13]. These developments, in addition to
improvements in delivering web content through CDNs, large deployments
of proxy caches at the network’s edge, and NAT/firewalls not blocking client-
driven TCP traffic lead to the adoption of streaming over HTTP [14]. In
contrast to the earlier streaming protocols, HTTP and therefore streaming
over HTTP is entirely client driven. This significantly reduces the complex-
ity required at the server-side, helps the entire system to scale better; e.g.,
by making use of CDNs and proxy caches and even allows the possibility
to download streams from multiple servers in parallel. Finally, deployment
and licensing costs of HTTP servers are much lower when compared to de-
ployment of proprietary servers.

3http://www.internetworldstats.com/emarketing.htm
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2.1.2 Non-adaptive and quality adaptive streaming

Several techniques have been explored previously to efficiently distribute
multimedia content. Many of the first scalable solutions were based on
multicast and broadcast domains [15], [16], [17], [18]. These methods provide
much better server-side scalability than unicast solutions, by only requiring
a single multicast stream to reach many users. With IP-based multicast, the
distribution trees are dynamically built using management protocols such
as the Internet Group Management Protocol (IGMP), where a client or set-
top-box wishing to connect to a certain broadcast connects to a router and
subscribes to a distribution tree. This architecture requires the network core
to maintain state, and wide-area deployment has been limited.

Scalable Video Coding (SVC), an extension to the H.264 Advanced Video
Codec was envisioned as an adaptive scalable video delivery codec [19]. SVC
supports adaptive screen sizes (spatial resolution), adaptive frame rates
(temporal resolution), and bit rates (quality resolution). This makes it
possible to adapt content based on different modalities where the spatial,
temporal, or quality resolution might be adapted on the fly in real-time
applications [20]. SVC requires only one video encoding for several adap-
tation profiles. Video streams in SVC can be split into a base layer and
several adaptation layers. For example, in the multicast context, the viewer
can subscribe to multiple multicast trees, based on their available band-
width. The client can receive these layers in a best-effort manner and re-
construct content on the fly to adaptively present the video. However, the
process of generating several adaptation layers involves a significant coding
penalty [21], limiting their practical use.

Before today’s rate adaptive HAS protocols, several rate adaptation
mechanisms have been proposed. Some of these were client-driven and oth-
ers were server-driven. The server-driven mechanisms typically relied on
feedback messages (conveying application layer metrics [22] or transport-
layer information [23], [9] about bandwidth, buffer occupancy and other
parameters of interest [24]) from the clients. In general, server-driven rate
adaptation mechanisms have the disadvantage that the control loop always
lags behind the network condition by a factor of at least one RTT. The delay
might increase substantially in cases where there are severe network conges-
tion or packet losses. In addition, these mechanisms also require the server
to maintain state information for every active client, thereby occupying more
server resources.

Similar to the SVC example mentioned before, several client-controlled
adaptive multicast protocols have been explored, in which the clients sub-
scribe to one or more multicast groups [25]. To adapt to the current condi-
tions, these protocols typically add or remove enhancement layers to a video
based on the relation between the consumption rate and the available band-
width [26] or just adapting the number of layers that the client is currently
subscribing to [27].

13



Chapter 2. Background and related work

Currently, the most commonly used format for video content is H.264/AVC,
where AVC stands for Advanced Video Coding, that is downloaded over
HTTP. H.264/AVC does not use multiple adaptation layers, but rather a
single video stream that the client needs to download completely for play-
back. HTTP is a pull-based protocol, where the process of streaming a
video over HAS is dictated by the clients’ request. HAS videos are split into
smaller pieces called chunks, which are quality adaptively downloaded by
the clients. Hence a large significance is placed on the client-side algorithms
that are used to perform quality adaptation. We describe the process of
streaming over HTTP in more detail in the following section.

2.2 HTTP-based streaming

With HTTP, clients typically connect to port 80 on a server. Having es-
tablished a TCP connection, clients then request or transfer data from/to
the server using standard HTTP methods such as GET (used to retrieve
content) and POST (to upload data to the server).

2.2.1 Progressive downloading

The first generation of HTTP-based streaming players requested the entire
video using a single GET request. However, videos of even a few seconds in
duration are considerably larger than an average webpage and the embedded
images and animations that HTTP originally was designed to transfer. To
avoid having to wait for the download to complete, clients therefore typically
began playback before completing the download. This technique is referred
to as progressive download.

Although progressive download works well for short video clips, and when
the viewer watches from the beginning of a video to its end, there are sev-
eral issues when taking into account a typical user’s behavior. For example,
studies have shown that users seldom watch videos from start to end [28].
In fact, viewers often navigate to parts of the video which they consider
interesting. Under such use cases, a client which progressively downloads
a video stream would have to wait for a long time if the viewer decides to
seek towards the end of the video as soon as playback commences. An-
other common use case is that viewers watch the beginning of several videos
before settling down to watch a video completely [29]. In cases where a
viewer decides to abandon watching a particular video, there is no benefit
to download data which lies a few seconds beyond the current playpoint.
In both the aforementioned cases, a large portion of the downloaded data
might not have been used for playback. This leads to wasted bandwidth
and resources at both the client and the server side, potentially forcing the
content provider to deploy additional server replicas to meet the bandwidth
demands.
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2.2.2 Segmented downloading

To overcome the apparent shortcomings of progressive download video streams,
commercial solutions use either a chunk-based or range-request-based sys-
tem. Both these systems are quite similar, but differ slightly in the way in
which the video is represented and requested from the server.

Figure 2.1. Generating chunks from a base video

A chunk-based system divides a base video into smaller pieces called
chunks, as shown in Figure 2.1. Successive chunks are continuations of the
original video byte stream, with chunk boundaries based on the playtime
of each chunk, rather than volume. Typical chunk durations observed in
the real-world are between 2-10 seconds long. These values vary between
different services and even between two videos in some services. Once the
chunked video is generated, each chunk is assigned a unique Uniform Re-
source Locator (URL). Generally, the assigned URLs are based on the URL
which identifies the video, and a number is typically added as a suffix to
indicate the relative chunk position within the stream.

In contrast to a chunk-based system, a range-request based system does
not partition the byte stream into chunks, but instead, relies on HTTP
range-requests. HTTP range-requests require that the server accepts such
requests, which is published via the accept-ranges response header. With
such requests, the client can independently request any sequence of bytes in
the requested object by using a start and an end byte value.

Video chunks or range-requests are generally generated in a way such
that the beginning of each chunk or range request aligns with an I-frame.
Here, I-frame stands for Intra-coded frame. These frames are fully specified;
i.e., the decoder can reconstruct this frame on the screen without any ad-
ditional information. Since I-frames contain all information about a scene
without dependencies to earlier or later frames, they are considerably larger
compared to P-frames (Predicted frame) and B-frames (Bi-predictive frame)
which can refer to frames before and after it.
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In contrast to progressive downloads, both the chunk-based and range-
request-based systems require the client to have some additional information
about the video. In a chunk-based system, the client must at least know
the chunk length, the number of chunks that are available, and the naming
convention used for that video. Similarly, a range-request-based client must
know the first and the last byte of a video stream, the mapping between play
times and bytes in the video, and that the protocol stack supports HTTP
range-requests, otherwise known as byte serving. With these systems, a
manifest file, also called as the Media Presentation Description (MPD), is
used to send bootstrap information to the client. In general, the data con-
tained in the manifest can be used to map a certain playtime of the video to
a specific chunk or a byte-range. Whenever playback of a video is initiated,
the MPD file is sent to the client along with player binaries and other objects
that are necessary to bootstrap the client. There might also be additional
configuration information about the adaptation logic and codec related in-
formation in the file. Once the MPD has been parsed, the client is expected
to act according to the conventions of the service and start downloading the
video for playback.

Using chunks or range-requests overcomes the aforementioned drawbacks
of progressive downloads. When a viewer decides to seek to a new playback
point, the player can now request for a chunk or a range of bytes that
corresponds to the play-time requested by the viewer. This eliminates the
unnecessary downloading of data between the current playpoint and the new
playpoint. With chunk and range-request-based players, maximum buffer
sizes can now be controlled, as the request for each chunk or byte-range can
be used to control how much future data is available in the buffer.

To exemplify the operation of such protocols, let us now describe a chunk-
based player and its operation. First, we let the maximum buffer size (T buf

max)
be defined as the maximum number of seconds of video that the client can
locally store in its buffer. Once T buf

max is reached, the player can be instructed
to not request future chunks. By using another threshold, called minimum
buffer size (T buf

min), which corresponds to the minimum value that the buffer
should ever reach during normal operation, the buffer can be allowed to drop
until T buf

min is reached. Once this threshold is reached, new requests are sent
again until T buf

max is reached. Using this simple technique, buffer sizes can
be regulated to always remain between these two thresholds. The size and
difference between these two values must be carefully considered to allow
for stall free playback, with minimal bandwidth and resource wastage.

Controlling the amount of data available in the buffer through thresholds,
results in two distinct phases of operation being observed in steady-state.
Whenever the buffer occupancy equals or exceeds T buf

max, the client does not

place any requests until the buffer occupancy drops to T buf
min. Since T buf

max and

T buf
min are actually set in terms of play-time (seconds) the player remains in

this state for the duration given by (T buf
max−T

buf
min). Similarly, the client would

download chunks whenever the buffer has fallen below T buf
min and has not yet
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Figure 2.2. Typical download pattern of HTTP-based players

reached T buf
max. In popular literature, these two states are often called the

off and on states, respectively. Figure 2.2 shows a diagrammatic example
illustrating these two states, the associated buffer occupancy, as well as the
per-chunk download and playback details for a chunk-based system.

2.2.3 HTTP-based adaptive streaming

HTTP-based Adaptive Streaming (HAS) is currently the most widely
used standard to deliver video streams over HTTP. HAS is very similar to
the chunk and range-based streaming over HTTP. However, in addition to
on/off pacing (to control the buffers) and the use of chunk/range-requests,
a HAS stream has multiple encodings of the same video available on the
server. Furthermore, the client adaptively switches between different quali-
ties of the video (and audio) chunks (from the set of qualities available) as
it is progressing from one chunk to the next, so as to adapt to the current
bandwidth and buffer conditions. Figure 2.3 shows a representation of mul-
tiple encoding rates of a base-video organized into chunks whose boundaries
align perfectly.

Some HTTP-based players allow the clients to manually chose an encod-
ing based on their expected needs. This is not truly adaptive streaming. In
true HAS videos, the chunks are synchronized across encoding-rates (e.g.,
as shows in Figure 2.3) so that, the start and end time of chunks are exactly
the same across all available encoding-rates the video is available at. This
allows the client to run rate-estimation and quality adaptation algorithms
to determine the best quality at which the next chunk should be requested.
The qualities are selected in such a way that the clients are expected to
achieve high playback quality, while avoiding playback stalls.
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Figure 2.3. Multiple chunk encoding-rates in a HAS video

Quality Adaptation (QA) algorithms are used in HAS to determine the
quality at which the next chunk is downloaded. Since chunk boundaries are
aligned across all encodings of the video, the client, if necessary, can chose
to playback chunks at any quality, irrespective of previous quality choices.
To estimate the network throughput, HAS players typically track the time
at which each request is sent to the server (Trequest), the time at which the
chunk was completely received (Tresponse) and the size (S) of the chunk or
range-request. Using this information, the client can calculate the average
download rate of this chunk as S/(Tresponse − Trequest). Based on simple
throughput-based metrics, such as the one described, QA algorithms can
adapt the quality of the next chunk such that it is likely to be downloaded
before its playback deadline. Whenever the observed download rate suggests
that downloading chunks at the current encoding rate would lead to playback
deadline violations, chunk requests can be made at lower encoding rates to
avoid playback stalls. Similarly, the encoding rates can be appropriately
increased in cases when the observed download rate suggests the opposite.
In fact, similar to non-adaptive HTTP-based streaming, an additional buffer
Tmin is typically maintained to avoid stalls.

The rate-estimation and quality adaptation procedure discussed above is
very simplistic. It is well known that network throughput during a playback
session can vary drastically over both short and long time durations (e.g.,
due to competing traffic, TCP dynamics, and dropped packets). Through-
put variations can be especially pronounced in the case of wireless access
techniques such as Long-Term Evolution (LTE) and WiFi, where additional
factors such as mobility, interference, and environmental factors can neg-
atively impact the throughput. Therefore, rate-estimation based on the
observed download rate of a single chunk can be an unreliable predictor of
future throughput. In practice, the expected download rate is instead often
extrapolated either based on a rolling window or a weighted average of sev-
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eral previous chunk downloads. For example, an Exponentially Weighted
Moving Average (EWMA) to calculate the estimated available bandwidth
as BWi = (1−α) ⋅BWi−1 +α ⋅ (S/(Tresponse −Trequest)), where BWi−1 is the
estimated bandwidth during the previous iteration of the weighted average
calculations, and the weight α determines the weight given to the newly ob-
served download rate. The Open-Source Media Framework’s (OSMF) HAS
player uses the above described EWMA to estimate the available bandwidth.

2.2.4 Quality adaptation in HAS

A good estimate of the available bandwidth is important for effective qual-
ity adaptation. Design of QA algorithms has garnered significant attention
from the industry and the research community. At a high-level, the par-
tially conflicting goals of QA algorithms are to ensure that the clients do
not experience any playback stalls, start playback quickly, do not fluctuate
between quality levels too often (with competing clients and varying network
throughput), and the video is played at as high a quality as possible.

Most QA algorithms in practice use a bandwidth-based approach (as
described above). These approaches make use of segment or chunk fetch
times [30] and calculate smoothed averages over a history of chunk fetch
times, which is used as a predictor of the future bandwidth. In addition to
robust measurements, prior works have also proposed randomizing chunk
download times [31] to remove periodicity in HAS clients, and probing the
network from time-to-time to proactively identify the available bandwidth,
rather than reacting to change in bandwidth [32].

As alternatives to the bandwidth-based approach, buffer-based approaches
to QA have also been proposed. These algorithms [33], [34], typically do not
use the measured bitrate to determine chunk qualities, but use the buffer
occupancy and the change in buffer size to determine the quality of the
next chunk. Whenever the buffer is sufficiently high, clients might request
a large encoding rate, while with small buffer sizes, lower qualities are cho-
sen to quickly increase the buffer. These algorithms are gaining adoption
with commercial streaming players; for e.g,. Netflix and dash.js both use a
buffer-based algorithm to perform QA.

This thesis largely presents HAS clients in terms of chunk-based players.
With chunk-based HAS, every encoding of the video is split into smaller
pieces that are identifiable by a unique URL. However, range-request based
HAS clients are also prevalently used. Naturally, the manifest files used
by these clients contain different bootstrap information. Although chunk-
based and range-request based clients use similar QA algorithms and are
considered equivalent, one inherent benefit with range-request based clients
is that these clients can request for different ranges of bytes in their requests
(where a single request can download either multiple or parts of chunks),
however, this can affect the effectiveness of caches if they cannot parse the
requested URL and the response.
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QA algorithms are also responsible for a HAS clients’ startup behavior.
Most HAS players start playback of a video only after the buffer exceeds a
certain threshold. As it is preferred to keep startup delays to a minimum, the
threshold to start playback is generally kept as low as possible. However, by
choosing too small a value for this parameter increases the chance that the
client might encounter stalls immediately after playback has began. Given
that stalls during the beginning of playback sessions are much more likely
to lead to abandonment, the value has to be carefully chosen such that the
startup delay is as small as possible, while at the same time ensuring stall
free playback.

In most commercial players, the QA and the measurement algorithms
are constantly fine-tuned during run-time. Several players use a smaller
T buf
max when the measured network conditions are poor. By doing so, the

player avoids downloading too many chunks at low encoding rates in low-
bandwidth situations. Similarly, the OSMF player keeps track of the history
of playback stalls, which conservatively factors down the chosen encoding
rate for the next chunk. Other metrics that are used by commercial players
include the number of dropped frames (can indicate that the CPU or GPU is
unable to decode video frames), screen size, aspect ratio, state of the player
(full screen vs minimized), platform (App vs browser vs TV), etc.

The most common HAS clients of today are Apple’s HTTP Live Stream-
ing (HLS)4, Microsoft’s Smooth Streaming (MSS)5, Adobe’s HTTP Dy-
namic Streaming (HDS)6, DASH implementation for VLC [35], the DASH
industry forum’s dash.js7 and ExoPlayer8. Among these Adobe HDS, VLC
DASH, ExoPlayer and dash.js are open source implementations, while the
others are proprietary. HAS is specified as multiple standards in the Motion
Picture Experts Group- Dynamic Adaptive Streaming over HTTP (MPEG-
DASH) [3] specifications and in the 3rd Generation Partnership Project
(3GPP) [36]. These standards are loosely based on several commercial im-
plementations that are detailed above.

2.2.5 Standardization and protocol trends

The Internet Engineering Task Force (IETF) has recently released the HTTP
2.0 specifications [37], largely based on SPDY [38], which is intended to
provide improvements to the WWW in general. However, HTTP 2.0 has
several additional features over HTTP 1.1, including stream termination,
server push, response multiplexing, and other features that can be benefi-
cial in HAS scenarios. For example, the server push feature can be used to
push chunks to the client that are most likely to be requested next, without
having to wait for a request from the client, while stream termination can be

4https://en.wikipedia.org/wiki/QuickTime
5http://www.iis.net/downloads/microsoft/smooth-streaming
6http://www.adobe.com/products/hds-dynamic-streaming.html
7https://github.com/Dash-Industry-Forum/dash.js/wiki
8https://github.com/google/ExoPlayer
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used to close or terminate a request at a high encoding rate when the client
determines that encoding rate to be unsustainable [39]. In addition to new
application layer protocols, improvements to the transport layer have also
been sought. For example, QUIC (Quick UDP Internet Connections) [40],
is a UDP-based protocol that has been designed to provide features such as
congestion control (implemented at the application layer), connection ori-
ented semantics, multiplexing with reduced latency, and includes integrated
security features and pluggable congestion control algorithms. Furthermore,
both QUIC and HTTP 2.0 are designed for interoperability between one an-
other. Finally, we note that TCP friendliness and improved loading times
of QUIC have also been documented [41].

The growing trend of streaming video replacing broadcast television at
households and increased mobile adoption is continually placing greater de-
mand on the content delivery infrastructures. Although several aspects of
delivery networks are over provisioned, the sheer scale and volume of traffic
makes it increasingly difficult to design and improve the current state-of-
the-art. Large-scale measurements have shown that more than 20% of all
streaming sessions have re-buffering ratios greater than 10%, and that over
14% of the sessions have a startup delay of more than 10 seconds [42]. Evalu-
ation of today’s QA algorithms have identified potential improvements that
could be implemented in the client-side as well [43].

2.2.6 Live streaming

HAS is also used to perform live streaming. Compared to traditional live
or broadcast television, where the video is pushed to the client, live stream-
ing over HAS relies on the client “pulling” the content from the server.
Although HTTP 2.0 supports features such as server push, we detail the
current practice of live streaming over (pull-based) HTTP.

At a high level, live streaming over HAS is very similar to on-demand
streaming [44], where the client initially downloads a MPD file, parses it,
and initiates playback by requesting chunks one after another. Under a live
scenario, any new client must be able to decipher the ‘live’ chunk, i.e, the
chunk which must be downloaded to start playing the live stream from an
MPD file. This is achieved by continually updating the MPD file. Clients
might also have to refresh their MPD files at times when some parameters
of the stream change. Chunks are generally numbered incrementally; thus,
the client can also rewind to an earlier point in time. A client side buffer is
used to guard against download jitter and throughput variations. Clients are
staggered with relation to the actual live stream based on their buffer sizes
and the download follows an on-off download pattern. In addition to the
fairness and stability issues faced by on-demand clients, it has been shown
that under live streaming over HAS, multiple clients can easily become syn-
chronized, thereby leading to resource utilization issues [45]. Solutions to
tackle such problems include randomly distributing requests over time.
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2.3 Factors affecting HAS performance

In this section, we discuss the most common network-related and user-
related factors that might affect HAS performance.

2.3.1 Access networks and characteristics

Wired access networks: The most reliable and common way to access In-
ternet services has long been over wired networks, with recent statistics sug-
gesting that wired networks still contribute to the majority of the IP traffic
(51%) [12]. The most common wired accesses at home and office networks is
through the Ethernet standard specified by IEEE 802.3. Recent iterations of
the 802.3 standard provide theoretical access speeds of 100 Gigabit/s (IEEE
802.3ba-2010) over optical and electrical cables. When compared to most
other residential and commercial access technologies, Ethernet provides the
most stable operating characteristics. Transmissions over such networks
typically guarantee Bit Error Rates (BER) of 10−12 or lower [46].

Ignoring packet drops due to congestion, the guaranteed BER of less
than 10−12 corresponds to negligible packet loss rates. In the absence of
persistent congestion in such networks, the higher layers can expect con-
sistently stable download performances. Perhaps the biggest advantage of
accessing content over a closed medium like Ethernet is the absence of com-
petition/interference from other sources that are not within the system. In
the context of HAS, this helps provide stable, high-quality playback.

Wireless access networks, WiFi: Wireless Fidelity (WiFi) is a radio
access technology specified in the IEEE 802.11 family of standards operating
in the 2.4 GHz and the 5 GHz bands. Some of the most recent amendments
to the standard have speeds ranging from 400 Mbit/s to several Gbits/s [47].
As of 2016, there were 94 million public WiFi hotspots worldwide and by
2021, it is expected to be 514.6 million public hotspots [12]. WiFi-based
traffic already corresponds to 41% of the overall IP traffic globally, and
wireless accesses (WiFi and mobile) are expected to grow beyond wired
accesses by 2021, reaching a projected share of 63% of the global IP traffic.

The frequency band used by WiFi falls in the Industrial, Scientific and
Medical (ISM) radio band, which is an internationally reserved, unlicensed
radio band for civilian use. Although cost reduction from using an unli-
censed frequency band has been a significant factor in increasing the adop-
tion of WiFi, this band is becoming increasingly crowded as there are mul-
tiple standards and technologies that operate in this band. For example,
Bluetooth, cordless phones, Near Field Communication (NFC), Microwave
ovens and several medical applications use this band in conjunction with
WiFi. In addition to interference, wireless transmissions have to cope with
signal attenuation and fading due to objects that might be present in the
environment. Although standards are developed to take into account the
presence of interfering sources, in general, the BER in wireless accesses like
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WiFi are expected to be at least an order of magnitude worse than wired
networks, and in reality, they could be up to several orders of magnitude
worse depending on the conditions.

Wireless access networks, LTE: In conjunction with WiFi, LTE and the
future iterations of cellular/mobile standard are expected to be the most
common way of accessing the Internet. LTE is specified as a standard by
the 3rd Generation Partnership Project (3GPP). In contrast to WiFi, LTE
uses licensed spectrums, which differs from country to country. While oper-
ating over a licensed spectrum has benefits in terms of resource allocation
and interference, deploying and updating infrastructure requires heavy cap-
ital and operational expenses. Compared to WiFi, LTE operates over much
larger wireless distances. Owing to the large expenses incurred by LTE op-
erators, in general, users are limited to a certain volume of download and
upload data per month. Presently, for a large majority of global subscribers,
the monthly data-limits are too restrictive to stream high-quality content
consistently. However, the projected increase in mobile adoption is expected
to bring down the associated costs. Recently, there have also been multiple
proposals for LTE to operate under the 5 GHz ISM band [48], [49].

Round-trip times: The RTT is an important factor for a HAS clients’
performance. An RTT is defined as the time it takes from a packet being
sent until receiving an acknowledgement for the same packet. The steady-
state throughput of a TCP connection has been found to be approximately
proportional to the ratio of the window size (W) and the RTT [50]. While
this model ignores explicitly including the packet loss rate as a variable,
TCP window size in general, depends on how congested the network and
how many packets are generally lost due to other reasons.

Naturally, under most typical use cases, wired accesses would be expected
to have the lowest RTT and therefore potentially the largest throughput. In-
terestingly, the difference between WiFi and LTE has become much smaller
in the recent years, with LTE outperforming WiFi in certain cases [51] in
terms of RTT and throughput. Publications by prominent 3GPP partici-
pants such as Ericsson [52] suggest that future LTE networks would be able
to support extremely low latencies too.

Other factors: In addition to access technologies affecting RTT, server or
replica placement can have a significant impact on HAS clients. In general,
the most popular streaming services use a front-end server that might have
a national domain (for example .se or .in). These servers typically index
the catalog available for that region and present the content to the user.
Once the user decides to watch a specific video, the service then assigns
the user to one among several server replicas. The choice of how a CDN or
replica is chosen varies from service to service [53]. In general, the process
of identifying the right CDN node and the correct replica for every client
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can be challenging. In this regard, CDN-ISP collaboration to enable better
informed user-server assignment have been suggested [54], [55].

Popular services such as Netflix, who deploy their own CDNs, have
started placing custom-built caches and servers within an ISP’s network or
at Internet eXchange Points (IXP) [56]. Clients accessing streaming content
within provider networks that collaborate can now be assigned to the replica
server that is placed within the ISP network. Such agreements benefit the
clients, the ISP, and the streaming service.

2.3.2 Quality of Service (QoS) and Quality of Experi-
ence (QoE)

Ultimately, the end-users’ subjective perception of the video that is being
streamed determines the utility generated by the delivery chain. Therefore,
most of the costs incurred within the network must thus (indirectly) be
paid by the end-users. It is therefore important to understand the clients’
Quality of Experience (QoE). QoE is a subjective metric that captures the
degree of delight or annoyance of the user of an application or service9. QoE
can change from person to person for the same video, based on the user’s
personality and current state of mind. Furthermore, it has been argued that
identifying the right set of QoE metrics for a given service is hard and can
change based on several factors including user diversity [57].

Quality of Service (QoS) corresponds to the network level service guar-
antees that can be given to a client, while QoE is a measure of user-related
happiness/satisfaction due to network behavior and compliance with the
network-level guarantees [58]. HAS players can protect clients from short-
term network degradations (such as packet drops or losses) through the use
of a playback buffer (typically these buffers in the order of several seconds to
a few minutes in length). However, long-term outages or network through-
put degradations can still have a pronounced effect on HAS clients.

Several prior works have looked at measuring the QoE of streaming ses-
sions based on playback artifacts observed on clients; e.g., number of stalls,
stall time, quality switches, and startup delay. Irrespective of the viewer de-
vice or viewer, rebuffering events or playback stalls [28], [59], [60], [61], [62]
have the most significant impact on user satisfaction during streaming.
Other user activity related information can also be used to measure QoE,
including pausing the video, and manually reducing quality [63].

QoS is typically much easier to measure and control in a network. The
most common QoS metrics include latency, jitter, throughput, and packet
loss rates. These metrics are relatively more objective than QoE metrics.
However, video streaming services are becoming so pervasive that standard-
ization efforts by organizations like 3GPP, for example, are looking to collect
metrics from the clients for use by network elements to direct QoS adap-
tation so as to help in improve QoE [64]. In addition, several streaming

9http://www.qualinet.eu/
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analytics services have emerged, that use a third-party plugin service within
the player to collect information from streaming clients.

There are also several non-QoS related factors that might impact the
QoE. For example, due to the wide-spread adoption of mobile devices, con-
tent creators and streaming websites must also accommodate for devices
having different screen sizes (ranging from 9 to 200 cm) and aspect ratios
(e.g., 4:3, 3:2, 8:5, 5:3, 16:9). In cases where aspect ratios do not match, the
video player is forced to display black bands at the edges of the video, which
might decrease the portion of the screen where the video is being played,
and therefore negatively affect the QoE.

It is becoming common that services use different players (which in turn
might have different QA algorithms) based on the platform from which the
service is accessed. For example, within Android platforms, services are en-
couraged to use native frameworks such as the ExoPlayer10 while with Apple
devices, HTTP-Live Streaming (HLS)11 is recommended to build clients.
Similarly, several native and third-party frameworks also exist in the PC
market for all major platforms (e.g., Windows, Mac, Linux). In addition,
cross-platform solutions like HTML5-based playback are also gaining popu-
larity. These variations have to be accounted for by the streaming provider
to guarantee consistent performance across platforms.

Finally, differences in the billing models used by network providers can
affect clients’ streaming experiences. In most countries, wired Internet ac-
cesses are not metered or allow large enough volumes that the clients consis-
tently can attempt to stream videos at the highest possible quality. However,
with wireless accesses, such as LTE, users are often billed a base amount
for a certain monthly bandwidth budget and are charged more if they ex-
ceed the limits. This disparity means that mobile streaming clients have
to manage their quality choices in accordance with their data plans. This
has prompted several streaming services to limit streaming HD content on
mobile devices (that typically have smaller screens), with viewers having the
option to unlock HD encoding rates if they require it12.

2.3.3 Competing players and interaction with TCP

Several studies have suggested that bandwidth-based QA algorithms can
perform poorly under challenging network conditions [31], [65], [66], [67]. At
a high level, these findings are due to the interesting interactions between
TCP and the QA algorithms.

Congestion control in TCP aims to avoid congestion collapse, while try-
ing to provide the client its fair-share of network throughput based on the
data path and the associated state of several network equipment along the
data path [68]. These algorithms are well understood and it is known that

10https://developer.android.com/guide/topics/media/exoplayer.html
11https://developer.apple.com/streaming/
12https://www.netflix.com/HdToggle
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TCP does not instantaneously provide a fair-share, but provides this guar-
antee over a period of time. In-fact, TCP congestion control typically results
in a well known saw-toothed pattern based on an internal variable called the
congestion window. The congestion window specifies the maximum allowed
difference between the number of in-order bytes transmitted thus far and
the number of in-order bytes acknowledged thus far.

Similar to the saw-toothed throughput curve of TCP, HAS clients also
have a distinctive on-off download pattern, as shown in Figure 2.2. This
pattern depends on the receiver buffer parameters, namely, T buf

max and T buf
min

and the client’s QA logic. Broadly speaking, it has been shown that different
download patterns might arise from HAS players [69]. The simplest among
these is the case where there are no off periods. The client simply downloads
chunks back-to-back until it has downloaded the entire video. The other
cases can contain off periods of short or long durations. Contrary to the
download patterns of HAS players, regular file downloads over HTTP are
modulated mainly by the sender’s TCP congestion control and flow control
mechanisms. With HAS clients, the control loop at the receiver’s application
layer is independent of the sender’s TCP congestion control mechanism.
This additional control loop, together with the periodic on-off patterns and
the lack of interoperability information between the sender and the receiver
has been found to sometimes result in oscillations, unfairness, and inaccurate
estimates [66].

To overcome issues with competing clients, and to ensure that the al-
gorithms account for bandwidth and bitrate variability across a playback
session, and, in general, to ensure that estimates are reliable and robust,
different means to estimate the available throughput and schedule chunk
downloads from application level measurements have been suggested. This
includes randomized chunk scheduling through varying target buffer sizes,
better statistical methods to estimate available bandwidths [31], control the-
oretic approaches to chose chunk encodings [70], [71], [72], network probing
at the application layer [32], and objective-based optimization to ensure con-
sistent playback quality [73]. Paradigms other than client-driven solutions
have also been explored, including server-driven traffic shaping [74] which
can be used to ensure that clients avoid unnecessary oscillations. Our con-
tributions in Paper II leverages findings from the aforementioned works to
propose a novel prefetching solution that downloads chunks from a list of
alternative videos during off-periods. By prefetching during off-periods, we
facilitate near instantaneous startup of alternative videos and we show that
in some cases the playback quality of the currently watched video can be
improved simultaneously.
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2.4 Large-scale content delivery

When designing systems for large user bases, it is important to make sure
that large-scale content distribution is achievable with the least overhead.
The system and protocols used must ensure that the protocol stack can
inter-operate with other traffic while allowing the clients to consistently
claim their fair-shares. The distribution systems must also make sure that
the content catalog is easily updated and provides consistent service across
the globe. Although the goals of most content delivery systems remain
the same, different architectures have varying characteristics, performance,
and workloads that they can handle [75]. Availability and costs play sig-
nificant roles in the adoption and evolution of services over the Internet.
Video streaming requires dedicated and globally distributed resources to
store data, and network bandwidth to disseminate content on-demand. We
next discuss some of the most widely used techniques.

2.4.1 Peer-to-peer networks

Peer-to-peer networks, as exemplified by some of the early file sharing sys-
tems such as Napster and Gnutella, or the more recent BitTorrent-like [76], [77], [78]
systems, have relied on utilizing the distributed power available at end-hosts
to disseminate content. Such systems are typically more scalable and cost ef-
fective for the content provider than centralized client-server based systems.
However, compared to the classical client-server paradigm, it is difficult to
provide guarantees when delivering content over regular peer-to-peer net-
works. As means to address this, both cloud-assisted, peer-assisted, and vir-
tualized content delivery techniques have been proposed [79], [80], [81], [82], [83].
In such systems, a centralized servers or CDNs cooperate with end-hosts’ in
the content delivery. These servers typically are used to ensure that there
is at least one copy of the content available (needed for availability), and
clients’ upload bandwidth is used to improve scalability.

2.4.2 Content delivery network

To effectively serve a large (and often geographically disperse) user base,
CDNs [84] use a network of interconnected servers, which are distributed
strategically and geographically to ensure quick access to data stores from
several parts of the world. Several large CDNs have a global presence,
and are capable of quickly moving content form origin servers to replicas,
located closer to the users. The cost of delivering content using CDNs
has dramatically reduced in the recent years (by a factor of 10 between
2006 and 2010 [85]) and has thereby made CDN-based content delivery very
attractive. In addition to decreasing operating costs, CDN-based content
delivery offers reconfigurability, centralized management, admission control,
utilization of web-caches and other advantages.
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Perhaps, the key benefit of CDNs, as opposed to other distribution tech-
niques, in general, is that the CDN provider and the content provider are
different entities. This allows both the providers to focus on their core busi-
ness. A content provider can purchase resources from a CDN and relinquish
control of handling and moving replicas to the CDN. Such agreements are
analogous to the Service Level Agreements (SLA) between autonomous sys-
tems to ensure Quality of Service (QoS). Whenever a client from a certain
part of the globe attempts to access a video from the content providers’ web-
site, it is redirected to a nearby CDN server that would provide good QoS,
based on the current network load, client location and other parameters.

This process is most commonly done through Domain Name System
(DNS) resolution, based on the entries in the DNS and various DNS-based
performance metrics [86]. Other works have shown that this assignment can
be done by simply looking at the address of the resolving name server that
forwards the DNS query to the authoritative name server [87]. CDNs also
perform load balancing in accordance to the demand, user location, network
characteristics and QoS. This is generally performed at the edge-server or by
a server within the cluster, which transparently fetches data through multi-
ple back-end CDN servers [88]. The CDN also deploys caches hierarchically
at every level, with the origin server (operated by the content provider) be-
ing contacted only when no copies are available within the CDN [87]. Load
balancing based on Software Defined Networking (SDN) [89] have also been
proposed. In addition, there are several components within the context of
CDNs that are research fields in their own right, including server placement,
request routing [90], replica selection [91], pricing, caching within CDNs, and
many more [92]. Finally, it has also been shown that load balancing within
CDN clusters can be optimized by utilizing third-party information, such as
popularity of videos on social networks [93].

The content delivery infrastructures have time varying performance, de-
pending on load, congestion in the network, outages, and other time-varying
aspects. These variations potentially contribute to client-side playback im-
pairments such as stalls and quality fluctuations. Client-driven replica selec-
tion based on the prevailing network conditions is complicated by the need
to monitor multiple replicas and potentially multiple CDNs. It would there-
fore be much simpler if there was a central controller directs clients to the
replica that provides the best performance, performs resource reservations,
provides access control, and manages global resources under flash crowd
events or network outages. Proof-of-concept and feasibility of such a cen-
tralized controller have been demonstrated through previous works [94], [95].
In fact, the increased adoption of SDN suggests that future large-scale con-
trol planes might run SDN-based controllers to perform resource and user
QoE oriented optimizations.

Using CDNs has now become the norm to deliver video streaming ser-
vices. Given the global user-base and diverse access patterns, CDNs have
been pivotal in on-demand streaming over the Internet gaining wide-spread
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acceptance. Some of the most popular content providers such as YouTube,
Netflix, Amazon Prime and others employ CDNs for content delivery. Some
of the most popular third-party CDNs include Akamai13, Limelight14, Level315,
Microsoft Azure16, Amazon CloudFront17 and CloudFlare18, to mention a
few. However, it has also become common for Internet Service Providers
(ISP), such as AT&T and Verizon, for example, to deploy their own stream-
ing services over their CDNs. Although these developments have blurred
the lines between content providers, network operators (ISP), and CDNs,
the dynamics between the different parties is one of the major forces that
shapes the future of large-scale content delivery [96].

2.4.3 HTTP caching

Proxies are intermediary devices which are used as an aggregation point
for all traffic within a network. This facilitates the implementation of cen-
tralized firewalls, monitoring, and NATs at proxies, while at the same time
providing transparent Internet access to the end hosts. Web caching through
the use of proxy caches was envisioned in the early 1990s [97]. These caches
operate by storing a local copy of the content that goes through them. When
a locally cached content is requested again, the cache serves the request from
the local cache rather from the origin server. Web caching, as discussed be-
fore, reduces bandwidth consumption, transmission delays, and the server
workload. It also allows for greater network utilization, decreased network
traffic, lower operational expenses [98] and enables centralized monitoring
and management of the data flowing in and out of a network.

Caches are generally organized in a hierarchical manner at each level of
the network [99]. Perhaps the most natural example of such an architecture
includes caches at client devices, followed by caches at subnets, followed by
caches at the operator level organized at regional and national levels [99].
While distributed architectures for caching [100] have been explored, hier-
archical organization is most commonly used in practice.

Proxy caches store data on a finite disk. Proxy caches can use one of
several replacement algorithms to make effective use of the disk. Some of the
most popular cache replacement strategies are based on the Least Recently
Used (LRU) policy or the Least Frequently Used (LFU) policy or hybrid
policies such as Adaptive Replacement Caches (ARC) which behave as a
hybrid between LRU and LFU strategies. The LRU policy evicts an object
that has been requested the least recently while the LFU scheme evicts the
object that has the least access frequency. Several policies perform tradeoffs
between cache hit rate and byte hit rate. Some policies might optimize cache

13https://www.akamai.com/
14https://www.limelight.com/
15http://www.level3.com/en/products/content-delivery-network/
16https://azure.microsoft.com/en-us/services/cdn/
17https://aws.amazon.com/cloudfront/
18https://www.cloudflare.com/
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hit rate by keeping smaller objects for longer in the cache (e.g., Greedy-Dual
Size Frequency [101]) while others such as the Least Frequently Used with
Dynamic Aging (LFU-DA) [102] store objects irrespective of their sizes to
optimize the byte hit rate. There are several tradeoffs in this area and the
choice of replacement strategy has to be fine-tuned based on the use case and
the factors to be optimized. Intelligent cache insertion policies have also been
proposed to take into account the long tail of one-time requests [87], [103].

Since streaming traffic over HTTP is also web traffic, caches can also
store and replicate chunks of HTTP streams. Progressive streaming over
HTTP requires the caches to store the entire video file in the local memory.
This is not necessary with chunked or range-request based video, due to
the video being divided into smaller addressable pieces. With chunked or
range-based HTTP streams, the cache can store any number of chunks of
a video initially, and gradually discard the less popular chunks and replace
them with more popular chunks of other videos or HTTP responses that are
most likely to be requested in the future.

Although proxy caches are beneficial to the clients, the network opera-
tor, and the content provider [104], a part of the research presented in this
thesis [105] and others, [14], [65], [66], [67] reveal some drawbacks and chal-
lenges that must be addressed in the context of HAS. Here, we highlight
one such challenge. First, note that the client cannot differentiate if a chunk
is being delivered from the origin server or from a proxy cache. Second,
the encoding rate and the time at which requests are made are determined
based on the buffer occupancy and the inferred network throughput during
previous chunk downloads. As discussed earlier in this section, chunks al-
low proxy caches to contribute positively to a HAS session with only a few
cached chunks. For example, when the client’s request encounters a cache-
hit, the response reaches the client much faster than it regularly would if the
chunk were sent by the server. This is due to the RTT to a web server being
much larger than the RTT to a proxy cache. While this is encouraging,
the faster chunk downloads lead to the client over estimating the available
throughput and can potentially cause clients to request a chunk at too high
an encoding rate. As long as the client experiences cache hits, it will likely
continue to successfully download chunks in time for playback, but when
the client encounters a cache miss, the skewed estimated bandwidth might
not accurately reflect the available throughput to the server. Under such
circumstances, the client might experience playback stalls. This simple ex-
ample illustrates the importance of understanding the interaction between
HAS, existing infrastructure, and other factors such as cross-traffic.

The process of prefetching, which involves predicting and downloading
content before it is actually requested has been shown to be highly benefi-
cial to traditional web-based services [106]. Along similar lines (as shown in
Paper I), prefetching can be beneficial for HAS streams too. In addition to
prefetching content to caches, cache replacement strategies also play a crit-
ical role in having chunks available for future requests. The quality adap-
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tive nature of HAS clients require specialized cache replacement solutions
as well. Previous works have looked into areas of cache replacement [107]
and prefetching strategies for caches [108] in the case of quality adaptive
videos, segment-based caching and prefetching [109] and, prefetching under
the context of layered quality adaptation [110] as seen with SVC. This the-
sis proposes prefetching strategies for caches, which are designed with HAS
download patterns in mind. These strategies are designed to improve the
cache hit rate, while also considering bandwidth constraints.

This thesis also presents the design and evaluation of several proxy-
assisted solutions that are designed to aid in improving the viewers QoE.
Cooperative client-proxy solutions are also provided, in which, the client
and the proxy share information between one another so as to ensure that
the decisions made by the client and the proxy are consistent and result in
the best possible playback experience at the client.

Recently, several popular streaming services have started streaming over
HTTPS. HTTPS is the secure version of HTTP where the payload is en-
crypted by Transport Layer Security (TLS) [111]. Although HTTPS is
intended for security critical applications, by streaming over HTTPS, the
services are preventing the network operators and other network elements
from observing any application level information, such as HTTP requests
and other metadata [112]. In this thesis, Paper III describes a classification
framework that can be used to classify and predicting streaming clients’
buffer conditions even while streaming over HTTPS. Our framework also
allows for potentially tracking clients’ QoE and therefore identify network-
related issues that might be affecting clients’ QoE.

2.5 Network-driven approaches to improve con-
tent delivery

The wide-spread adoption of streaming services has not only lead to in-
creased data volumes within networks, but more and more of this data
originates from a third-party streaming content provider. This is gener-
ally referred to as Over-The-Top (OTT) media. While OTT media has
unlocked an abundance of alternatives for the end-user, OTT, and even
streaming HD content within the operator network for that matter, has its
own set of unique challenges. Today, it has become increasingly common
for organizations ranging from network operators (AT&T19) to content pro-
ducers (Disney, HBO20), device manufacturers (Apple, through App Store),
platform creators (Google, through PlayStore), social networking websites
(Facebook), etc., to deploy their own streaming services. Such services com-
pete amongst one another and with traditional services.

19https://www.att.com/directv/directv-now.html
20https://www.hbonordic.com/
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The following subsections discuss some of the steps taken to improve the
content delivery process and streaming in general, from the perspective of
a content provider, a network operator and finally collaborative strategies
between the content provider and the network operator.

2.5.1 Content provider based solutions

The content provider, arguably, has the most at stake in terms of how users
perceive a streaming service. Whenever the services are being accessed over-
the-top, the player code which executes at the client-side (responsible for
chunk downloads, quality adaptation, appearance, etc.) is typically down-
loaded from the content provider, every time a client initiates a new playback
session. By implementing carefully chosen QA algorithms in their players,
streaming services can ensure that their clients are resilient to the variations
that might be encountered in the network throughput.

Distribution platform: In addition to the client side algorithm, the
content providers can also optimize their data distribution platforms to per-
form intelligent resource allocation [113]. OpenFlow [114] and other SDN-
based techniques are being increasingly deployed in data center and CDN
networks as they offer quick reconfiguration and centralized control. Prior
works have applied the SDN paradigm to guarantee end-to-end QoS support
by streaming over an OpenFlow network [115], perform dynamic routing
and traffic engineering to improve QoE [116]. The centralized and stan-
dardized communication to-and-from a controller in SDN facilitate informa-
tion sharing over standard interfaces. Other SDN-based approaches have
proposed sharing application-level feedback to SDN controllers to improve
client QoE [117].

Server farms and CDNs are fairly complex architectures and are their
own area of research. For example, there are several techniques that can
be applied in such networks to improve the content delivery process. Prior
works have shown that by taking advantage of multipath communication,
playback stalls can be reduced and playback quality can be improved [118], [119].
In addition to multiple paths, CDNs also deploy a hierarchy of caches that
might effectively reduce the load on the origin and the assigned servers, both
during regular operation and during flash-crowd events. Studies have looked
at how caching, request redirection, and dynamic provisioning can be used
to improve resilience during high demand [120].

Over the past decade, the Internet has undergone tremendous changes.
This includes significant changes in access patterns [121], user behavior, and
the content that is distributed over the Internet. Any access over the Inter-
net relies on host-to-host communication, in which content is retrieved from
hosts associated with unique addresses. However, today’s Internet is domi-
nated by content. As a natural extension, content-based architectures [122]
have been proposed. Such architectures provide a paradigm shift by using
content-based addressing rather than host addresses to access content. This
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has the potential to simplify several cache-related issues in today’s networks
as it decouples location and content. Although Content Centric Networks
(CCN) have not yet gained popularity, proof-of-concept implementations to
perform HAS over CCNs have been attempted [123], and it remains as one
potential design path for a content-dominated Internet of the future.

Content optimization: Several popular commercial streaming services
aggressively replace parts of the video that have been downloaded at a lower
encoding, although this practice might lead to increased demands on the
servers and the content downloaded at the lower encoding are wasted. In
general, the players want to avoid playback stalls and might therefore chose
to download chunks at low qualities when the bandwidth conditions are poor.
Since the playback buffer is in the order of many seconds to a few minutes,
the network conditions might improve after the client has recovered from
low-buffer conditions. In such cases, the clients can re-download some of
the chunks in buffer at a higher encoding rate to playback at a consistently
higher quality [124], [125]. Although SVC-based techniques are naturally
better suited for such situations, as they do not waste content that has been
downloaded, this remains a standard practice with HAS clients.

Personalization through recommendations: The overarching need
to personalize and customize content and advertisements on a per user ba-
sis has led to the development of several recommender and personalization
systems. At a high level, these systems obtain data which represents the
behavior of a user or a user demographic under specific use cases. This
data is then mined using machine learning techniques to generate a list of
recommendations [126]. The success of the generated recommendations is
continually evaluated to allocate more weight to measures which resulted in
the recommendation being used by the user. In addition to generating a list
of recommendations, the system has to also rank the results to improve user
retention. These requirements have led to the development of content and
context aware recommendation solutions [127], [128]. Other recommender
systems have used matrix propagation [129], graph propagation [130], asso-
ciation rules [131] and machine learning based approaches such as SVM [132]
have been proposed.

Over the last few years, the mobile web has grown significantly. Mobile
data traffic has grown by 18-folds in the past five years and is expected
to increase sevenfold in the period between 2016 and 2021 [133]. Powered
by significant improvements in mobile connectivity and capability of hand-
held devices, usage patterns have shifted from desktop-only to increasing
use of mobile devices. This has led to further personalization opportunities.
For example, the inbuilt sensors can be used to extract user’s mental state
and emotions and suggest actions or recommendations based on this infor-
mation [134]. Several Location Based Services (LBS) have emerged that
provides high-quality, relevant, timely, and location-based services, features
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and information [135]. Services such as Foursquare21, Google Now22, tri-
padvisor23 and many more have emerged lately which provide location, user
interest and user history-based recommendations. There have even been
LBS which use bandwidth prediction based on the current user location to
perform quality adaptation accordingly [136], [137].

Video recommendations become especially important in services with
large video catalogs, as users might find the task of finding interesting videos
to watch very daunting otherwise24. Recommendation systems are also inte-
grated together with the built-in social network functionalities. For example,
using third-party authorization [138] through websites like Google or Face-
book, a signed-in user can like, up-vote, comment or share videos to other
friends. This information is used in addition to user search queries, watched
videos, and viewing time of videos to generate a list of recommended videos.
YouTube’s recommender system [139], makes use of co-visitation counts of
pairs of videos (i.e., videos that were co-watched within a specific amount
of time by other users), and generate a recommendation list as the most
popular co-watched videos. This information can be combined with user
profile information to generate a user specific recommendation, which can
be ranked according to video quality, user specificity, and diversification of
viewer’s taste. Others have demonstrated that a strong rich-get-richer phe-
nomenon is observed in video popularity, with a number of factors like video
age and search engine biases towards popular content contributing toward
this effect [140].

In this thesis, we look at client-based prefetching strategies that can
be used to ensure near-instantaneous startup of alternative/recommended
videos. This is motivated by users typically watching the beginnings of
multiple videos before settling down to watch a video to the end [29]. We
also show that by prefetching during the right time-windows, the playback
quality of the video that a viewer currently is watching can be improved.

2.5.2 Network operator based solutions

Network operators provide transit for streams from a streaming service (con-
tent provider) to end-users. Although recent developments, where network
operators provide a streaming service, have muddled the lines separating
content providers and network operators, for the large part, this distinc-
tion still exists today. Network operators typically run a core and an access
network that users can connect to, and can be classified into different tiers
based on their global reachability and presence [141]. Transit providers and
operator networks provide the critical last hops of connectivity to end-users
and can have a significant effect on viewer satisfaction.

21https://foursquare.com/
22https://www.google.com/landing/now/
23http://www.tripadvisor.com/
24http://www.telegraph.co.uk/technology/2016/02/01/youtube-is-now-more-popular-

than-googlecom-on-desktop-computers/
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Network-based detection and optimization of QoS and QoE:
Typically, network operators today are proportionally carrying more and
more streaming traffic due to increasing popularity and user-base [1]. Among
all the streaming flows observed by medium-large sized networks, it can be
argued that unless there are network-related issues, most clients will have
sufficient data in their buffers to make sure that they will not stall in the
near future. Asides from these clients, a small number of clients might
just be beginning playback, while another small proportion of clients might
be experiencing low-buffer conditions and require data to be downloaded
quickly. For the few clients that are in imminent risk of experiencing a
playback stall, both the content provider and the operator are in positions
where they can take actions that can help avoid playback stalls. Prior
to performing actions, it is actually interesting to see if client low-buffer
conditions can be identified by network operators, before any remediation
actions can be taken. Prior works have looked at techniques to identifying
clients’ QoE based on network traces [142], [143], [144] and other client-based
techniques [145], [146].

Deep-Packet Inspection (DPI) has long been used as a tool to perform
detailed analysis of network flows. However, their scalability is question-
able [147] and a recent shift towards almost all large streaming services
transferring their data over HTTPS hinders both DPI and trace-driven iden-
tification of client buffer conditions. This restricts the information that can
be obtained by a purely trace-driven methodology. In this thesis, we propose
a novel classification framework that can predict client buffer conditions un-
der both HTTP and HTTPS. We leverage a trusted proxy to generate a
training dataset by using a set of experimental flows. Using the collected
data, we train machine-learning classifiers to identify client buffer conditions
in real-time even when the data is encrypted and transferred over HTTPS.

Network operations and management: The performance of op-
erator networks is time-varying and depends on several factors, including
planned capacity, actual capacity, network management and configuration,
reliability of links, queue sizes, jitter, latency, used protocols, and band-
width. Factors such as jitter, latency, and queue sizes have a significant im-
pact on achievable throughputs in networks. Especially with TCP, end-hosts
experience sharply decreasing throughputs as latency increases. Naturally,
queue sizes of switches and routers have a significant effect on RTTs. In
the extreme case, deployment of large queues which remain full most of the
time have been found to be the root-cause of the bufferbloat problem [148].
However, for the large part, issues due to bufferbloat have been addressed
using techniques based on Random Early Detection (RED) [149] and other
Active Queue Management (AQM) techniques [150], [151].
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2.5.3 Monitoring and guaranteeing QoE and QoS

Residential and commercial access networks typically do not provide guar-
anteed bitrates or latencies. However, QoS agreements guaranteeing flow
characteristics are common for backbone links involving two or more ISPs
or other network operators. Since IP lacks QoS specification and monitor-
ing, other architectures to deliver QoS over IP have been developed. Initial
solutions for voice and video calling include IntServ [152], DiffServ [153]
and Resource reSerVation Protocol (RSVP) [154]. These have later been
extended to IP applications through RSVP-TE (Traffic Engineering) by
setting up Multi-Path Label Switching (MPLS) [155]. However, the area
of protocol design and specification to perform traffic engineering is an en-
tire domain of research with lots of interesting directions. For this thesis, we
focus on monitoring QoS of streaming flows and for providing improvements
in clients’ QoE.

Monitoring client QoS, with today’s streaming clients, is generally per-
formed by client feedback. With most popular services like YouTube, for
example, there is a dedicated server which collects client statistics such as
buffer occupancy, played quality, and current playtime [125]. Critically, this
data is transmitted out-of-band over another connection, using custom se-
mantics that has been developed by the streaming service for their own
internal use and may be used to evaluate the user experience. However,
the network and transit providers that might be part of the delivery chain
are generally oblivious to this data. The recent migration towards stream-
ing over HTTPS has made it almost impossible for operators to gather this
information, even if they want to. In addition to using custom designed
feedback from clients, several streaming services also use third-party ana-
lytics. These third-party sites collect data via a plugin that is integrated
with the streaming client.

One of the contributions in this thesis looks at ways in which network op-
erators could potentially leverage available information, even if the commu-
nication is over HTTPS, to monitor HAS clients’ buffer conditions. Again,
buffer occupancy directly affects the clients stalling and therefore, can be
leveraged to improve playback experiences.

2.6 The next generation of streaming services

2.6.1 Personalization on the web

Today it is common that different (personalized) versions of a website are
shown to different visitors. Most websites personalize based on at least one
of the following factors [156]: behavioral, contextual, historical, and collab-
orative personalization. The user may implicitly or explicitly be involved
in the personalization process. Content personalization and recommenda-
tions have had significant effects on advertising and marketing. Prior to

36



2.6. The next generation of streaming services

wide-spread adoption of the Web, advertisers focused on marketing ideas
that would resonate with the masses. Companies could typically only make
a few versions of an advertisement and these had to appeal to the general
public. Now, Web advertisements make it possible to create targeted ads for
individual viewers that are much more personalized than what was possible
with traditional methods.

Personalization and personalized recommendations have been well stud-
ied concepts in the area of content recommendation systems. While person-
alization has been used by some to promote the right products, others have
used it as a means to reduce clutter and provide user-driven customization.
In general, personalization has been used to achieve higher user retention
and satisfaction. Similar to the multitude of use cases for personalization,
there are several views of personalization and its goals [157]. This includes
views based on popular theories such as the information overload theory,
the uses and gratification theory, and user involvement theory. The infor-
mation overload theory has the premise that as the recommendation sys-
tem’s accuracy increases, the user satisfaction increases; i.e., by removing
the clutter, the user satisfaction is improved. The uses and gratifications
theory suggests that the user’s motivations for information access affect user
satisfaction; however, when the right information is found, the user is satis-
fied. Finally, the user involvement theory suggests that users prefer content
recommended by a process in which they have explicit involvement. Here,
the explicit feedback mechanism between the user and the system drives
user satisfaction.

The explosion in the number of sensors available in today’s hand-held
devices has led to web pages being personalized based on information from
several of these sensors. Most commonly, services actively personalize web-
pages based on location, device and browser information, device orientation,
screen size and aspect ratio, user history, demographics, and user prefer-
ences, for example.

2.6.2 Interactive and personalized video streaming

Contrary to Web browsing, video streaming has almost exclusively been
personalized only through video recommendations (as part of browsing),
while allowing basic actions such as fast forward and rewind. In most cases,
the viewer is expected to watch a video from the beginning to the end.
One solution to enable further video interactivity and personalization of
streaming videos is interactive branched video streaming. In the following,
we outline some of the key concepts and ideas behind interactivity and
personalization in streaming videos.

Interactive storytelling is a concept where the reader/listener/viewer is
allowed to interact with the story at predetermined decision points. At these
decision points, the subject is typically given choices from which to decide
the outcome of a character’s decision (e.g., will the character take the road
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to the left or to the right) or how the story should progress (e.g., should the
character talk to the stranger). By allowing the subject to interact with the
story, and offering different versions of a story that resonate with different
user groups, a broad range of users may be provided the desired experience.

Interactive storytelling has been used in several novels, perhaps most
notably in the popular children’s novel series called “Goosebumps”. While
reading the book, the reader would simply turn to a different page based on
the different options given by the author. Another very popular instance of
interactive storytelling was the Hollywood movie “Clue”, which in cinemas
showed one of several endings that the movie had, but in the DVD release,
the viewer could chose to see one of the many endings available. Along
similar lines, interactive video streaming is a concept where the viewer can
interact with a video and influence the content that is about to be presented.
Earliest digital applications of interactive videos appeared in DVDs where
the viewer, by pushing a button could navigate to a different chapter in
the DVD, thereby altering the story line according to the choice made by
the user. In the following, this class of interactive videos is referred to as
interactive branched streaming, or simply branched streaming.

Although interactive branched streaming is fairly simple at a concept-
level, there are several challenges to overcome in a real-world scenario. Typ-
ically, users expect the process of interaction and resulting changes to the
video to be seamless, in that, playback should be continuous and stall free
regardless of which option is selected at a branch point and how late the
decision is made. Our work on interactive branched streaming over HAS is
the first to formalize the branched video streaming over HAS problem and
demonstrate feasibility by implementing such a player. Furthermore, our
source codes have also been released for use by the research community.

We argue and show how HAS simplifies the process of branched stream-
ing. Since the videos are split into addressable chunks or ranges with known
playback durations, potential playback paths along a video can be desig-
nated which resemble graph or tree structure. Furthermore, quality adap-
tation can be used to meet the deadline constraints associated with branch
points. User interaction, by means of clicking a button or key strokes can
be used to determine branches to traverse, with defaults assigned in case
the user does not interact. Our contributions in this area are detailed in
Papers IV and V.

Websites such as YouTube, which offers User Generated Content (UGC),
have become very successful in the recent past. The success of UGC-based
sites can be attributed to them aggregating the endless resources and creativ-
ity of regular home users. Owing to the prevalent acceptance and growth of
Internet-based services, several creators are interested to share their content
with users all around the globe for a small incentive. These incentives are
typically advertisement-driven payments to the content uploaders. Thereby,
the success of a content creator depends on the number of views or clicks
the content attracts. Today, websites such as YouTube have over a billion
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users25 and stream over a billion hours of video every day26. These websites’
global popularity and mass-media status have resulted in several professional
creators and organizations publishing content. However, despite the rich set
of content available in these systems, not much personalization is available.
In this thesis, we enhance the creative power of the content creators. In par-
ticular, our design allows for both a content creator and other third-parties
to define branch points and branch options using a simple text file.

In the past, nonlinear and interactive playback have been well investi-
gated in the broadcast and multicast domains, where the client may sub-
scribe to one or more channels and dynamically switch between channels [158,
159, 160]. Under such scenarios, it is important to balance the server band-
width and client path-diversity; i.e., the different paths that a viewer might
choose while watching the same video. In contrast, with on-demand inter-
active branched streaming over HAS, the client downloads content from the
server using a unicast connection, and the bandwidth usage is typically not
negatively affected by high path diversity (except the additional prefetching
that it may require). Streaming of nonlinear datasets, such as 3D graphics
and visualizations, have also been studied under the broadcast domain [161].

Branched video streaming has also been studied using progressive down-
load, coupled with prefetching strategies and algorithms designed to parse
user input and the video’s structure [162]. The main drawbacks with such
systems are the lack of quality adaptation, which might lead to large stall
times due to bandwidth fluctuations and waiting times when performing
interactive actions. Delays in executing interactive actions can affect the
user satisfaction drastically. As means to reduce such events, interactive-
content-aware proxy caches (proxies that can parse the location of branch
choices and attempt to always cache the most popular branches) and caching
strategies specific to interactive branched streaming, similar to HAS-aware
proxies that we propose in Paper I, have also been proposed [163], [164].

Prior works have also looked at developing formalisms required to gen-
erate and consume personalized videos [165], authoring tools for interactive
branched videos [166], [167] and dynamic video composition systems [168].
These works look at generating and conveying information about personal-
ized videos which can be created using GUI’s or search queries.

2.6.3 Multi-view video streaming

Analogous to interactive branched streaming, with multi-view video stream-
ing, the user interacts with the video to perform actions. However, rather
than telling a story through the user traversing different branches in a video,
in multi-view and 360○ videos, the user navigates a scene through multiple
cameras or viewpoints. For example, such scenarios might include a concert
where multiple cameras are recording an event. Ideally, with a multi-view

25https://www.youtube.com/yt/about/press/statistics.html
26https://youtube.googleblog.com/2017/02/you-know-whats-cool-billion-hours.html
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video capable system, a viewer that is currently watching a view should
instantaneously be able to switch to a new view without experiencing any
playback interruptions. The video will continue playing from the same play-
back point at which the switch was initiated, but it would have switched
to the stream from a different camera. Several interesting use cases can
be developed for such applications, some of which include sports events,
where instead of a director publishing a single view, the viewers are allowed
to freely chose the camera they wish. Other examples include concerts,
surveillance and monitoring.

For multi-video streaming to allow for seamless switches, multiple views
need to be available at the receiver. Related works have looked at different
ways of making this content available at the viewer. Video and network cod-
ing of multi-view videos have been used in both the broadcast and unicast
domain [169], [170], [171], [172], [173]. With these schemes, multiple views or
streams are typically synthesized into a single stream (using redundant in-
formation for compression) and some of these techniques even facilitate gen-
eration of virtual views [174], [175] (views generated based on computation
of two or more views). However, the drawback of such schemes is that the
viewer effectively views only one stream at a time, and the client therefore
effectively has to download a significant amount of unnecessary information
that is discarded. In addition to server and cloud-based systems, P2P-based
schemes [176] and distributed system design over IP networks [177], have
also been proposed.

360○ streaming can to some extent be considered as a special case of
multi-view streaming, where rather than having a set of fixed views, 360○

videos allows the users to look in all directions across a multitude of yaw,
pitch, and roll angles. While multi-view stream bundles can be generated
with off-the-shelf cameras, including mobile phone cameras, 360○ videos re-
quire specialized hardware [178], although multiple off-the-shelf cameras are
become available now. 360○ video adoption is increasing primarily due to
commercial headsets like the Oculus Rift27 and HTC Vive 28 which are
designed for use with PCs. Headset for mobile phones, such as Google
Daydream29 and Samsung Gear VR30, are also driving popularity. 360○

videos, comes with its own set of challenges. Some of the most important
challenges in this area include user head movement tracking and predic-
tion [179], [180], masking/synthesizing intermediate views [181], and band-
width management [182], [183].

In contrast to the related work presented in this section, Paper VI
presents a HAS-based multi-view streaming solution that can seamlessly
switch between multiple views based on user interaction. To provide seam-
less switching, the client-side algorithm not only downloads content from

27https://www.oculus.com/rift/
28https://www.vive.com/eu/
29https://vr.google.com/daydream/
30http://www.samsung.com/global/galaxy/gear-vr/
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the currently watched view, but also prefetches content belonging to other
streams. To balance the volume of data downloaded for each stream, our
implementation performs quality-adaptive prefetching across all available
views. By allocating more bandwidth to the current view and views that
the viewer is most likely to view next, than to lower-probability views, we
can decrease the bandwidth requirements of multi-view streaming, while
ensuring that players can seamlessly transition to other views.

2.6.4 3D, VR and AR streaming

In the context of interactive streaming, several new immersive application
areas have emerged recently. Although this thesis does not look specifically
at these areas, we briefly discuss some of these concepts. 3D streaming in-
volves delivery of video data complemented with depth information. Virtual
Reality (VR) places the user in a simulated environment that takes up the
entire field of view. For these purposes, either one or two screens (one screen
per eye) are typically used, with different projection techniques [184], [185]
to convey depth information. These images are interpreted by the mind as
3D or VR video. Encoding techniques for VR videos are being standardized
under the MPEG-VR initiative31. Ignoring the video encoding and informa-
tion representation challenges, the network-related challenges in 3D stream-
ing is similar to that of multi-view and free-view streaming. In these videos,
the viewer can change their orientation at any point in time and the system
has to be capable of rendering the new field-of-view almost instantaneously.
To adaptively stream 3D videos, resilience to view-switching has to built
in both into the video codec (mostly to cover small-scale head movements)
and in the downloading of content. Similar to free-viewpoint videos, where
the simplest method of download would be to download the entire 360○,
significant performance improvements can be attained by quality adaptively
downloading different areas of the videos at different encoding rates [182].
These methods generally take advantage of head tracking, prediction, and
prefetching [186], [187], [188].

Finally, Augmented Reality (AR) is another exciting application on both
regular and VR-capable devices, where the view of a real-world element is
enhanced or augmented by adding virtual or computer generation informa-
tion to it [189]. AR can also be applied in a VR environment, where an
emulated 3D video object can be enhanced by AR information. Most im-
portantly, AR is not restricted to binocular screens and can be achieved
with simple devices like our mobile phones. Important challenges with AR
involves object detection and tracking in real-time [190]. For example, if
the AR application involves augmenting information to what is currently
recorded by the device’s camera, the tracking algorithm must be capable
of identifying continually an object at different degrees of rotation. The
tracking information is then passed on to the AR application to generate

31https://mpeg.chiariglione.org/tags/vr
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additional information on top and then needs to be rendered and displayed
on the screen. AR applications can have use cases spanning several areas,
including manufacturing, measurements, information retrieval, games, and
television.
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Chapter 3

Contributions and
discussion

This chapter presents the papers included in this thesis and summarizes
their major contributions. In addition to the included papers, we also list
the other published papers, thesis, and paper under review by the defendant.

3.1 Publication list

Included papers:

[191] V. Krishnamoorthi, N. Carlsson, D. Eager, A. Mahanti, and N. Shah-
mehri, Helping Hand or Hidden Hurdle: Proxy-assisted HTTP-
based Adaptive Streaming Performance. In Proceedings of the IEEE
International Symposium on Modeling, Analysis and Simulation of Com-
puter and Telecommunication Systems (IEEE MASCOTS), Aug. 2013.

[105] V. Krishnamoorthi, P. Bergström, N. Carlsson, D. Eager, A. Mahanti,
and N. Shahmehri, Empowering the Creative User: Personalized
HTTP-based Adaptive Streaming of Multi-path Nonlinear Video,
In Proceedings of the ACM SIGCOMM Workshop on Future Human-Centric
Multimedia Networking (FhMN), Aug. 2013. This paper also appeared in
ACM SIGCOMM Computer Communication Review (CCR), Oct. 2013.

[192] V. Krishnamoorthi, N. Carlsson, D. Eager, A. Mahanti, and N. Shah-
mehri, Quality-adaptive Prefetching for Interactive Branched Video
using HTTP-based Adaptive Streaming In Proceedings of the ACM
International Conference on Multimedia (ACM Multimedia), Nov. 2014.
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[193] V. Krishnamoorthi, N. Carlsson, D. Eager, A. Mahanti, and N. Shah-
mehri, Bandwidth-aware Prefetching for Proactive Multi-video Preload-
ing and Improved HAS Performance. In Proceedings of the ACM
International Conference on Multimedia (ACM Multimedia), Oct. 2015.

[125] V. Krishnamoorthi, N. Carlsson, E. Halepovic, and E. Petajan,
BUFFEST: Predicting Buffer Conditions and Real-time Require-
ments of HTTP(S) Adaptive Streaming Clients, In Proceedings of
the ACM International Conference on Multimedia Systems (ACM MMSys),
Jun. 2017.

[194] N. Carlsson, D. Eager, V. Krishnamoorthi, and T. Polishchuk, Opti-
mized Adaptive Streaming of Multi-video Stream Bundles, IEEE
Transactions on Multimedia (IEEE TMM), Jul. 2017.

Other publications:

[195] A. Bianco, V. Krishnamoorthi, L. Nanfang, and L. Giraudo, Open-
Flow Driven Ethernet Traffic Analysis, In Proceedings of the IEEE
International Conference on Communications (IEEE ICC), Jun. 2014.

[196] V. Krishnamoorthi, Efficient and Adaptive Content Delivery of
Linear and Interactive Branched Videos, Licentiate thesis, Linköping
University Electronic Press, Nov. 2016.

[197] J. Gustafsson, R. Hiran, V. Krishnamoorthi, and N. Carlsson, The
Hidden Mailman and His Mailbag: Routing Path Analysis from
a European Perspective, In Proceedings of the IEEE International Con-
ference on Communications (IEEE ICC), May 2017.

[198] V. Krishnamoorthi, N. Carlsson, and E. Halepovic, Slow but Steady:
Cap-based Network Orchestration for Improved Streaming Expe-
rience, Under submission, 12 pages, Dec. 2017.

3.2 Summary of papers

As discussed in the previous chapters, this thesis addresses research prob-
lems in two main research areas. Papers I, II, and III focus on efficient
content delivery of HAS videos. These papers consider techniques that can
be used by the clients or the network to (i) improve the QoE and efficiency
of HAS clients in the presence of caches, (ii) improve startup times and play-
back experiences when serving a catalog of videos, and (iii) new detection
techniques that can be used by a network operator to identify HAS clients
with low-buffer conditions in their network.
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Papers IV, V, and VI present novel solutions and techniques to enable
interactive streaming over HAS. In these papers, we present the formulation,
requirements, implementation, and validation of two different interactive
streaming techniques: (i) interactive branched videos and (ii) multi-video
stream bundles.

Paper I: Helping Hand or Hidden Hurdle: Proxy-assisted
HTTP-based Adaptive Streaming Performance

Streaming over HTTP comes bundled with benefits such as firewall friend-
liness and content caching. This made it possible to stream data to almost
any host, while taking advantage of content replication closer to the edge.
As explained in Section 2.2.4, quality adaptation in HAS relies on clients
adaptively downloading chunks from different copies of the currently played
video, with each copy being at a different encoding rate. Since chunks re-
gardless of the encoding are independent of each other, intermediate caches
need to have a local copy of the requested chunk at the requested encoding
rate to offload the server. However, previous clients that played the same
video might have experienced different network conditions, and therefore
the cached chunks might be at a different encoding rate. This introduces
client-cache interactions where cache hits and misses might interleave each
other. Furthermore, the download rates measured by the clients may cycle
between high (with a sequence of hits) and low (with a sequence of misses).

In this paper, we first evaluate the impact that such interactions can have
on HAS clients. We then propose cache prefetching policies for improved
performance. By parsing client requests, the cache tries to pre-download
chunks that the client is most likely to request next. Generally, chunks are
linearly numbered or have a naming convention that makes it easy to work
out the index of the next chunk if the current is known. Our simple prefetch-
ing policies prefetch the next chunk in the video stream at the same quality
level as that of the previous chunk. This will result in a continuous sequence
of cache-hits as long as the cache can download data ahead of the client’s
request and when the requested encodings match. To generate cache hits
even when clients experience dynamic bandwidth conditions, we develop co-
operative policies where the client and the cache share information such as
the buffer occupancy of the client and the indices of the chunks in the cache,
for example. By combining collaborative policies with prefetching, we show
that the clients can be provided stable playback experiences. Our solutions
were demonstrated using Adobe’s OpenSource Media Framework (OSMF),
and a Squid proxy running in a dedicated testbed. Using this testbed, we
also evaluate our best-effort policies and collaborative policies under differ-
ent bottlenecks, such as proxy-server link being bottlenecked or client-proxy
link being bottlenecked. By capturing the different performance character-
istics under different bottlenecks, we characterize HAS performance with
different caching and prefetching techniques.
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Paper II: Bandwidth-aware Prefetching for Proactive
Multi-video Preloading and Improved HAS Performance

The best video streaming experiences are provided when the playback does
not stall and the video playback is of consistently good quality. In addi-
tion to the negative impact of stalls, low playback quality, and fluctuating
playback quality, it is well known that large startup delays negatively af-
fect viewer satisfaction. Furthermore, in most on-demand services, viewers
are typically impatient and frequently switch between different videos based
on the content [29]. To retain users within their service for long periods
of time, most websites therefore use recommendation engines that suggest
videos that the viewer might be interested in viewing next. However, ev-
ery time viewers start playing a new video, they endure a startup delay.
This paper presents and evaluates prefetching techniques to provide users
instantaneous startup when switching to view such recommended videos.

However, when prefetching chunks from alternative videos to facilitate
almost instantaneous startup of these videos, it is critical that we do not
negatively affect the playback experiences of the currently played video. For
this purpose, we propose prefetching chunks during off-periods (defined in
Section 2.2.2) associated with the download of the currently played video.
By downloading chunks of alternate videos during these off-periods, we take
advantage of the period during which the communication channel would oth-
erwise be unused. Within this context, we then design and evaluate different
classes of prefetching policies that suit different use cases. For example, we
consider a best-effort policy which prefetches a certain number of alternate
chunks (per-video) from a list recommended videos whenever off-periods
are in effect. The best effort policy starts prefetching from the next video
once the specified number of alternative chunks of a video has been down-
loaded. To provide more control over when different videos are prefetched,
we propose a token-based policy, which allows prefetching from a new video
only when a token is available. By controlling times at which tokens are
released, a client can control the time at which different alternative videos
are prefetched. Finally, we also consider a deadline-based policy, which has
fixed targets for the number of chunks of the current video and of the alter-
native video that have to be downloaded by specified deadlines. To compute
a chunk download schedule that satisfies these constraints, our implementa-
tion solves an optimization formulation which ensures the deadlines are met
while also ensuring that the playback quality of the current video is maxi-
mized. We have implemented and experimentally validated the performance
of our policies using the OSMF player and trace-driven experiments. Our
evaluations show that in addition to improving startup times of alternative
videos, continuing to download chunks during the off-period is beneficial to
the video that is currently being watched. This is achieved by the prefetch
requests using the same connection as the one used by the current video.
By keeping the connection active during off-periods, we avoid entering slow-

46



3.2. Summary of papers

start every time the client resumes downloading new chunks. We have also
validated that our findings and conclusions are consistent across multiple
TCP implementations.

Paper III: BUFFEST: Predicting Buffer Conditions and
Real-time Requirements of HTTP(S) Adaptive Stream-
ing Clients

Proactive network management and resource allocation is becoming increas-
ingly important as IP-based entertainment gains popularity and wide-spread
use. However, network operators typically do not have direct access to per-
session QoE related information from OTT video streaming services. Re-
cently, a large proportion of streaming services have started streaming over
HTTPS, which makes it difficult for network operators to access application-
level information, even if they wanted to. In this paper, we tackle the prob-
lem of identifying per-client-level buffer information from HTTPS traces.
With this information, an operator can evaluate how streaming clients per-
form within their network and can perform short-term and long-term re-
source planning accordingly.

Our framework consists of a trusted proxy, an event-based buffer emula-
tor, and machine learning classifiers. To train machine learning classifiers,
a set of experimental clients are configured to trust the proxy. By doing so,
we obtain a trace of application-level messages in clear-text. While these
messages can show the transactions between the client and the server, they
do not contain explicit information about client buffer levels. Our buffer
emulation module leverages additional information such as the manifest file,
video metadata, etc., to generate a detailed buffer emulation that we use
to automatically label simultaneously collected HTTPS traces with client
buffer conditions.

Although the use of the trusted proxy does not allow real-time classi-
fication of all clients, we use this to create training data for more scalable
classifiers. The operator would direct a group of test clients via the proxy or
run targeted experiments to obtain detailed buffer level information (using
the emulator) and collect encrypted packet-level traces in parallel. After
gathering a suitably large tagged dataset, we build machine learning models
using boosted decision trees and SVM-based classifiers. Once the models are
trained, they can then be used on real-world traffic or production HTTPS
traces. These classifiers are designed to use statistics that can be computed
quickly from observing packet-level information. We evaluate the perfor-
mance of our classifiers and find that they can identify clients experiencing
low-buffer conditions with good accuracy.

47



Chapter 3. Contributions and discussion

Paper IV: Empowering the Creative User: Personalized
HTTP-based Adaptive Streaming of Multi-path Nonlin-
ear Video

Personalized streaming, where the content of a video is adjusted to suit
viewers’ individual taste, offers the possibility to cater to a wide spectrum
of user tastes. While personalization for a large spectrum of users is feasible,
server-side and network scalability would be poor if a new copy of a video is
required for every user. In this paper, we propose novel interactive streaming
techniques that utilize chunking in HAS to allow effective personalization to
a diverse user-base with as little as a single video.

To allow effective implementation of such a service, we present a text-
based representation that allows interactive branched video sequences to be
defined and stitched together into a tree-like structure. This specifies when
a branch point becomes available and what options are available to the user
at each branch point. For example, if certain users want to avoid violent
scenes in a video, a content creator could insert branch points just ahead
of such scenes linking the user instead to parts that are not as violent. By
giving users the choice of which path to take at a branch point, users can
also adapt their viewing based on the part that most resonates with their
current state-of-mind. In addition to proposing branched video streaming
over HAS, we also present proof-of-concept prefetching and buffer manage-
ment strategies that make sure that the client can actively prefetch from
the different available branches and makes sure that the viewer does not
experience playback stalls when transitioning to a new branch option.

Paper V: Quality-adaptive Prefetching for Interactive
Branched Video using HTTP-based Adaptive Stream-
ing

Papers IV and V consider the problem of interactive branched video stream-
ing. Compared to Paper IV, which presents a proof-of-concept implemen-
tation and demonstrates that seamless interactive streaming over HAS is
possible, this paper formalizes in detail the downloading and prefetching
problem in interactive branched streaming over HAS. We consider the use
of multiple parallel TCP connections to download both the chunks of the
video that are in the currently viewed path and the chunks that need to be
prefetched to ensure that clients can be provided seamless transitions into
each of the next set of possible branches. We build an optimization for-
mulation that determines both which chunks to download over the multiple
connections and the quality at which each chunk should be downloaded so
to provide the best possible user experience.

Through our detailed implementation and evaluation using the OSMF
player1, we show that different tradeoffs can be obtained by maximizing

1Available for download here: http://www.ida.liu.se/ nikca89/papers/mm14.html
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different parameters. This includes comparison of greedy policies that max-
imize the overall bitrate of the downloaded chunks, and more advanced
policies that compute an optimized download schedule based on different
constraints. We compare the different policies against a naive client and
a client that uses a single connection to download all the chunks. Through
our evaluation, we show that our implementation can take advantage of
the multiple TCP connections and schedule chunk qualities such that stalls
are avoided during playback, the playback quality remains stable, and that
transitions to new branches are seamless.

Paper VI: Optimized Adaptive Streaming of Multi-video
Stream Bundles

Finally, Paper VI considers the problem of streaming multi-video stream
bundles over HAS. The design challenges with multi-video stream bundles
are different when compared to interactive branched streaming. With in-
teractive branched streaming, there are isolated branch points that might
only occur a few times during playback. With stream bundles, the user is
interested in watching a scene from one of many perspectives. For example,
scenarios suited for multi-video stream bundles include events like a concert
or a basketball game, where there are multiple cameras covering the same
point of focus, and the viewer can, at any point in time chose to change
their view to a different one.

In this paper, we formalize this problem of downloading multi-video
stream bundles over HAS, and both analytically and numerically charac-
terize the optimal solution. Following this, we present an implementation
and evaluation using an OSMF client2. Our formalization carefully con-
siders the different streams, the likelihood that the viewer might switch to
a different stream, and schedules chunk download requests that reflect the
user behavior. By assigning a larger portion of bandwidth to the currently
watched stream and the streams that are most likely to be switched to by
the viewer, we can ensure good playback quality even when clients perform
a stream switch. Furthermore, we have also shown that we can keep the
stream switching latency to a minimum by performing careful buffer man-
agement and by allocating a much smaller bandwidth to prefetch less likely
streams in the bundle.

2Available for download here: http://www.ida.liu.se/ nikca89/papers/tmm17.html
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3.3 Discussion

In this section we discuss our contributions in the context of other research
and some developments that are closely related to our work.

Proxy-assisted delivery of HAS videos: Caching and prefetching
are well investigated techniques in the context of the web. The adoption of
video streaming over HTTP was partly driven by the simplicity of leveraging
existing content replication methods with these techniques. However, during
the period in which we performed this work, many questions remained unan-
swered. While previous works have investigated cache replacement policies,
policies that download missing pieces in a video stream in the context of
SVC [108], and the interaction between proxy caches and HAS clients’ rate
detection algorithms [14], we were one of the first to study content-aware
and collaborative policies in the context of HAS. Paper I investigates a range
of proxy-based solutions, including best-effort proxies, prefetching proxies,
and collaborative proxies, and evaluate them under different bottlenecks.

While our work shows the potential benefits of collaborative caching
and prefetching, such techniques are not fully exploited today in caches de-
ployed by the network operator. This is largely due to content providers
setting the no-cache or no-store cache-control headers, owing to secu-
rity and privacy risks, and increasingly using HTTPS. HTTPS is encrypted
at a per-connection level, therefore most ISP-owned web caches are forced
to simply relay the HTTPS traffic without caching the video data. How-
ever, the techniques discussed in our paper are still highly applicable to
HTTPS traffic when caches are deployed by the content provider, includ-
ing through operator-provider collaboration or CDN solutions that leverage
caching. Some commercial streaming services are even placing caches and
replica servers within the operator networks [56]. Our contributions can
be used to dynamically populate such replica servers when the requested
content is unavailable locally.

Bandwidth-aware prefetching for preloading HAS videos: Pro-
viding low startup times for viewers remains as one of the top-most priorities
for streaming services. Studies have reported that viewers start abandoning
playback sessions when startup delays are longer than 2 seconds. With every
additional second beyond that resulting in a 5.8% increase in the abandon-
ment rate [199]. Most HAS clients of today start playback at a predefined
encoding rate (e.g., the lowest) that provides small startup times. Recent
protocols such as QUIC [40] have been designed to enable transmission of
the payload from the first packet in a connection. While such techniques
help reduce the handshake and connection setup times, several RTTs are
still needed to download the large volume of data required to commence
playback.

In this paper, we consider viewers switching to another video within a
list of recommended videos. Our bandwidth-aware prefetching techniques
proposed in Paper II, takes an orthogonal approach in that it leverages in-
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formation regarding recommended alternative videos, and is able to provide
instantaneous startup of these videos. We explore different policy classes
which range from best-effort to guaranteed prefetching of alternative videos.

In addition to providing instantaneous playback when switching to alter-
native videos, our solution simultaneously addresses the unfairness problem
that has been observed between competing HAS clients. While previous
works have looked at competing HAS clients [65], [66] and techniques to
solve the resulting unfairness [74], [70], [33] through shaping and better rate-
estimations, the core of the problem is due to HAS clients not downloading
any content during the off-periods. By performing prefetching at opportune
moments, our prefetching solution decreases unfairness between competing
clients. While this approach might not be applicable for clients streaming
over metered links (as we download additional data during off-periods), the
additional benefit of playing alternative videos instantaneously can be very
attractive to clients in unmetered links.

Predicting buffer conditions of HAS clients: Compared to stream-
ing services of the past, streaming videos from OTT providers has changed
operator networks into best-effort delivery networks. Ideally, network oper-
ators would like to implement numerous optimizations to their networks to
improve utilization, user satisfaction, etc. Without collaboration between
clients and networks, it is difficult to track or estimate the impact of QoE
related metrics such as stalls, and build preventative measures based on
clients’ buffer conditions, for example. This problem is further complicated
by increasingly many video streaming services using HTTPS. To address
these problems, in Paper III, we designed a framework that can perform
detailed per-client buffer emulation, automated labeling and training of ma-
chine learning classifiers, and machine learning classifiers that can be used
to identify clients’ buffer conditions even when streaming over HTTPS. Our
contribution focused on identifying clients experiencing low-buffer condi-
tions. Our contributions open the possibility of network-assisted clients and
services, which in the long-run can be used to improve network utilization
and viewer satisfaction, by assisting the clients to perform the right QA
choices.

Related works have looked at network-based traffic management solu-
tions for HAS clients that allocate resources so as to reduce extremes of
QoE across clients [200]. Ideally, when clients that are likely to stall are
identified, techniques to quickly increase the clients’ buffer before stalls are
encountered can help improve viewer QoE. We are currently investigating
this problem and a candidate set of actions that an operator can perform
when clients with low-buffer conditions are identified.

Interactive branched streaming and multi-video stream bun-
dles: Papers IV–VI consider two forms of interactive streaming: branched
video and multi-video stream bundles. Within the area of interactive stream-
ing, there are several other techniques, including (but not limited to) free-
view point streaming (that allows the viewer to navigate to different syn-
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thetically generated viewing positions in the video), tiled video, and 360○

streaming. While these different techniques have their own advantages and
challenges, some of the fundamental challenge of efficiently transferring the
different views over a bottlenecked link also exists for these techniques. In
our contributions in this area, we focus on prefetching and buffer man-
agement challenges that need to be solved in order to facilitate seamless
transitions to new branches or streams. Arguably, experiencing seamless
interactive video is vital to viewer satisfaction.

While interactive streaming techniques have been previously explored in
the context of broadcast and multicast streaming, and even in the context of
non-adaptive streaming over HAS, our works are the first to formalize and
demonstrate feasibility of quality adaptive interactive streaming over HAS.
Through our contributions in Paper IV, we provide the means for a content
creator to define an interactive video, for a third-party enthusiast to create
his/her own interactive version of a video, rules to resolve conflicts by the
use of longest-path matching when multiple branch options conflict with one
another, prefetching and quality adaptation strategies using multiple paral-
lel TCP connections to ensure seamless transitions and that clients obtain
their fair bandwidth shares when competing with others. In general, our
solutions account for different user behavior and ensure that the transitions
are seamless through quality adaptive prefetching and buffer management.

Closely related to our interactive branched streaming works are works
which have proposed authoring tools [166], and download and caching strate-
gies for interactive videos [162]. In contrast to most related work, our so-
lutions are designed with the current state-of-the-art (HAS) in mind. In
our framework, the definition of branch points and branch options are done
through a text-based metafile. While we manually create these files for
our experiments, we note that more advanced graphical authoring websites
have emerged lately. Using these to create our text-based metafiles could
provide interesting future work. Interactive branched streaming is also gain-
ing popularity in terms of use in the advertisement and marketing industries.
Furthermore, Netflix has even released an interactive branched video based
story of the character Puss in Boots.

Multi-video stream bundles allow the viewer to watch the same video
from different angles. In this context too, we formulate, analyze and evalu-
ate solutions to facilitate seamless switching to streams within the bundle.
While problems similar to that of multi-video stream bundles exist in the
area of 360○, VR, and AR streaming, our solution based on user behavior
prediction can be applied to these use cases too. In the context of both
multi-video stream bundles and interactive branched videos, our solutions
are completely client-driven and do not require any modifications to the
server side.
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Conclusions and future
work

4.1 Summary and conclusion

Over the recent years, on-demand streaming services over the Internet have
become the main source of household entertainment. This thesis contributes
towards improving the state-of-the-art of today’s content delivery techniques.
Main contributions include the design and evaluation of novel content-aware
and collaborative proxies, prefetching techniques to decrease startup times,
network-based detection techniques to estimate client buffer conditions, and
two novel categories of interactive streaming over HAS called interactive
branched streaming and multi-video stream bundles. We believe that im-
provements to the infrastructure and personalized content delivery over HAS
are important steps towards realizing several forecasts that have been made
regarding tomorrow’s video services and the delivery thereof.

Efficient content delivery of linear videos: This thesis investigates
several techniques that can be used to improve the efficiency and scalabil-
ity of on-demand video streaming services. First, we evaluate the effects of
proxy caches on HAS streams, and design and evaluate several content-aware
prefetching policies on a proof-of-concept implementation. Our policies are
shown to make the process of delivering content more efficient, and at the
same time, improve the viewer’s QoE. Our findings reveal that proxy caches
do not always offer a helping hand to HAS streams, but that they often
require careful configuration and should be made content aware, so that
their benefits are maximized and that potential drawbacks with their inter-
action with clients are minimized. Through evaluation of our content-aware
policies, using real-world representative experiments, we show several ar-
eas of improvements, including how to improve and leverage opportunistic
prefetching and content-caching opportunities to significantly reduce oper-
ating expenses, increase hit rates, and provide clients with a higher average
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playback quality.
Second, we propose classes of prefetching policies and buffer manage-

ment techniques that help in preloading the beginnings of alternative videos.
Through careful buffer management and by prefetching content ahead of
time, our solutions offer instantaneous startup times for alternative videos.
We consider different policy classes and demonstrate the performance of our
solutions through implementation using a HAS client. Our policies leverage
the otherwise unused off durations, to perform quality-adaptive prefetching
of alternative videos. In addition to providing instantaneous playback of
alternative videos, our solution also address the unfairness observed in HAS
clients in the presence of competing traffic.

Third, we propose techniques that can be used by the network opera-
tor to detect important client-related events, such as low-buffer conditions.
Such events are important precursors to playback stalls and it is well known
that stalls have a significant impact on the viewers’ QoE. We have pro-
posed a classification framework called BUFFEST, which includes machine
learning techniques to detect clients with low-buffer conditions. We show
that detecting clients with low-buffer conditions is possible even if the client
streams are encrypted using HTTPS. To generate a dataset on which the
machine learning classifiers can be trained, we design an emulator module
that uses a trusted proxy to capture and emulate playback sessions in de-
tail. Using datasets collected from two real-world streaming services, we
demonstrate that identifying clients with low-buffer conditions is possible
even when the traffic is encrypted using HTTPS. The proposed solution is
particularly important since most popular streaming services have migrated
to using HTTPS today.

Efficient content delivery of interactive videos: Modern applica-
tions and services offered over the Internet are continually adapting their
behavior based on user preferences and other user specific customizations.
Using the current state-of-the-art for streaming (HAS), we have proposed,
designed, implemented, and evaluated interactive branched video streaming
and multi-video stream bundles over HTTP.

Interactive branched videos allow the viewer to interactively choose one
among several alternative story lines at predefined times while watching a
video. Our contributions here include an optimization framework which can
be used to determine when to prefetch chunks, which parts of the video to
prefetch from several potential branches that the client might chose, and the
quality level to be selected for each such chunk download. Our framework
and policies are designed to handle a wide range of scenarios, including
fluctuating bandwidths, frequent branch switches, and other variations that
one might encounter in the real world. Our client-side implementation tries
to minimize playback stalls, maximize the playback qualities, and make
sure that the action of switching to a different branch does not lead to
interruptions that might affect the playback experience of the viewer.

With the concept of multi-video stream bundles, multiple parallel video
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streams that are synchronized in time are used, each providing the video
from a different camera capturing the same event or movie. Our stream
bundle framework leverages quality adaptive downloading and users’ prob-
ability of switching to each stream to carefully balance the prefetching of
content along both the current view and alternative views. We propose an
optimization framework to adaptively decide a download schedule based on
the current bandwidth and stream switching probabilities. We also demon-
strate through analytic, numeric, and experimental evaluation, that our
optimization framework and buffer management solution are able to achieve
effective prefetching and close to seamless playback switching between the
streams in the bundle when there is sufficient bandwidth to prefetch the
alternative streams.

4.2 Future work

There are several interesting avenues along which the work in this thesis can
be extended. We believe that the increased adoption of HAS will continue to
drive innovative architectural solutions that aim to simultaneously provide
better user QoE and reduce the operational and capital expenses. Several
proxy-cache-based optimizations can be performed to improve a subset of
metrics that the operator is most interested in. Prefetching and caching
policies can be tuned to focus on metrics such as byte hit rate, overall
hit rate, hit rate for low-buffer clients, or hit rate for the first chunks, for
example. In addition to the content-aware prefetching policies proposed in
this thesis, proxies can also be used to pre-push the parts of the videos that
the clients are most likely to view. For example, the HTTP 2.0 standard
includes features for server push, where the server can send content without
receiving requests for them. We envision such features to be used by proxy
caches too. By pre-pushing parts of the video to the client when the network
is not busy, the network can reduce some of its future resource usage.

Future work could also consider how to intelligently pre-push content to
clients based on user location in mobile networks. If certain areas suffer from
poor coverage or poor transmission characteristics caused by factors out of
control of the operator, pre-pushing content can help avoid playback stalls
when clients are traversing such stretches. Similar solutions can also be
used to reduce startup times for the videos that a user is likely to play next.
However, when pre-pushing content, the server or the proxy cache need to
be aware of the bandwidth budget that is available to ensure that the pushed
content does not starve out the resources that are being pulled by the client.
Prior works have looked at location-based bandwidth prediction based on
known bandwidth measurements [136], [201], however, from the perspective
of a client that plans for future bandwidth. Offloading the prediction tasks
to a server can simplify the client-side implementation.

This thesis proposed techniques to identify client buffer conditions by
observing live network traces. Equipped with this information, the network
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operator could decide to help clients that are in imminent danger of expe-
riencing playback stalls. The operator could chose to help selected clients’
flows within their network, by prioritizing their packets, tweak the band-
width metering or bandwidth shaping to enable a temporary increase to the
download rates, etc. Furthermore, the clients, network operator, and the
content provider can collaborate together to improve the network utilization,
QoS, and QoE. Investigation of how such policies might be implemented in
real networks is currently ongoing.

In the area of interactive services, several user-centric measurements
based on attached web cameras, mics, and other sensors can be used to de-
duce the viewer’s interest or engagement while watching a particular video.
This information can then be used to further personalize the content, deter-
mine branch-points that will be offered to that particular viewer, or even to
predict the choices that the viewer is most likely to make.

Future work could also consider the application of machine-learning tech-
niques in the context of interactive streaming. Our branched streaming so-
lution over HAS requires either the creator or another third-party to create
a metafile that indicates the different branch points and branch options in
the video. However, with developments in automated captioning and speech
recognition techniques, the process of generating transcripts for pre-recorded
videos is simplified. Using topic models, parts of videos can be tagged to au-
tomatically generate different video segments, which can then be linked via
branch points and branch options. While we have done preliminary investi-
gation in the area of automated branched video generation using transcripts,
several interesting use cases remain to be explored.

The recent proliferation of VR and AR capable devices and headsets
provide opportunities to develop innovative streaming experiences. Several
of these devices come with a hand-held controller that is designed to be an
interface for gaming applications. However, using the same controller and
headsets, interactive branched streaming and stream bundling can also be
taken into the VR/AR arena. A multitude of applications and use cases are
possible, which present several interesting research questions to explore.

Finally, our contributions in this thesis can also be applied to streaming
of 360○ videos. We are currently investigating how to best serve 360○ videos
over HAS. The current practice under such scenarios is that the whole 360○

view is streamed to a client. This often requires at least three times more
bandwidth compared to only streaming the currently viewed portion of the
video. By carefully segmenting the video into different regions of interest,
we can use HAS’ chunking and quality adaptation to download the currently
viewed area at a high quality. However, in order to protect against play-
back stalls when the viewers change their views, prefetching strategies are
required to adapt the downloaded qualities of the other parts of the video.
By carefully controlling the allocated bandwidth to different regions of the
video, clients can still enjoy stall-free interaction with such videos.
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