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The client-based approach is per-
formed by the client’s device, there-
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t t ore providers can create one version
A I n of content and the same content can
always be displayed on different de-

vices. The terminal selects the content,

- u which is matching the most of its ca-

I VI pacities and the available bandwidth.

Examples are Scalable Video Coding

(SVC), where the delivered content is
coded in different versions in the form

of different layers and the client termi-

nal selects the layers that best match

the terminal capacity and network

o status; and HTTP Adaptive Streaming

(HAS), where content is coded consid-

ering different quality levels and the

terminal requests the best matching
content based on device capacity and

|
available bandwidth.

In the server-based approach, the
content is adapted before being deliv-
ered to the client, thus reducing the
transmission time and the bandwidth
consumption since the delivered con-

tent is in an adapted form (only the
content users need will be sent). This

key insights

B Today, online video services like mobile
TV, IPTV, or WebTYV, are providing content
adaptation techniques under the form

: of adaptive streaming protocols, which
WITH THE ADVENT of tgchnology Characterlzed.by Tasty rely on metwork ctatus, CPU
heterogeneity and the increasing offers of services usage, and screen resolution.
and applications, a user’s Quality of Experience (QOE) | ® The proliferation of conneoted devices
has become a crucial factor for the success or failure in the end-user’s expectations on quality
. . . . of experience together with network-
of new applications and services. Content adaptation friendly approaches. For this purpose,
. s R, : . L . adaptation of content and services are
is the process of selecting, generating, or modifying required to meet users’ proferences,
content to suit the user’s preferences, consumption application expectatlons, and network
N . ) . characteristics, among others.
style, computing and communications environment , -
’ . . . . N ) B To improve user satisfaction, we need to
and usage context. This can be applied within media consider contextual information about
. . . . the user, the terminal, the networks, and
types, such as reducing image size or resolution, and the content.
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also reduces the processing time at the
client side.”* Examples include Win-
dows Media Services, Adobe Flash Me-
dia Server, and QuickTime Streaming
Server, where they store multiple vari-
ants of the same content in the server
and the content best matching to the
client content is selected through the
client identification sent in the client
request to the client profile.

In the intermediate proxy approach,
content adaptation is done by an inter-
mediate element. For example, in We-
gner et al.,"” the Media Aware Network
Element (MANE) is a proxy between
the server and the client that gathers
the terminal capacity in the client side

and the network characteristics and
selects the best adapted content based
on the terminal and network status.
On the other hand, several research
contributions exist on content adapta-
tion methods that adapt the content
and its delivery based on information
related to network congestion, termi-
nal capacity, measured QoE. However,
to our knowledge, there is no method
that combines all these factors for both
content adaptation and delivery. In our
work, we consider a multidimensional
approach that adapts the content and
its delivery means for enhancing the
user’s experience. Adapting the con-
tent is mainly in terms of changing bit
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rate, changing codec, while adapting
the content delivery means is related to
how content will be delivered (unicast,
multicast, through which access net-
work). The adaptation process should
consider the measured QoE coupled
with context information on the user,
devices, network, and the content itself
to take the adequate adaptation deci-
sion. Our notion of QOE is explained in
Diallo etal.,* where the user experience
is evaluated as a function of different
context concerning the user (prefer-
ences, content consumption style,
level of interest, location), his environ-
ment including the terminal used (for
example, capacity or screen size) and
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network (available bandwidth, delay,
jitter, packet loss rate).

In this article, we examine the exist-
ing video streaming techniques and
compare the HTTP-based techniques
with other techniques. We then focus
on the content delivery means, present
the content adaptation, and discuss
the research contributions for content
adaptation and the adaptation of con-
tent delivery means.

Video Streaming Techniques

Today there are several streaming
methods to deliver audiovisual con-
tent, including: HTTP streaming,
Real Time Streaming Protocol (RTSP,
developed by IETF), Microsoft Media
Services (MMS), and Real Time Mes-
saging Protocol (RTMP) for Adobe
Systems. Here, we review these differ-
ent techniques.

HTTP-based streaming techniques
carry out a dynamic content adapta-
tion before and/or during the session
following a client-based approach. The
adaptation is managed by the player.
The different HTTP-based streaming
techniques are:

» HTTP download. Audiovisual con-
tent is delivered through the HTTP
protocol just as classical Web objects/
pages. To view the content, the media
player on the terminal must wait until
the video is downloaded in the full disk
of the terminal.

» HTTP progressive download is
based on HTTP and allows the player
to begin playback of the media before
the download is complete. The key
difference between media streaming
and the Progressive Download is in
how the digital media content is re-
ceived and stored by the end user’s
device that is accessing the digital
media. The media player for the Pro-
gressive Download playback makes
use of metadata located in the head-
er of the file and a buffer in the user
device. When a specified amount
of content becomes available in the
buffer, the playback is started. This
specified amount of buffered content
is embedded in the media file by the
content producer in the encoder set-
tings and is reinforced by additional
buffer settings imposed by the media
player. It can also be computed by the
player using encoding profile (codec,
bitrate, and so on).
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measured QoE
coupled with
context information
on the user, devices,
network, and the
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take the adequate
adaptation decision.
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Adaptive streaming based on HTTP
(HAS)'*> allows a multi-rate client-
based streaming for multimedia con-
tent, where different bitrates and
resolutions are available for the same
content and the streaming is managed
by the client. As explained in Oyman
and Singh,'® HAS deployment presents
opportunities for services and content
providers when compared with tradi-
tional adaptive streaming techniques.
The server sends a manifest file con-
taining the description of content
pieces namely chunks (supported co-
dec, minimum bandwidth, resolution,
bitrates, URL). The Media Player then
selects the most adequate fragment
based on the available bandwidth and
device capacity (CPU load, supported
codec, bitrate). The following are ex-
amples of Adaptive Streaming meth-
ods based on HTTP.

» Apple HLS (HTTP Live Streaming):
This solution was very quickly adopted
by Over The Top (OTT) players and is
currently available on all Apple devices
(iPhone, iPad, iPod) as well as some
set-top boxes (AirTies, Netgem, Amino)
and software players (VLC media play-
errelease 1.2.0, QuickTime X Player).

The native codec chosen for HLS is
MPEG H.264 for video and Advanced
Audio Coding (AAC) for audio. HLS
is implemented as follows: Encoding
video in H.264/TS format at different
bitrates. For each encoding profile, a
Stream Segmenter cuts the content
into pieces called chunks, typically
10 seconds each, and generates a play
list file (m3u or m3u8) with a URL for
each chunk of this encoding profile.
Generating a general index file (mani-
fest) indicating each available encod-
ing profiles (bitrate, codec) and the
URL of the corresponding playlist files.
Distributing content chunks, playlists,
and manifest through an HTTP server
(origin or cache). Looking for the most
suitable bitrate by the receiving device,
which can be a laptop, set-top boxes,
or mobile phone and selects the most
suitable chunk based on the device ca-
pabilities and CPU status.

» Google WebM is the Google HTTP-
based solution for content adaptation
proposed in 2010 to provide an OTT
solution that is royalty-free. It uses VP8
video codec forvideo and Vorbis for au-
dio and does not require segmentation
of the media into chunks. However,



one media stream is seen as one file.
To stream a video through WebM, the
following procedure takes places. En-
coding the video and audio content in
VP8 and Vorbis respectively, in differ-
ent bitrates (such as, quality profiles).
Multiplexing them into a WebM file,
which must be automatically refreshed
in real time in the case of a live video.
Using a Web server (origin or cache)
to deliver the WebM files. The adap-
tive bitrate process mainly relies on
the server that selects the audio/video
streaming bitrates before multiplex-
ing and pushes in an output buffer all
the content packets ready to be sent.
While sending the buffer content to
the network, the server detects if there
is enough bandwidth toward the client,
otherwise it scales down to a lower-
quality profile (lower bitrate).

» Microsoft Smooth Streaming is the
protocol released by Microsoft in 2009
as an extension of Silverlight 3.0, an ap-
plication for writing and running rich
Internet applications. It supports the
H.264 and AAC codecs respectively for
video and audio. The general principle
behind Smooth Streaming is quite simi-
lar to HLS streaming: that is, encoding
video and audio in different bitrates
(such as quality profiles); using a Stream
Segmenter to generate content frag-
ments (chunks) and multiplexing them
into a container; distributing video con-
tent through an HTTP server (origin or
cache); generating and distributing a
manifest file that lists the available pro-
files (bitrates, resolution), languages,
and corresponding URLs for chunks.

Once the client receives the mani-
fest, it is able to request some indexed
fragments according to its environ-
ment (available bandwidth, screen res-
olution, supported codec). Like HLS,
Smooth Streaming leaves the client the
choice of the relevant bitrate.

» Adobe HTTP Dynamic Streaming
(HDS). Adobe’s solution for streaming
media over HTTP is a comprehensive
open source video delivery. The Adobe
HDS principle is similar to Microsoft
Smooth Streaming. The differences,
however, include: creation of manifest
files (.f4m); creation of segmented files
(.f4f) that correspond to chunks (frag-
ments); creation of index files (.f4x)
containing specific information about

a http://www.microsoft.com/silverlight/

the fragments inside the segmented
files (available bitrates, codecs, URLS to
stream content). All these files are mul-
tiplexed into a single stream and sent
to the client device. The supported co-
decs for HDS are H.264 and VP6 (video),
and AAC or MP3 (audio). The terminal
in the manifest file has many quality
choices and selects the most suitable.

» Dynamic Adaptive Streaming over
HTTP (DASH). MPEG DASH is a prom-
ising ISO Standard for video stream-
ing services over HTTP published in
April 2012 and is gaining popularity.'®
DASH has the potential to replace ex-
isting proprietary technologies like
Microsoft Smooth Streaming, Adobe
Dynamic Streaming, and Apple’s HLS.
A unified standard is needed because
it will help rationalize cost storage,
development, maintenance, support,
and evolution for all DASH devices. All
HTTP-based adaptive streaming tech-
nologies have two components: the
pure encoded A/V streams, and mani-
fest files that indicate to the player
which streams are available (bitrates,
codecs, resolutions, among others)
and how to access them (for exam-
ple, chunk URL). For DASH, the AV
streams are called the Media Presen-
tation, while the manifest file is called
the Media Presentation Description
that is encoded in an XML format.

Like other adaptive streaming tech-
niques, this manifest identifies alter-
native streams, their respective URLS,
network bandwidth, and CPU utiliza-
tion. On this basis, the player chooses
the most adapted stream. Two types of
file segment types are allowed in DASH:
MPEG2 TS (currently used by HLS), and
ISO Base media file format (ISO BMFF,
currently used by Smooth Streaming
and HDS). This simplifies potential
migration of existing adaptive stream-
ing platforms to MPEG DASH, as the
media segments can often remain the
same, and only the index files need to
be migrated to the Media Presentation
Description (MPD) format.

Adaptive streaming techniques not
based on HTTP. RTSP," RTMP,© and
MMS? streaming techniques are not

b http://www.cse.wustl.edu/~jain/papers/ftp/

rtp.pdf

http://www.adobe.com/devnet/rtmp.html

d http://msdn.microsoft.com/en-us/library/
cc251059.aspx

o
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HTTP based and the adaptation (if it
is enabled) is managed by the server
following a server-centric approach.
In RTSP, the content adaptation can
take place making use of the Real Time
Control Protocol (RTCP) reports sent
between the clients to the server. These
reports contain information such as
packet loss, jitter, RTT (measured/esti-
mated at the client side) that can help
the server adapt the content to network
conditions. For example, if the con-
nection deteriorates and the transfer
rate decreases, the content is streamed
with a lower quality so that playback
interruptions are avoided, and stream
quality is increased if the connection
becomes more fluid.

An advantage of this type of stream-
ing technique is the fast start abil-
ity, that is, to start content streaming
without delay. On the other hand, the
drawback mainly lies in the need of a
dedicated server with non-negligible
license cost (example are Xiph, Icecast,
Real Helix Streaming Server, Windows
Media Services, Adobe Flash Media
Server, QuickTime Streaming Server,
and so on) and in difficulties of passing
through firewalls. Consequently, this
type of streaming is more adapted for
users who are connected in managed
networks where operators/content
providers have a mastery of end-to-end
links and application needs in terms
of resource consumption. Then they
can anticipate the network congestion
because most of these streaming tech-
niques use the User Datagram Protocol
(UDP) and this transport protocol does
not retransmit lost data. Here, we dis-
cuss these streaming techniques.

Audiovisual delivery based on RTSP:
RTSP was developed by Real Net-
works, Netscape, and Columbia Uni-
versity. It is available on the products
of these companies. The RTSP is a
network control protocol designed
for use in entertainment and commu-
nications systems to control media
streaming. The stream consists of cut-
ting the data into packets (fragments)
whose size is adapted to the available
bandwidth between the client and
the server. When the client receives
enough packets (buffering), the client
application begins to play a package.

Audiovisual delivery based on
RTMP: Initially a proprietary proto-
col developed by Macromedia, RTMP
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Table 1. Adaptive streaming and non-HTTP adaptive streaming.
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TECHNIQUES
PARAMETERS HTTP ADAPTIVE STREAMING NON-HTTP ADAPTIVE STREAMING
Different methods HLS Smooth HDS WEB M RTSP MMS RTMP
streaming
User or server User centric User centric User centric Server centric Server centric Server centric Server centric
centric
Standard player  i0S for mobile Silverlight for Flash Chrome Depend on Windows Adobe
and QuickTime PC/Xbox360/ Player10.1 navigator server that media player Flashplayer
for PC WinMobile7 implemented
the solution
Origin server Web server IISv7 Flash Media Web server Streaming server  Windows Adobe
HTTP 1.1 Server 3.5 HTTP 1.1 media server Flash server
Recommended 10s 2s (fixed) 2-4s No chunk No chunk No chunk No chunk
chunk duration
Standard content AES Playready Adobe Flash No protection CAS CAS CAS
protection Access 2
Proprietary or not Apple propriety Microsoft Adobe propriety  Google propriety ~ Standardized by ~ Microsoft Public use
propriety IETF propriety
Video/audio H.264 (video) H.264 for H.264/VP6 VP8 (video) Depend on Windows H264 (video)
codecs and AAC (audio)  Video and (video) and AAC/  and vorbis(audio)  server that media video and AAC (audio)
AAC (Audio) MP3 audio implemented and Windows
the solution media audio
Advantages Adapted to bandwidth variation, the user application Royalty free and ~ Adapted to real time. Itis in public use

manages the client bitrate, fast content switching
The required resource is a HTTP server, Firewalls/NATs

traversal

open solution

It can be easily controlled by the
operator as it is a server-based

approach.

Disadvantages

The operator has no control over bandwidth consumption
as it is fully client-centric; that is, the client switches from
one flow to the other if network conditions allow it..

The client
expectations are
not taken into
account; it is
the server that
manages the
bitrate.

Packet losses cause artifacts.
Dedicated server is required

AAC: Audio Advanced Coding, CAS: Conditional Access System, AES: Advanced Encryption Standard

Table 2. Defined profiles based on access type.

Device iPhone iPad

Access type 3G Wi-Fi 3G Wi-Fi
Encoding rate 150kbps 280kbps 380kbps 1Mbps
Frame rate 15fps 25fps 15fps 25fps
Codec H264 BP H264 BP H264 BP H264 BP
Resolution QVGA HVGA QVGA HVGA

is now Adobe proprietary and free to
use. This protocol is used for stream-
ing audio, video, and data over the In-
ternet, between Adobe player (Flash)
and a server. Audiovisuals delivery
based on MMS, Microsoft’s proprie-
tary network streaming protocol used
to transfer data in Windows Media
Services. MMS can be transported via
UDP or TCP.

Table 1 compares the advantages
and disadvantages of streaming tech-
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niques through the standard player
and the origin server.

Content Adaptation Means

for Enhanced Delivery

Here, we describe some means of per-

forming content adaptation for mobile

TV, IPTV, and WebTV services."
Content delivery adaptation in

mobile TV. The most common way to

adapt content in mobile TV relies on

using different encoding profiles ac-
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cording to the Radio Access Technolo-
gy (or RAT, such as EDGE, UMTS, HSPA,
LTE, or Wi-Fi) and to the client’s device
(form factor, OS, hardware specifici-
ties, screen resolution). While device
information can be obtained indirect-
ly through the standard User-Agent
HTTP header, an enrichment process
adds an extra header containing the
client’s identity (MSISDN) and its RAT
information. Generally, most of the op-
erators are constrained to use different
video profiles for addressing software,
hardware, and legal limitations (pro-
files for 3GPP mobiles, HLS, Windows
media). Each TV channel is coded in a
different profile and each profile has
its own characteristic (video encoding
rate, resolution, video codec, frame
rate, audio encoding rate, audio codec,
which corresponds to different quality
level. For example the following video
profiles could be proposed as a func-
tion of the device and the access type.



Table 2 illustrates fictive profiles
that depend on the terminal screen
and the access type.

Content delivery adaptation in
WebTV and IPTV. For IPTV Live and
Video on Demand (VoD) service, the
user generally has two choices: Stan-
dard Definition (SD) streams and
High-Definition (HD) streams. Nev-
ertheless, the operator may enforce
a given content quality based on the
available network bandwidth and
on the end user’s subscription type.
WebTV contains TV and/or VoD ser-
vices offered by a third party avail-
able from any Internet access. This
method is thus by default available
on unmanaged networks, where the
best-effort is the unique possible QoS
traffic class. Some content providers
like French TF1 or France 24 adapt
content to the network conditions by
using HTTP Adaptive Streaming for
their live TV channels. With this tech-
nology, users do not care about what-
ever video quality to choose in order
to match their available bandwidth:
the video player will automatically
request content pieces that are the
most adapted to its network status
and the device capacity. On the con-
trary, some OTT content providers
for the VoD let the client choose the
type of delivery as follows: Streamed
mode available in SD (for example,
620kbps stream) for “Instant View-
ing;” Progressive Download mode
available for both HD (for example,
1500kbps/1GB/WMV file); and in SD
(for example, 620kbps/450MB/WMV
file), with a possible non-negligible
start-up delay for HD that depends on
the client’s bandwidth.

Limitation of content adaptation
means in current deployment. The
current content adaptation for mobile
TV, IPTV, and Web TV does not con-
sider a sufficiently large set of param-
eters to fully enable optimal QoS and
QoOE. The user context is considered
in a limited manner through mainly
considering the characteristics of the
device used and the network used.
The user’s localization (physical/geo-
graphical location, but also location
in terms of proximity to the access
network entities) and the user’s con-
sumption style are not considered. In
addition, network context is consid-
ered only in terms of bandwidth avail-

The current content
adaptation for
mobile TV, IPTV,

and Web TV does
not consider a
sufficiently large
set of parameters to
fully enable optimal
QoS and QoE.
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ability while ignoring the cost of using
this bandwidth instead of allocating
it to monetized services. Neither is
considered the matching degree of
the content to the users’ preferences.
Consequently, context awareness and
user centricity need more consider-
ation in content adaptation through
studying users’ localization including
their physical location and in terms
of proximity to the access network
entities; or considering the users’
consumption style for a given type of
video service through, for instance, a
trade-off between start-up delay and
quality content. For example, a fast
start is the most important factor for
news and live streams, while content
quality is the most important one for
a movie.

Related Research Contributions
The classification of existing research
contributions on content adaptation
show three main categories: Content
adaptation: Which version of a given
content shall we transmit? (codec, bit
rate, video resolution). This aspect
is related to the encoding of the con-
tent information. Content delivery
adaptation: How the content is deliv-
ered through the network (unicast,
multicast, from which server(s), from
a cloud, through which access net-
work)? This aspect is related to the
service and network aspect of the con-
tent transmission. And adaptation of
content and delivery: Integrating adap-
tation of both content and its delivery.
Content adaptation. Several re-
search contributions exist about adapt-
ing content based on terminal capacity,
network congestion, user profile, and
service requirements. For instance, the
method in Kim et al.® provides a QoE-
guaranteed service that maximizes
the visual expectation of the viewer by
considering the size of the LCD panel
size on his device. In Mohan and Agar-
wal,'? users are allowed to define their
preferences (user profile) during ser-
vice subscription, according to some
categories based on QoS requirements
(streaming, conversational, interac-
tive, background). For example, the
streaming traffic class is sensitive to
packets losses. The user can also select
different types of subscription (Bronze,
Silver, Gold, Platinum) for each profile
and traffic class. There are maximum
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and minimum QoS parameters where
an adaptation is needed for each type
of service and user profile.

The method introduced in Koo
et al.® adjusts the quality level and
transmission rate of video streaming
on the basis of the wireless channel
status (Modulation Coding Scheme,
Signal to Interference-Ratio level),
location, and client buffer status.
The transmission rate is determined
as a function of the network context
(for example, packet loss, jitter) and
some player buffer ratios. In Guo et
al.,® the adaptation of the transmis-
sion rate is done on the basis of the
pre-buffering time and of the avail-
able bandwidth (network status/con-
text), so that QoE is maximized even
in case of network congestion.

Khan et al.” adapts content using
two parameters: the “congestion”
(C) and the “degradation” (D). The
congestion is defined as the fraction
of the number of video blocks lost
(BL) divided by the total number of
video blocks sent (BS) within an in-
terval of time. After predicting the
estimated quality of experience (de-
noted MOSt), the degradation is de-
fined as the difference between the
maximum achievable Mean Opinion
Score (MOS) and the estimated MOS
(MOSt). The Sender Bit Rate (SBR)
is computed by on an algorithm us-
ing congestion and degradation.
W3C proposed by Bakhtiar,' content
adaptation techniques within the
Composites Capabilities Preferences
Profiles (CC/PP) for Web content and
User Agent Profiles (UAProf) for mo-
bile phones. These frameworks can
be used to deliver devices contexts
(screen size, audio/video capabili-
ties) and users preferences (language,
type of content) and allow devices to
communicate their capabilities and
preferences to servers. The server can
then accurately adapt content accord-
ing to this information.

Adaptation of content delivery. Re-
search contributions on the adapta-
tion of content delivery adaptation
focus on two main approaches: the
network-centric approach, in which
decisions are made at the network
side (mainly by network operators)
and principally based on the network
operator’s benefits; and the user-cen-
tric approach, where the decision is
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A new algorithm
is called Smooth
Adaptive Soft-
Handover
Algorithm. Its goal
is to improve the
user-perceived
quality while
roaming through
a heterogeneous
wireless network
environment.
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based on the user’s benefit, generally,
without considering network load-
balancing or other users. It should be
noted that the user-centric approach
has the main drawback from a load
balancing perspective, since users
generally consider only their own
benefit while making decisions. This
could resultin bad performance of the
overall network and service.> Ksentini
et al.’ considers QoE measurements
over different access types. After pre-
dicting a MOS with Pseudo Subjective
Quality Assessment (PSQA), a vertical
handover (change in access network
and/or technology) is carried out to-
ward the network offering the best
MOS; that is, the best QOE.

A new algorithm is defined in Ci-
ubotaru and Muntean® called Smooth
Adaptive Soft-Handover Algorithm (SA-
SHA). Its goal is to improve the user-per-
ceived quality while roaming through a
heterogeneous wireless network envi-
ronment. The score of each connection
is evaluated based on a comprehensive
Quality of Multimedia Streaming (QMS)
score including the following metrics:
QoS, QOE, cost, power efficiency, and
user preferences. The idea is to adapt
delivery in the network that has the best
QMS score. Each metric is weighted
with a proper coefficient.

Adaptation of content and delivery
means. Pichon et al."” examine the
most suitable content to be delivered
to the user and selects the best deliv-
ery mean. Two decision entities are
considered, namely the service man-
ager responsible for the service deliv-
ery, and the mobility manager respon-
sible for the network connectivity. For
content adaptation, the service man-
agement entity will be notified when
a terminal requests the streaming
of a new video (contents encoding is
done with SVC), and decides which
version should be sent according to
the user rights, to his preferences,
to his terminal capabilities, and to
the network congestion. The service
management entity then provides
its decision to the service execution
entity that sends the corresponding
signalization. For content delivery
adaptation, the mobility manager
is notified about the network-relat-
ed events and service requirements
and retrieves network-related infor-
mation and decides which possible



network connection(s) must be used
for every service based on informa-
tion such as cost, network load, and
user preferences.

Comparison of content adaptation
and content delivery adaptation tech-
niques. Here, we provide a compara-
tive study regarding different issues
that should be addressed in content
adaptation techniques, mainly consid-
ering user context, user satisfaction,
network congestion, and required
resources. There are a lot of research
contributions on content adaptation
and its delivery. We have therefore clas-
sified them into several categories:

Terminal capacity has a lot of advan-
tages among which we can mention
the consideration of user context by
using the terminal capacity. The disad-
vantage of this method is not consid-
ering the dynamic variation of user’s
needs, network resources optimiza-
tion, and user satisfaction.

Network congestion. The main ad-
vantage of this method is the network
resources optimization. The lack is no
consideration of others context infor-
mation like user context (his location,
his preferences, his profile), user mea-
sured quality of experience.

User profile and service require-
ments. The advantage is the consider-
ation of user context by reviewing his
profile. This adaptation technique is
easy to implement because the user
profile and service needs are known
by the server platform. The disadvan-
tage is the no consideration of user
context, network congestion in the
adaptation process.

Network congestion and terminal
capacity considers some context in-
formation like terminal capacity and
aids resource optimization. The need-
ed resource is a centralized server for
gathering network status and terminal
feedback. The user location, the mea-
sured QOE, is not considered in the ad-
aptation technique.

Network congestion and measure
QoE. This type of adaptation consid-
ers the user satisfaction (QoE) and
optimizes the network use. Some
context information is missed in the
adaptation technique like user loca-
tion or terminal capacity. In the lit-
erature we notice some limitations
in the existing work as follows: The
method in Kim et al.® does not con-

sider the dynamic variation of users’
needs and the network resources op-
timization. The solution presented
by Mohan and Agarwal'* could not
adequately enhance the user’s expe-
rience since the media source is not
aware of the user context (terminal
capacity, user preferences, and lo-
calization). The method presented
by Koo and Chung® can be difficult
to execute because it is not easy to
ask each user to implement his pro-
file when he subscribes to a service.
Some important context information
is missed in the proposed method by
Guo et al.,” like the user localization
and terminal capacity.

A general notice is the lack of con-
tributions considering the adapta-
tion of both the content and their de-
livery means.

Conclusion

This article surveyed content adap-
tation techniques considering the
application-level adaptation and the
adaptation of the delivery methods.
Firstly, a review on video stream-
ing techniques was given comparing
them through several operational,
performance, and user-centric cri-
teria. Secondly, the content delivery
means were reviewed and compared
considering both operational solu-
tions and research contributions.

We notice several research contri-
butions on content adaptation based
on terminal capacity, user prefer-
ences, network congestion, and so
on; however there is a lack of fully
contextual methods making use of
context information on the terminals,
network, and users. In addition, there
are limited contributions considering
adaptation of both contents and their
delivery means. Consequently, we so-
licit the need to consider the user con-
text (environment, location), terminal
context, network context, content con-
text for better content adaptation, and
optimized content delivery aiming to
improve the user’s satisfaction.

References

1. Bakhtiar, B. Video Content Adaptation Based on User
Preferences and Network Bandwidth. Thesis report,
(2007).

2. Ciubotaru, B. and Muntean, G. Quality of multimedia
streaming-oriented handover management solution
for mobile application. IEEE International Symposium
on Broadband Multimedia Systems and Broadcasting.
(May 2009).

3. Ciubotaru, B. and Muntean, G.-M. SASHA—A quality-

review articles

oriented handover algorithm for multimedia content
delivery to mobile user ( June 2009).

4. Diallo, M.Y,, Moustafa, H., Afifi, H. and Laghari, K.
Quality of experience for audiovisual services. EuroITV
2012 (July 2011).

5. Guo, T, Cai, J. and Foh, C.H. Scalable video adaptation
in wireless home networks with a mixture of IPTV and
VoD users. In Proceedings of Globecom 2011. IEEE.

6. Kim, J., Um, T-W, Ryu, W. and Lee, B.S. Heterogeneous
networks and terminal-aware QoS/QoE-guaranteed
mobile IPTV service. IEEE Communications (May
2008).

7. Khan, A., Sun, L., Jammeh, E. and Ifeachor, E.
Quality of experience-driven adaptation scheme for
video applications over wireless networks. IEEE
Communications (July 2010).

8. Koo, J. and Chung, K. MARC: Adaptive rate control
scheme for improving the QoE of streaming services
in mobile broadband networks. In Proceedings of the
2010 International Symposium on Communications and
Information Technologies (Oct. 26-29, 2010). IEEE.

9. Ksentini, A, Viho, C. and Bonnin, J.-M. QoE-aware
vertical handover in wireless heterogeneous
networks. In Proceedings of the 7" Annual Wireless
Communications and Mobile Computing Conference
(2011). IEEE.

10. Laakko, T. and Hiltunen, T. Adapting Web content to
mobile user agents. IEEE Internet Computing (Mar.
Apr. 2005).

11. Mahan, R. Smith, J.R,, Li, C-S. Adapting multimedia
Internet content for universal access. IEEE
Transactions on Multimedia (Mar. 1999).

12. Mohan, S. and Agarwal, N. A convergent framework
for QoS-driven social media content delivery over
mobile networks. In Proceedings of the 2 Annual
Conference on Wireless VITAE (Feb. 28-Mar. 3, 2011).
TEEE.

13. Moustafa, H. and Maréchal, N. and Zeadally, S. Mobile
multimedia applications delivery technologies. IT
Professional 14, 5 (Sept/Oct. 2012). IEEE Computer
Society.

14. Moustafa, H. and Zeadally, S., Eds. Media Networks:
Architectures, Applications and Standards. CRC Press,
May 2012.

15. OTT Streaming, 2" Edition. White Paper. (Sept. 2011);
http://www.anevia.com/IMG/pdf/Anevia_White-
Paper_OTT-Streaming_2nd_Edition.pdf /

16. Oyman, O. and Singh, S. Quality of experience
for HTTP adaptive streaming services. IEEE
Communications (Apr. 2012).

17. Pichon, D. Rieublandou, G., Bonnin, J.M. and Seite,

P. Coordinated service and mobility management to
maximize user QoE and optimize network resource
use. In Proceedings of the IEEE 20" International
Symposium on Personal, Indoor and Mobile Radio
Communications (2009).

18. 3GPP Specification TS 26.247. Progressive Download
and Dynamic Adaptive Streaming over HTTP (3GP-
DASH) (Release 10).

19. Wenger, S., Hanuksela, M., Stockhammer, T.,
Westerlund, M. and Singer, D. RTP payload format for
H.264 video. RFC 3984, IETF (2004).

Mamadou Tourad Diallo (mamadoutourad.diallo@
orange.com) is working on his Ph.D. within Orange Labs,
Issy-les-Moulineaux, France. His thesis work concerns
new video content and delivery adaptation.

Hassnaa Moustafa (hassnaa.moustafa@intel.com)

is a Research Scientist at Intel Labs, Intel Corp.,
Hillsboro, OR, where she works in video delivery
optimization over wireless networks. The work described
here occurred during her stay at Orange Labs,
Issy-les-Moulineaux, France.

Hossam Afifi (hossam.afifi@mines-telecom.fr) is a
professor at the Institut Mines Telecom, Saclay, France,
where he works on multimedia services and applications.

Nicolas Marechal (nicolas.marechal@orange.com)

is a project manager and an R&D engineer at Orange Labs,
Issy-les-Moulineaux, France. His areas of interest

include the optimization of content delivery over

a mobile environment.

©2013 ACM 0001-0782/13/11 $15.00

NOVEMBER 2013 | VOL. 56 | NO.11 | COMMUNICATIONS OF THE ACM 93



