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Abstract Advances in multimedia processing capa-
bilities of electronic devices and the rapid growth of the
Internet have contributed to the proliferation of col-
laborative applications such as distance learning (DL)
webcasting. A key technical challenge in such DL sys-
tems is providing access to rich media content to any
user regardless of device capabilities, network hetero-
geneity, and personal preferences. A novel MPEG-21-
based adaptation architecture is presented to overcome
these challenges by performing (1) application layer
transcoding that adapts the presentation format of DL
content to match device media decoding capabilities
and user-desired modality, (2) bitstream transcoding to
adapt multimedia to match device processing capabil-
ities and encoding bit-rate supported by the network.
Experimental results indicate that the proposed system
delivers personalized DL content to meet end-user envi-
ronmental restrictions with small transcoding overhead.
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1 Introduction

The maturity of the Internet has given rise to effec-
tive collaborative distance learning (DL) webcasting,
allowing people from various physical locations to com-
municate and interact over wired and wireless links. In
addition to the traditional video conferencing function-
ality, DL webcasting applications support user interac-
tions and live streaming of rich media, such as video,
audio, slides, and text, to a large number of users [10].
As an example, screen shots of an open source DL web-
casting system called ePresence [11] are shown in Fig. 1.

The increasing multimedia processing capability of
mobile devices such as Personal Digital Assistants
(PDA), Pocket PCs, and Smart Phones as well as
advances in wired and wireless networks have added
a new dimension to how people and groups collabo-
rate and access media content. Consequently, there is a
growing aspiration for a Universal Multimedia Access
(UMA) [12] framework that provides seamless delivery
of multimedia content to anyone, at anytime, and any-
where. Such a UMA paradigm can be achieved through
adaptation of content based on a variety of user needs
and preferences. In particular, this work considers three
factors that necessitate the need for adaptation. These
are unique device capabilities, heterogenous networks,
and user-defined Quality of Service (QoS).

The first factor is the diversity in device capabilities,
in terms of parameters such as frame rate and screen res-
olution. This translates to a need for media adaptation
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Fig. 1 Screen shots of DL
content used in the ePresence
system. This example
demonstrates the need for
adaptive delivery

PC(a) (b) PDA

through scaling and transformation as well as termina-
tion of media streams in cases where they cannot be
processed by the device. This must be performed in real
time to avoid significant adaptation delays in deliver-
ing DL content to the end user. This real time nature
of a DL application is crucial in providing users with an
experience similar to that of attending the live event [19].
Figure 1 provides an example demonstrating the effect
of display size on the viewing experience for the ePres-
ence system. As seen, displaying complete multimedia
content on devices with small screen sizes, renders the
content virtually illegible.

The second factor to consider in a UMA framework
is the delivery of multimedia over a multitude of heter-
ogeneous and unreliable wired and wireless networks.
Clearly, diverse networks exhibit unique behavior in
terms of fluctuations in bandwidth capacity. Available
bandwidth capacity is time dependant and calculated
based on factors such as packet loss, round trip time
delay, and jitter [41]. This diversity in bandwidth char-
acteristics of the underlying network gives rise to a need
for multimedia adaptation to provide variable bit-rate
media encoding.

The third important consideration in UMA is the
quality of the end-user experience [32]. Users must be
allowed to negotiate a QoS based on their preferred
multimedia modality. This must be negotiated, not
granted, since not all devices are capable of process-
ing all types of media. For example, video should not
be delivered to a user device incapable of processing
video.

Unfortunately, conventional DL applications do not
support adaptive multimedia delivery. While various
adaptive Web content delivery systems [26] have been
proposed to address the UMA challenge, they are gen-
erally geared towards Web browsing applications and
not live streaming of rich multimedia content as needed
in DL webcasting [30].

Adaptation of multimedia in a live streaming context
can be achieved through a process known as transcod-
ing. Multimedia transcoding is the conversion of one
media file format to another or the re-encoding of the
original media file with new encoding parameters [9].

Traditionally, multimedia transcoding has been lim-
ited to bitstream transcoding, performed on the actual
media to parse, transform, and scale the underlying
streams. In addition to this type of transcoding, higher-
level application layer transcoding [9] can be used to
determine a presentation format (browser template)
based on device capabilities and user-desired modality
[38] and provide adaptation parameters to the underly-
ing bitstream transcoder.

Both application layer and bitstream transcoding
require descriptions of the usage environment and user
preferences. In this regard, metadata is a powerful tool
that can be utilized for describing, indexing, and search-
ing for the properties of diverse devices, networks, user
preferences as well as the actual media [38]. This work,
therefore, considers a metadata-driven transcoding [38]
approach for multimedia adaptation using both applica-
tion layer and bitstream transcoding.

Metadata-driven transcoding is achieved in this paper
through the use of standardized tools provided by
MPEG-21 or the ISO/IEC 21000 Multimedia Frame-
work. This framework standardizes interfaces and tools
to facilitate seamless exchange and consumption of
multimedia resources across a wide range of networks,
devices, and users [33]. MPEG-21 packages the actual
multimedia and metadata describing the properties of
the encapsulated media into an architectural unit known
as a Digital Item (DI). Transcoding is performed at the
DI level and is known as Digital Item Adaptation (DIA)
[6]. The first step in DIA is to perform description adap-
tation whereby the DI metadata and the user environ-
mental metadata are transformed (based on adaptation
rules) to produce parameters for application layer and
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Fig. 2 System overview:
adaptation engine that
performs application layer
and bitstream transcoding
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bitstream transcoding. Consequently, these parameters
are used to produce a presentation template and to
transform the media bitstreams to meet the end user’s
environmental needs.

The main contribution of this paper is the design of a
novel MPEG-21-based system geared towards achieving
UMA in a distance learning application where a com-
bination of multimedia material such as video, audio,
images, and text are delivered to the end users. The pro-
posed design, shown in Fig. 2, uses the MPEG-21 adapta-
tion tools to transform digital items based on unique and
varying environmental conditions using meta-driven
transcoding.

The rest of this paper is organized as follows. Section 2
will provide an overview of the prior work in the area of
DL webcasting and metadata-driven transcoding. Sec-
tions 3 and 4 discuss the details of the proposed method
and experiments and results are presented in Sect. 5.
Section 6 concludes the paper and provides directions
for future work.

2 Prior work

Over the past decade, a plethora of systems have been
developed for adaptive content delivery to various
devices over the World Wide Web [7,26,28,29,42]. The
work of [29] proposes a QoS-aware adaptive Web-based
architecture to allow for real time monitoring and mod-
eling of network metrics, content and navigation prefer-
ences, as well as perceived performance related to user
satisfaction of his/her Web experience. In [26,42], an
adaptive delivery framework is presented that consists
of three main modules namely, user environment mon-
itoring, decision engine, and content adaptation. The
decision engine parallels the application layer transcod-
er discussed above and is responsible for determining
the necessary adaptations. The adaptation module is
similar to the bitstream transcoder and operates on the
actual media through abstraction (information compres-
sion), modality transformation, format conversion, data
prioritization, and purpose classification.

The above Web-based systems provide content adap-
tivity geared towards browsing information on the World
Wide Web. Consequently the problem of “on-the-fly”

adaptation of live multimedia streams needed in DL is
generally not considered [30]. At the same time, various
systems [14,37,13,35,31] have been proposed to specifi-
cally address Web-based DL but they do not consider
the problem of adaptive content delivery. Such systems
generally include a combination of video, audio, slides,
chat sessions, and whiteboard functionality. They utilize
an Apache web server to interact with clients, and an
SQL backbone to provide web-based access to media
on the server database and a RealNetworks server to
stream the media. A similar approach is given in [19]
with the exception that an H.263 video compression
engine is used to stream an additional video feed (at
low bitrates) containing what is being demonstrated on
a whiteboard.

Unfortunately, distance learning solutions do not gen-
erally provide adaptive content delivery. An exception
is the four-tier Electronic Educational System (EES)
model proposed in [16] that provides limited data per-
sonalization to the end user. Specifically, the top layer
in the system, known as the instructional layer, allows
educators (not users) to specify which media compo-
nents to include in the system (video, slides, chatroom,
whiteboard, etc.). The lower layers take the instructions
from the top layer to create the final presentation for-
mat seen through a browser. A similar approach for
delivering personalized course material to target spe-
cific user learning needs is proposed in [15]. In particular,
IEEE LTSC Learning Object Metadata (LOM) is used
to create a flexible architecture to allow professors to
deliver personalized content. For example, the user can
choose the language or difficulty level of the DL content.
Although both of the above-mentioned models allow
for personalized creation of the presentation content,
they too fail to address user personalization in terms of
device, network capabilities, and media preference.

As previously mentioned, multimedia adaptation for
UMA can be achieved through transcoding. Section 1
motivated the use of metadata-driven transcoding to
facilitate the description of user preferences and envi-
ronmental conditions. In this context, the usage envi-
ronment, including device capabilities, user preferences,
and network conditions are described as metadata.
Metadata syntax is commonly represented using Exten-
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Fig. 3 Metadata transformation engine

sible Markup Language (XML) [2] and its processing
and transformations can be accomplished using Exten-
sible Stylesheet Language Transformation (XSLT) [3].
XSLT is a tool for transforming and parsing an XML
document into an alternative format such as HTML or
text.

In the context of metadata-driven transcoding, XSLT
sheets specify adaptation rules used by both applica-
tion layer and bitstream transcoders. The application
layer transcoder requires transformation rules to pro-
cess user metadata in order to determine the modality
to stream and the stylesheet required to properly dis-
play this modality in a browser. The bitstream transcod-
er requires transformation parameters to process user
metadata to physically adapt the media to meet the
device limitations and network bit-rate requirement.
Bitstream-level multimedia transcoding has been well
studied and the interested reader is referred to [22,36,
39] for an overview and examples. The rest of this sec-
tion provides a brief outline of existing solutions for
metadata-driven transcoding.

A generic metadata transformation system is pro-
posed in [23] and similarly in [24] as shown in Fig. 3.
These solutions consist of a Document Object Model
(DOM) processor that creates XSLT sheets and an
XSLT processor that transforms the XML data using
the created XSLT sheet. The DOM processor takes in
environment and adaptation policy descriptions as its
input and produces an XSLT sheet that meets the cur-
rent adaptation specifications as output. While these
implementations are intended to provide generic
content adaptation solutions, implementing the DOM
processor is application specific and hence requires
knowledge of semantics of all applications that will have
their contents transformed by this metadata transcoding
engine. Moreover, DOM processing requires intensive
and computationally expensive conditional program-
ming.

Because a DL application requires live streaming of
media content, the computational complexity of DOM
processing poses a serious limitation. The proposed
method performs DOM processing a priori and caches
XSLT sheets to transcode for unique environmental
processing conditions. In essence, the proposed method
replaces the DOM processor with a selection phase that
is more efficient in the context of real time transcoding.
Hence, by having a fully cached XSLT solution, metada-
ta-driven transcoding can be accomplished in real time.

3 Proposed system

This work proposes a system geared toward the delivery
of live and archived DL content. As shown in Fig. 2, this
system achieves the UMA objective through the use of
MPEG-21-based metadata-driven transcoding for mul-
timedia adaptation. As described in Sect. 3.1, MPEG-21
provides a standard description of environmental and
user conditions. Moreover, it allows the packaging of
media (audio, video, and slides) and the correspond-
ing metadata into a single entity called a Digital Item
(DI). As seen in Fig. 2, the first step in DI adaptation
is to transform the metadata pertaining to a DI using
an XSLT sheet. Due to the high computational cost of
DOM processing needed for creation of such sheets in
real time, we propose to create and cache a small set of
XSLT sheets a priori to serve various combinations of
device capabilities, network conditions, and user pref-
erences. A novel transformation module, described in
Sect. 4 is proposed to select one of the cached sheets
in a “best effort” manner to match the user’s envi-
ronment description (MPEG-21 usage environment).
After an appropriate sheet is chosen, the transforma-
tion rules and the MPEG-21 DI associated with the DL
content are forwarded to the transcoder. As discussed in
Sect. 3.2, the transcoder uses the XSLT rules to produce
a new DI. This adapted DI represents the presentation
template and DL multimedia that best match the user’s
environmental description needs. The final step is to
stream the content to the end user.

Adaptation can be performed at the content server, a
proxy server, or the user terminal [26,27]. In this work,
the DIA engine is implemented on the content server
in order to create transparent access to devices having
minimal processing capabilities.

3.1 MPEG-21: usage environment

The MPEG-21 Standard provides various tools to
support metadata-driven transcoding [6]. The Usage
Environment Description Tool (UEDT) [5] generates
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metadata that describes device capabilities, network
conditions, and user characteristics as well as the natural
environmental characteristics such as user visual impair-
ments. The UEDT provides the proposed system with a
standardized description tool that contains all the infor-
mation needed about the user environment for the pur-
pose of adaptation. These standardized description tools
allow for the use of metadata by any system components,
external components, or vendors interfacing with the
adaptation engine or requiring information about the
user’s environment. Moreover, MPEG-21 proposes a
larger set of parameters [5] for applications that require
alternative information about the user’s environment. It
should be noted that the MPEG-21 Standard does not
specify how to obtain information about the environ-
ment. This work assumes that the user creates an account
on the DL system indicating the usage environment
parameters and preferences. There are automated meth-
ods of obtaining user environment information such as
the Session Description Protocol [41] to obtain device
capabilities and Real Time Control Protocol [41] to
obtain network information. These protocols are out-
side the scope of this paper and will not be discussed in
detail.

3.2 Transcoder

The first step of transcoding is to initiate application
layer objectives such as producing the proper template
to display the desired modality in a browser. Compo-
nents of the presentation template such as video, slides,
and text chat are described in the DI metadata. This
metadata is transformed based on the adaptation
requirements into a browser friendly HTML format
using the XSLT sheet chosen by the transformation
module.

After this presentation template has been deter-
mined, bitstream adaptation takes place. A commonly
used approach for bitstream adaptation is offline scal-
able coding whereby scaled versions of the same media
content are created, stored, and streamed as needed.
Such a method, however, is highly storage intensive.
Therefore, in cases such as DL content delivery where
no limitations on types of devices, user preferences, and
network conditions are imposed, realtime adaptation,
known as transcoding, is needed [40]. Moreover, the
intended application of DL requires streaming of live
lecture material as the media are captured. This renders
scalable coding unsuitable in this work.

Transcoding is performed through the MPEG-4 Stan-
dard scalable tools [25] in the proposed system to pro-
vide temporal, spatial, and Signal-to-Noise Ratio (SNR)
scalability (i.e., vary the bit-rate encoding). Recall that

the set of rules specified in an XSLT sheet together with
the user’s UEDT are used to transform the DI meta-
data. Adaptation parameters obtained from this trans-
formation are utilized to perform transcoding on the
media streams by providing the proper configuration
files for the MPEG-4 encoder. Examples of such param-
eters include temporal and spatial scaling of video and
images as well as audio scaling parameters.

The above transcoding procedure must be performed
for XSLT sheets chosen to serve user requests. As mul-
tiple user requests can be mapped to the same XSLT
sheet, the number of necessary of encodings is deter-
mined by the number of such sheets (not users). This
highlights the trade-off between the level of adaptation
offered by the system and computational complexity.
Lastly, it must be noted that there are numerous MPEG-
4 encoders that provide real-time transcoding with low
processing delay, even for live multimedia streaming.
Moreover, [9] proposes modifications to this encoder to
further reduce the needed computations.

In addition to parameters related to spatial scalabil-
ity, the bitstream transcoder requires the knowledge of
available bandwidth in order to encode multimedia at a
bit-rate that meets the end-user network conditions. The
next section will explain how the proposed method esti-
mates the available bandwidth in order to encode and
stream DL content at a high level of QoS while deal-
ing with the end users unreliable IP network conditions
such as packet loss due to congestion.

3.3 Bandwidth estimation

A bandwidth estimation protocol is a critical component
for ensuring a high-level QoS multimedia delivery over
best effort networks such as the Internet. This is needed
to avoid device buffer overflow and multimedia degra-
dation as a result of significant packet loss in congested
networks. In this light, the proposed system encodes
and streams media according to the available bandwidth
of the network connecting the end user to the content
server.

Bandwidth estimation is the determination of avail-
able bandwidth for data transmission based on dynamic
factors such as packet loss and delay in order to cope
with congestion points in the underlying network.
Existing TCP rate control algorithms are suitable for
applications such as HTTP and FTP that can withstand
bursty data transmission (i.e., can withstand abrupt
bandwidth fluctuations). However, bursty transmission
is not appropriate for a DL application due to the high
sensitivity of the human observer to visual data bit-rate
fluctuations [18], especially in video. Thus, smooth
bandwidth rate estimation dynamics are desired in
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Table 1 User environmental parameters used in the proposed system for content adaptation

Description tool Parameters

Device capabilities Codec supported, resolution, frame-rate, color depth,
frequency range, number of audio channels

Network characteristics Available bandwidth (i.e., bit-rate)
User preference Modality (video, audio, images, text and audio chat)

multimedia streaming. At the same time, since the occa-
sional loss of packets can be tolerated during video and
audio streaming [17], an aggressive rate control algo-
rithm, such as TCP, is not required for our application.

The proposed method utilizes a TCP Friendly Rate
Control (TFRC) variant of the TCP congestion control
algorithm called Equation-Based Congestion Control
(EBCC) [20]. Equation (1) [20] provides one example
of calculation of a TFRC response function used to esti-
mate and control the bandwidth rate. This formulation
can be used to provide an upper bound on the trans-
mission rate for a given packet size s, round-trip-time R,
calculated packet loss p, and the retransmission timeout
tRTO.

BWavailable = s

R
√

2p
3 + tRTO(3

√
2p
3 )p(1 + 32p2)

(1)

The details of EBCC are outside the scope of this
paper, and the reader is referred to [20] for complete
details.

4 Transformation module

In contrast to previous metadata-driven transcoding
approaches [23,24], the transformation module does not
create XSLT sheets to serve an incoming user-request.
Instead, its objective is to choose a sheet which matches
the user-request environment needs from a set of previ-
ously cached sheets to provide best effort service in real
time. This sheet will then be used by the transcoder to
adapt the DL content to the end user environment char-
acteristics. This method avoids the high complexity and
delay caused by creation of new sheets on the fly (i.e.,
DOM processing) as mentioned in Sect. 2. The transfor-
mation module also updates the cached sheets to better
adapt to changing user devices and environmental con-
ditions by employing a clustering algorithm.

Selection of the required sheet can be done based on
various network conditions, device parameters, and user
preferences. When choosing such selection criteria, it is
important to note that increasing the number of param-
eters usually adds more complexity to the transcoding
process. With this in mind, the proposed system uses the
parameters listed in Table 1 to select a sheet most suited
to network, device, and user requirements.

Cached sheets are initialized once during an offline
step based on expected usage environment conditions.
While the initial set of sheets must be chosen to match
the anticipated usage environemnt sufficiently well,
experiments of Sect. 5 show that the complexity of the
system and startup delay increase with the number of
cached sheets. For the purposes of this work, the cache is
initialized using typical resolution, frame-rate and color
depth parameters for three types of devices, namely, per-
sonal computers (PC), personal digital assistants (PDA),
and smart phones as well as available bitrates for stream-
ing in dial-up, wireless, and high speed networks. Other
devices such as High Definition Televisions can readily
be taken into account in future developments. Further
details on the parameters used are provided in Sect. 5.

After initialization of the cache and upon receiving a
new user request, the online XSLT sheet selection pro-
cess is carried out in three steps. First, the cached sheets
are pre-filtered based on device limitations to determine
a small set of candidate sheets. Next, one of the sheets
from the candidate set is chosen for transcoding and
the cache is updated. Finally, the transformation rules
are passed to a transcoder to produce the final adapted
media for this particular request and stream it to the user
as described in [9]. The details of each of these modules
are discussed in the following sections.

4.1 Pre-filtering

The first step in the proposed approach is to search the
cached XSLT sheets and select sheets that satisfy the
minimum parameter requirements needed for proper
processing of the requested media by the user device.
For example, if the device is capable of processing video
at 15 frames per second (fps), all sheets with a rate
greater than 15 fps are eliminated from the selection
process. Parameters used in pre-filtering are those that
remain unchanged during the webcasting session
(assuming the same device). The pre-filtering of XSLT
sheets is accomplished by partitioning the set of existing
sheets using a tree structure [34] based on parameters
such as device capabilities, modality, and available net-
work bandwidth. The advantage of using a tree structure
is that XSLT sheets can be organized in a manner that
allows efficient insertion, searching, and elimination of
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XSLT sheets in the cache. Pre-filtering gives precedence
to device and network capabilities over user preference.
For example, if a device is not capable of processing
video, all XSLT sheets with video are disqualified even
if the user indicates high preference for this modality.

The pre-filtering component returns multiple XSLT
sheets with the capability to transcode the requested
media. Hence, a number of different sheets are avail-
able to be used by the transcoding engine for DIA
which meet fixed session requirements such as the pre-
sentation format of the DL content and the multimedia
modality that the device is capable of processing. Having
multiple sheets allows the transcoder to switch between
adaptation rules to account for dynamically fluctuating
parameters such as available bandwidth. The next sec-
tion describes how a unique XSLT sheet is chosen from
the set of pre-filtered sheets and how the cached sheets
are updated.

4.2 Clustering and cache updates

The pre-filtering component discussed above selects a
set of potential sheets to serve an incoming user request.
The next step is to choose one XSLT sheet from this set
based on the MPEG-21 UEDT for transcoding. As the
number of candidate cached sheets are limited, the user
request can only be served in a best effort manner. In
other words, matching of the user request to one of the
cached sheets incurs some loss. In this light, we pro-
pose a sheet update procedure that allows the system
to minimize this loss over multiple requests, by adapt-
ing to changing user needs over time. The cache update
is carried out in an automatic manner in parallel with
sheet selection and streaming and thus does not lead to
additional delay.

In the following discussion, each sheet is treated as
a vector of transcoding parameters (all have numerical
values) found in Table 1 denoted by Sj = [s1, . . . , sm]T.
In other words, the transformation rules of sheet j adapt
the DL content to the environmental parameters repre-
sented by vector Sj. Similarly, the incoming user request
i, Qi = [q1, . . . , qm]T, is a vector with the same dimen-
sionality as the sheet vectors. Each incoming request
vector is then compared against the set of pre-filtered
sheets and the sheet most “similar” to the request is
chosen for transcoding. The similarity comparison algo-
rithm is discussed next.

4.2.1 Sheet selection for transcoding

The objective of the sheet selection algorithm is to map
an incoming user request to an XSLT sheet in the cache
containing the adaptation rules for transcoding. This is

done by clustering the incoming requests based on the
sheet they map to. The number of clusters is equal to
the number of cached sheet (20 in our case) and these
same sheets will serve as the initial cluster centers. The
set of requests served by a given sheet Sj generates a
request cluster cj which will be used for cache selec-
tion and update. It is appropriate that each sheet has its
own cluster so that each sheet is individually updated
according to the requests mapped to it. We denote the
set of all clusters (corresponding to each cached sheet)
after n requests have been received by the DL system
as C(n)

N = {c(n)

1 , . . . , c(n)
N }, where N is the total number of

cached sheets and c(n)
i denotes the cluster request for

sheet i after n requests are received.
After the pre-filtering stage where M sheets are dis-

qualified, N − M sheets are available that match the
end-user environmental restrictions. Denote this set as
S ′ = {S1, . . . , SN−M}. The clustering algorithm selects
one sheet, Si ∈ S ′ for transcoding according to the cur-
rent environmental conditions. Clearly, finding a cached
sheet that exactly matches all the environmental criteri-
ons of a user request is unlikely. Thus the system must
map each user request to a cluster (XSLT adaptation
rule) that produces the lowest error. Consequently, a
distance measure is needed in order to map an incoming
data sample (i.e., user request) to a cluster (i.e., XSLT
sheet). In choosing such a measure for clustering, the
unique nature of the parameters in Table 1 (in terms of
properties such as dynamic range and probability distri-
bution) must be taken into account. This is a difficult task
to accomplish because parameters such as frame-rate
change continuously due to rapidly advances in technol-
ogy. In light of these difficulties, the proposed clustering
algorithm uses a normalized Weighted Absolute Error
(WAE) [8] calculated as follows:

d(Qi, Sj) =
m∑

k=1

wk
|qk − sk|

αk
(2)

where αk is used to normalize the parameter distances
to the range [0, 1], and wk ∈ [0, β] indicates the impor-
tance of parameter k determined a priori by the user
with 0 representing the lowest priority. The WAE offers
the following features:

• The absolute error can be calculated efficiently. This
is important for real time DL systems, specially when
the number of clusters is large.

• All parameters in Table 1 have numerical values that
should be normalized because each parameter has
a unique dynamic range. Normalization is essential
during the aggregation of distances to ensure that
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parameters with large dynamic ranges do not mask
the effect of parameters with small dynamic ranges.

• The WAE utilizes the user preferences to weigh
parameters according to user-perceived importance.
For example, if the user preference states that the
frame-rate is more important than display resolu-
tion, then more emphasis will be placed on finding
a closely matching frame-rate request, hence provid-
ing the user with a degree of QoS personalization. The
number of weights chosen and their values will vary
based on adaptation system design.

Sheet selection is accomplished by minimizing the
selection loss over all clusters by mapping a request to
a cluster that produces the lowest WAE. This loss is
denoted as e and is calculated as follows:

e =
∑

Sj∈S ′

∑

Qi∈c(n)
j

d(Qi, Sj) (3)

where d(Qi, Sj) is the WAE of (2) and S ′ and c(n)
j rep-

resent the set of sheets after pre-filtering and cluster of
requests for sheet j defined previously.

This process is repeated throughout the transcoding
session. In other words, a user request is mapped to a
particular sheet according to the following condition:

Qi ∈ c(n)
j iff d(Qi, Sj) = min

Sj∈S ′ d(Qi, Sj). (4)

A summary of the sheet selection algorithm is shown
in Fig.4.

Maintaining the UEDT metadata of every request
poses two burdens on the content server. The first con-
cern is that each metadata description can be 50 kB in
size [6]; assuming a large number of user requests, sig-
nificant storage space may be required to store these
descriptions. The second is the need for an efficient and
organized method of caching and accessing the infor-
mation from these files. In order to reduce the storage
and indexing requirements on the server, the actual clus-
ters, which include the request metadata, are not stored.
Instead, only cluster centers Si, i = 1, . . . , N are stored.
The next section will explain how the user UEDT is
used to update the clusters without the need to store the
metadata files on the content server.

4.2.2 Updating the cached sheets

The proposed system offers a real-time adaptation
framework by using a set of cached XSLT sheets as
opposed to generating sheets on the fly. The limited

Inputs:

S i: ith cached sheet;

Q i: ith user request.

Output:

Selection : XSLT sheet index to be used in transcoding.

Algorithm:

for each new request

Pre-filter based on UEDT parameters to obtain S ;

Select sheet j :

dmin= ∞
for j = 1 : N − M

if d (Q i, S j) ≤ dmin

dmin= d (Q i, S j)
Selection = j

end

end

Fig. 4 Sheet selection algorithm

number of cached sheets are generated based on a priori
expectation of user needs by the system designer. Such
a scheme results in an adaptation service that inevitably
leads to some compromise in matching user require-
ments. With this in mind, we propose to update the set
of cached sheets during the operation of the system to
adapt to user requests over time and minimize the over-
all loss incurred due to limitations of a priori parameter
selection during the initialization of the cache, and to
cope with technological advances.

Two methods can be used to update the cached sheets.
The first method is manually creating new sheets to take
into account new devices and network conditions. For
example, if new devices such as High Definition Televi-
sion (HDTV) or Large Displays [21] require access to
the DL content, new rules and hence XSLT sheets will be
required. The second method explained in this section
updates the cached sheets based on environment param-
eters from incoming requests of devices recognized by
our system.

A cluster structure similar to the one presented for
sheet selection is used to update the XSLT sheets’
parameters based on the characteristics of users access-
ing the system. This section will give details of how the
multimedia bit-rate encoding parameter will be updated
based on the bandwidth characteristics of the heterog-
enous network connecting the end user to the content
server. Updating can also be applied to other parameters
such as frame-rate and resolution.

Note that the sheet selection clustering algorithm
operates only on pre-filtered sheets. This is done because
a given request can be served only with XSLT rules
that produce a presentation template and adapted
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multimedia that the user’s device is capable of process-
ing. The pre-filtering operation ensures that this scenario
of over-estimating capabilities does not occur. Thus, the
error e′ taken over all sheets is generally smaller than
the error taken over the pre-filtered set. This is because
a request with slightly higher quality parameters than
sheet Sj will be assigned to another sheet with possi-
bly larger loss. In order to remedy this situation, the
cache updating strategy aims to minimize the loss over
all cached sheets. Hence a sheet updating algorithm is
introduced by considering the modified loss function:

e′ =
∑

Sj∈S

∑

Qi∈c(n)
j

d(Qi, Sj) (5)

where S is the set of all cached sheets. The loss function
of (5) is essentially the sum of within cluster distances.
Using this loss function and the entire set of cached
sheets, the algorithm in the previous section is used to
assign an incoming request to a particular cluster. In
the case of updating the bit-rate encoding, the cluster
representative, or sheet bit-rate is the new sample mean
evaluated using all elements belonging to the cluster and
is updated incrementally using the new request:

R(n)
Sj

= n − 1
n

R(n−1)
Sj

+ 1
n

RQi (6)

where R(n)
Sj

denotes the bitrate at time n for sheet Sj

and the request Qi is assigned to Sj. Due to the incre-
mental update policy utilized here, previous requests do
not need to be stored on the system. The cache updating
algorithm is outlined in Fig. 5 for the example of bit-rate.
Note that not all the sheets are updated. The system
reserves one sheet for every type of device supported
that adapts DL content assuming minimal processing
capabilities. This guarantees that users with outdated
technology can still access the system. The experimen-
tation reported in this work will highlight the converging
properties of the clustering algorithm and will demon-
strate the bandwidth utilization gains by the proposed
design.

5 Experiments and results

This section provides details on experimental evalua-
tion of the proposed methods using Monte Carlo simu-
lations as well as real streaming scenarios. In particular,
four points are addressed in this section. First, the effec-
tiveness of application layer transcoding in producing

Fig. 5 Sheet update algorithm for adaptively changing the bit-
rate encoding of sheets

suitable presentation templates for given device specifi-
cations is demonstrated. Second, the validity of the clus-
tering algorithm in selecting adaptation rules as well as
its convergence properties are investigated. Third, we
examine the impact of encoding rate on incurred delay
as this contributes directly to the startup delay associ-
ated with buffering. Fourth, the effect of various band-
width estimation and congestion control mechanisms on
number of dropped frames is studied as high packet loss
ratios can lead to significant errors during video decod-
ing.

5.1 Experiment setup

Experiments of this section are based on real streaming
results as well as simulated scenarios. The setup for each
of these scenarios is described below.

5.1.1 Environment

Experimental results are reported for a setup similar to
the ePresence system as the proposed solution will func-
tion on top of such a system to provide adaptive trans-
coding and streaming. In the real streaming scenario,
the DL content server is set up in Toronto, Canada and
the content is viewed approximately 600 Km away in
Montreal, Canada.

In order to test the proposed solutions with a large
number of users and large range of parameters, Monte
Carlo-based experimental results on a simulated setup
are reported. An IP network emulator ns-2 is used to
simulate a fluctuating heterogenous network for realis-
tic interactive webcasting scenarios with the client and
server connected by nodes (gateway and routers) and
with duplex connections between all nodes. Figure 6
shows the IP network configuration used with the Real
Time Streaming Protocol (RTSP) [41] and Real Time
Control Protocol (RTCP) [41] plus TCP server streams.
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Fig. 6 Client/Server network configuration for our experiments
assuming a 600 km streaming distance. Dark-and light-colored
waves represent RTSP and RTCP plus TCP server streams, respec-
tively

The RTSP connection between the server and the cli-
ent is for the actual multimedia transportation and the
RTCP plus the TCP connections are used for bandwidth
estimation and for exchanging other client/server con-
trol information. The client is connected to the Internet
through a wireless link with a 1 Mb/s streaming capac-
ity. The server is located on a Local Area Network at
a distance of 600 Km from this client and has a bitrate
of 5 Mb/s for streaming. This server is equipped with a
665MHz Pentium III processor with 128 MB of RAM.

5.1.2 Media, encoding and streaming

The transcoded event stream is comprised of video,
audio, and slides in JPEG format. The proposed archi-
tecture uses MPEG-4 as a means to encode video and
audio. An FFMPEG1 encoder is used as the physical
transcoder capable of providing temporal, spatial, and
SNR scalability. The MPEG-4 and 3GP (MPEG-4 for-
mat for mobile devices) content are streamed to the end
users by the open source Darwin Streaming Server [1].

5.1.3 Devices

Two types of devices, PCs and PDAs, are considered for
the experiments of this section. The parameters used
herein are reflective of typical device capabilities at the
time this paper is written and are shown in Table 2.

5.2 Application layer transcoding

Application layer transcoding is used to adapt the DL
material based on user modality preferences and to
deliver the requested multimedia layout. This step is cru-
cial in determining the device capabilities in processing

1 http://sourceforge.net/projects/ffmpeg/

the requested modality through XSLT transformation
rules.

Figure 7 shows screen captures of adapted DL con-
tent displayed on both a PC and a PDA. Because the PC
is capable of displaying the full lecture content (video,
slides, and text chat), application layer transcoding
produces a browser template that includes all three
modalities. Due to screen limitations of the PDA, the
presentation template is adapted such that only a subset
of modalities is streamed based on the user preference.
Moreover, examples of an adapted digital item as well
as a browser template are shown in Figs. 8 and 9, respec-
tively. These figures illustrate how device capabilities are
considered in generation of the adapted layout.

5.3 Clustering algorithm

This subsection will investigate three aspects of the clus-
tering algorithm: (1) sheet selection process via an exam-
ple based on actual devices, (2) delay incurred due to
sheet selection and metadata transformations, (3) capa-
bility to update cached XSLT sheets.

5.3.1 Pre-filtering and sheet selection

The effectiveness of the sheet selection algorithm is
elucidated through an example involving three cached
sheets and two requests based on the devices in Table 2.
For simplicity, it is assumed that all parameters shown in
Table 1, except video resolution, frame-rate, and color
depth, are matched perfectly between the selected sheet
and user requests. We further assume that these param-
eters are equally important to the user.

Table 3 shows parameters of the cached sheets and
the corresponding WAE for the two requests. It is seen
that the request coming from the PC cannot be per-
fectly matched by any of the sheets. Sheet S1 produces
the smallest WAE for this request and is selected for
transcoding despite the fact that the adapted resolution
is lower than that requested. For the PDA, sheet S2 per-
fectly matches the requirements of the incoming request
from the PDA. As expected this sheet produces the min-
imum WAE of 0 and is selected for transcoding. Note
also that sheet S1 is pre-filtered for this request as the
resolution exceeds display capabilities of the device. This
example shows how best effort personalization is pro-
vided to the end user with the guarantee of matching
environmental restrictions to deliver DL content that
can be properly processed.
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Table 2 Specifications for devices used in experiments

Device Processor Memory Video resolution Frame-rate Color depth

PC Intel Pentium 4 (2.8 GHz) 512 MB 360 × 240 20 24
HP hx2400 (PDA) Intel PXA270 (520 MHz) 64 MB 176 × 120 10 16

Fig. 7 (a) DL content
displayed on a PC screen. (b).
PDA display: video only. (c).
PDA display: slides only.
Example of application layer
transcoding: ePresence
lecture displayed on a PC
screen and b, c PDA

(a) DL content displayed on a PC screen.

(b) PDA display: video only. (c) PDA display: slides only.

Fig. 8 Example of DI
adapted to match the PC
specifications
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Fig. 9 Example of browser
template generation

Table 3 Cached sheets and the corresponding WAE for requests based on devices of Table 2 (Q1: PC, Q2:PDA)

Sheet Video resolution Frame-rate Color depth d(Si, Q1) d(Si, Q2)

S1 (generic PC) 320×240 15 16 0.69 Pre-filtered
S2 (generic PDA) 176×120 10 16 1.59 0
S3 (generic Smart Phone) 128 × 96 10 12 1.86 0.67

5.3.2 Selection delay

One of the appealing aspects of the proposed meta-
data-driven transcoding solution lies in its efficiency in
determining adaptation rules to meet the end users’
environmental needs and performing metadata trans-
formations. This is accomplished by having a fully cached
XSLT solution that does not require DOM processing.
Figure 10a shows the delay incurred by this algorithm
due to sheet selection and metadata transformation only.
Our proposed method currently supports 20 cached
sheets and utilizes 8 parameters (Table 1). The results
were generated for various number of parameters by
applying the sheet selection algorithm based on only a
subset of the parameters (for the five-parameter case)
and by adding four “dummy” parameters to the sheets
and user requests (in order to analyze the algorithm for
12 parameters). Since the objective of this experiment
was to quantify the delay incurred by the system, the
actual parameter values were irrelevant.

As Fig. 10a shows, the proposed algorithm experi-
ences a negligible delay of approximately 1.5 s. This plot
also displays the trade-offs between delay and cach-
ing more XSLT rules and the repercussions of taking
more environmental parameters into account. By cach-
ing more sheets, the DL system can provide more
detailed adaptation at the cost of having a higher
delay.

5.3.3 Convergence of updating algorithm

As mentioned in Sect. 4.2, device and network parame-
ters in the XSLT sheets are updated according to

incoming requests to improve bandwidth utilization and
to comply to changing demands in device parameters.
By updating bitrate values, the system is able to provide
variable encoding to match current network conditions.
This should be contrasted against a fixed rate encoding
scheme that uses worst-case bitrate conditions. With this
in mind, Fig. 10b shows the improvement in bandwidth
utilization as a function of the number of requests used
to update the clusters. The results are obtained using the
simulated setup described in Sect. 5.1.1. The requests
were randomly generated by varying user-server dis-
tance, type of network (wired or wireless), and down-
load bandwidth using the ns-2 simulator.

The results indicate that after approximately 1,000
requests, the clustering algorithm converges at a local
minimum of 10% unutilized bandwidth. This is expected
as 1,000 requests are sufficient to expose the system to
a wide array of network conditions.

5.3.4 Bitstream transcoding

Real-time applications, such as DL systems, that deliver
video and audio to the end user must stream content with
small delay in order to produce a live lecture experience.
The combination of RTSP/RTCP control mechanisms
allow for the delivery of a continuous video stream with
low overhead. This is accomplished by pre-buffering a
sufficient portion of the video at the user device to main-
tain a steady flow of media to playback while the rest
of the video is streamed. Although RTSP can ensure a
steady flow of media to the user device buffer, the effect
of bitstream transcoding delay must be addressed. As
previously mentioned, the existing works in the area
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Fig. 10 Start-up delays for
the proposed system
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utilize DOM processing that is computationally inten-
sive and is proposed as an offline solution. For this rea-
son the direct comparison of our online technique to that
method is untenable. In this light, the delay incurred by
the system with no transcoding is used as the benchmark
in the following results.

Figure11 shows the start-up delays for the real
streaming scenario described in Sect. 5.1.1. In partic-
ular, the delay value for streaming of live transcoded
media, archived transcoded media, and media without
any transcoding are shown for both a PC and a PDA.
For live DL sessions, the encoder requires the aid of a
capturing device to transfer and synchronize live video
and audio from devices (e.g., video camera). Moreover,
transcoding causes additional delay as video and audio
must be converted from one format to another (e.g.,
raw video to MPEG-4 format) or scaled (e.g., change
frame-rate). For archived content, the media is stored in
MPEG-4 format and transcoding delay is due to scaling
only. As Fig. 11 shows, the delay increases proportional
to the bit-rate encoding. This is due to the computa-
tional intensity and memory usage that the transcoder

experiences as the target encoding bit-rate increases.
Clearly, transcoding live session incurs the highest delay.
This additional overhead is due to two factors: (1) delay
from the capturing device, (2) computational intensity of
transcoding raw video and audio to MPEG-4 bitstream
format.

With the application of DL webcasting in mind, our
system uses the MPEG-4 Simple Scalable Profile (SSP)
[4] that offers a maximum bit-rate of 128 kb/s. Due to
the low motion activity present in DL lectures, this pro-
vides sufficient video viewing quality for the users. The
results indicate that with the SSP, the combination of
buffering and transcoding delay for streaming live lec-
ture content is less than 45 s. for both PC and PDA users
at a distance of 600 Km to the content server. As seen
here, adaptation comes at the cost of additional delay
of 25–30 s. While this is larger than the delay incurred
when no transcoding is performed, the overhead is small
relative to the total duration of a lecture (generally over
1 h). The transcoding delay can be further reduced by
using a more powerful server (recall that our server is a
Pentium III with 128 MB of RAM) as well as optimized

Fig. 11 Bitstream
transcoding delay as a
function of encoding bit-rate
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Fig. 12 Ratio of packets lost over a period of 200 s at a congested
network node

encoding and decoding procedures such as those sug-
gested by [9].

5.3.5 Bandwidth estimation and congestion control

As mentioned in Sect. 3.3, a low packet loss ratio is
desirable in video. This is because significant errors in
one frame can leave multiple frames undecodable as
the construction of prediction (P) and bi-directional (B)
frames used in MPEG video rely on information from
previous or future frames.

Figure 12 compares the percentage of packets lost
over a 200 s period using fixed-rate encoding as well
as variable encoding using TCP and EBCC bandwidth
estimation and control. The results are obtained using
the ns-2 simulator with the network topology of Fig. 6.
As seen, variable-rate encoding is clearly advantageous
to its fixed-rate counterpart. This is due to the fact that
overshooting in the fixed-rate case leads to packet loss
in a best effort IP network when congestion is evident.
However, due to the adaptive nature of TCP and EBCC,
congestion control allows both methods to maintain a
low level of packet loss (which can be a QoS parameter
specified by the client or server). This plot also shows
that EBCC can compete respectably with TCP algo-
rithms in terms of packet loss ratio while providing the
smooth dynamics desirable in video streaming.

6 Conclusions

This paper has addressed the problem of Universal Mul-
timedia Access in the context of DL webcasting. More
specifically, seamless delivery of multimedia content to

diverse end users in unreliable network conditions has
been considered. The proposed solution is a real-time
application level and bitstream transcoding solution per-
formed through caching of XSLT transformation sheets,
bandwidth estimation, and transmission rate control.
The experimental results indicate that the proposed
solution is effective in achieving DL content person-
alization while achieving a small delay overhead. An
interesting avenue for future research is the incorpora-
tion of multimedia content analysis into the proposed
design. This would allow personalization of the actual
media content in terms of color, audio, and other pref-
erences.
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