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SUMMARY In this paper, we present a CDN (Content
Delivery Network) architecture for mobile streaming service in
which content segmentation, request routing, pre-fetch schedul-
ing, and session handoff are controlled by SMIL (Synchronized
Multimedia Integration Language) modification. In this architec-
ture, mobile clients simply follow modified SMIL files downloaded
from a portal server; these modifications enable multimedia con-
tent to be delivered to the mobile clients from the best surrogates
in the CDN. The key components of this architecture are 1) con-
tent segmentation with SMIL modification, 2) on-demand rewrit-
ing of URLs in SMIL, 3) pre-fetch scheduling based on timing
information derived from SMIL, and 4) SMIL updates by SOAP
(Simple Object Access Protocol) messaging for session handoffs
due to client mobility. This architecture enhances streaming me-
dia quality for mobile clients while utilizing network resources
efficiently and supporting client mobility in an integrated and
practical way. The current status of our prototype on a mobile
QoS testbed “MOBIQ” is also reported in this paper.

key words: CDN, mobile network, streaming media, SMIL

1. Introduction

With the birth and growth of the Internet and high-
speed access links, Internet users can enjoy large
amounts of web content on the Internet. However,
network congestion and server overload have become
major concerns for content delivery. To mitigate these
effects, CDNs (Content Delivery Networks) are attract-
ing a great deal of attention. In CDNs, web content is
distributed to cache servers located at the edge of the
Internet close to clients, and the cache servers deliver
content to clients if they cached the requested content
beforehand. Since the cached content does not have to
be delivered from the origin servers to clients, this leads
to lower latency for users, better network resource uti-
lization for network operators, and scalable service pro-
visioning for content providers. At the moment, several
commercial companies provide CDN service on world-
wide scales [1].

In mobile environments, Internet access has be-
come very popular as represented by i-mode [2] and
WAP (wireless access protocol) [3]. In addition, IMT-
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2000 (International Mobile Telecommunications-2000)
has begun in Japan [4], and users can now access the
Internet at up to 384 kbit/s through mobile devices. In
the near future, mobile CDNs will be needed with the
increasing number of IMT-2000 users.

At the same time, multimedia streaming service
is becoming popular over the Internet. Mobile net-
works are also expected to provide IP-based multime-
dia streaming service in addition to web access service.
From this requirement, 3GPP (3rd Generation Partner-
ship Project), a standardization body of IMT-2000, has
defined “packet streaming service (PSS) specifications
[5]” as a standard for streaming service over 3G mobile
networks.

Streaming service, however, presents a lot of chal-
lenges for network engineers. Unlike TCP applications,
streaming service requires a certain amount of band-
width to ensure the bit-rate needed by each media
stream and the strict delay variation (i.e., jitter) needed
to avoid buffer underflow at streaming clients. For such
streaming service, CDNs are a very effective solution
to relieve network congestion and to keep jitter at tol-
erable levels. Several papers have already considered
how to cache streaming content effectively. In [6]-[8],
streaming content is encoded with layered coding tech-
niques and a proxy cache manages the number of lay-
ers to be stored for each stream. [9] proposed a prefix
caching scheme that stores only the beginning of the
content to minimize storage while decreasing waiting
time for playback. [10] also utilizes the idea of prefix
caching and describes resource management issues on
cache systems. Selective caching was proposed in [11] as
a generalization of prefix caching by storing various seg-
ments of the stream, specifically those that are subject
to causing buffer underflow at clients. In [12], streaming
content is divided into variable-sized segments in order
to improve caching efficiency. Content-aware segmen-
tation and a cache system using video summarization
were proposed in [13]. In this system, streaming con-
tent is segmented at key frames and users can start
streaming from any segment while watching the key
frames.

Although these segment caching technologies have
potential for enhancing network resource utilization
and caching efficiency, they do not describe how to
manage the segmented content and how to specify the
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locations of the proxy caches. Especially in mobile net-
works, since network and radio link conditions are dy-
namically changed depending on the time and place, it
is required to specify the best cache locations flexibly.
In addition, the best cache locations could be changed
during a streaming session when a mobile client moves
from one location to another location. The mechanism
to update the cache locations is necessary for a mo-
bile streaming media CDN. In [14], a streaming CDN
architecture that has content naming, content manage-
ment, and redirection mechanisms is described, but it
does not consider network dynamics and client mobility
expected in mobile networks.

The main goal of our work is to design a mo-
bile streaming media CDN (MSM-CDN) that enhances
streaming media quality in environments including mo-
bile, while utilizing network resources efficiently and
supporting client mobility in an integrated and practi-
cal way. To achieve this, we propose a dynamic SMIL
framework in which all of the CDN technologies includ-
ing content segmentation, request routing, pre-fetch
control, and session handoff, are controlled by SMIL
(Synchronized Multimedia Integration Language) [15]
modification. The reasons for focusing on SMIL are
itemized below.

e Since SMIL includes content location information,
client requests can flexibly be redirected to the best
cache servers by replacing the original content loca-
tions by the cache locations selected based on the
network and caching conditions.

e To improve caching efficiency, large streaming con-
tent is likely to be divided into several segments. In
this case, SMIL can easily manage the timing and
spatial relations among these segments.

e SMIL makes user access patterns more predictable
because it provides timing information about when a
client is likely to request each segment. This enables
efficient pre-fetch control to cache servers.

e Since SMIL is based on XML (eXtensible Markup
Language) [16], XML-related technologies can be ap-
plied to this system.

e 3GPP PSS adopts SMIL as the scene description lan-
guage. Our dynamic SMIL framework follows the
3GPP-compliant specifications. This is important for
deploying this CDN system over 3G mobile networks.

e Content providers can easily create SMIL files for de-
scribing streaming content because SMIL is a stan-
dard and popular scene description language.

Figure 1 shows the concept of the dynamic SMIL
framework. In this system, content providers regis-
ter their streaming content with SMIL files describing
the layout and media synchronization about the con-
tent, and do not need to worry about the existence of
cache servers. Mobile clients, on the other hand, down-
load the modified SMIL files from a portal server in
the CDN. By simply following the downloaded SMIL
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Fig.1 Concept of dynamic SMIL framework.

files, the clients can receive multimedia content from
the best cache servers. Even when mobile clients move
to another location, the clients can continue multime-
dia streaming from the best cache servers by updating
the SMIL files. The key elements of this system are as
follows.

1. The CDN provides content segmentation functional-
ity to enable segment caching and to improve cache
efficiency without complicating management of the
segments. It accepts content registered from con-
tent providers and divides the content into several
segments if it is too large. At the same time, it mod-
ifies the SMIL file corresponding to the segmented
content to describe the timing relations among the
segments.

2. On-demand URL rewriting described in [17] is ap-
plied to SMIL. That is, when clients request a SMIL
file, the original content locations in the SMIL file
are replaced by the cache server locations, and the
modified SMIL file is sent to the clients. The clients,
then, request session setup to the cache servers ac-
cording to the modified SMIL file.

3. To minimize the waste of the network resources and
cache memory, streaming segments are scheduled to
be pre-fetched just before clients request the seg-
ments while the clients are receiving streaming seg-
ments. The request times are derived from the tim-
ing information described in SMIL files.

4. When mobile clients move from one location to an-
other location, the clients request an update of the
SMIL file. The portal server, then, updates the
SMIL file to indicate the best cache server locations
and creates the SOAP (Simple Object Access Proto-
col) [18] message that includes the update informa-
tion from the previous SMIL file. After the clients
reproduce the updated SMIL file from the SOAP
message, they continue the streaming session accord-
ing to the updated SMIL file.

The first three items enumerated above are effec-
tive in both wired and mobile networks though the last
one is related only to mobile networks. Our proposed
framework covers all of these features in an integrated



1780

way by SMIL modification.

The rest of this paper is organized as follows. Sec-
tion 2 explains our architecture overview. Then, each
key element to support our CDN architecture, i.e., con-
tent segmentation, request routing, pre-fetch schedul-
ing, and session handoff, is described respectively in
Sect. 3 through Sect.6. We report the current status
of our prototyping work in Sect.7, and finally, Sect.8
concludes this paper.

2. Basic Architecture

The MSM-CDN architecture we propose is shown in
Fig. 2. This architecture consists of the wired core net-
work and the radio access network. The CDN overlays
the core network, and the CDN control plane is in the
middle of the CDN.

The CDN is composed of portal servers, content
servers, surrogates, and a content location manager
(CLM). The portal servers accept content registrations
from content providers and provide content segmenta-
tion and SMIL modification functionality. The content
servers are simple HTTP (Hypertext Transfer Proto-
col) [19] and RTSP (Real-Time Streaming Protocol)
[20] servers and store a large number of streaming seg-
ments derived from the original media content. They
do not have caching functionality, and work as HTTP
servers for the surrogates and RTSP servers for mo-
bile clients. The surrogates are the RTSP servers that
temporarily store streaming segments and serve mobile
clients as streaming servers via RTSP session control.
The CLM is a server located in the CDN control plane,
and it takes charge of managing content locations and
scheduling pre-fetches.

The mobile clients can connect to the CDN via the
radio access network. They are the RTSP clients that
request multimedia content delivery according to the
SMIL files sent from the portal server.

From the next section, we describe each key ele-
ment of our architecture in more detail.

Content Location Manager

Portal
Servers
CDN Control Plane
Surrogate 1
Mobile Streaming Media Radio
CDN
Access
Network
i Tont Surrogate 2
Servers Surrogate 3
Mobile
Wired Core Network Client

Fig.2 Basic architecture of mobile streaming media CDN.
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3. Content Segmentation

Content segmentation is effective especially for large
streaming content. By dividing content into several
segments, surrogates can store and remove the content
at the granularity of the segments, which leads to ef-
ficient cache memory and network resource utilization.
Prefix caching [9], selective caching [11], variable-sized
segmentation [12], and content-aware segmentation [13]
have been proposed as the intelligent variants of seg-
ment caching.

We also introduce content segmentation in our
CDN architecture to improve cache efficiency. The
problem with content segmentation, however, is to com-
plicate the management of these segments. In other
words, content segmentation increases the number of
the files to be managed. And to realize such intelligent
caching schemes proposed in [9]-[13], the servers in the
CDN have to know the relations among the segments.
Thus, how to manage the segments is an important is-
sue.

For this purpose, we bind a SMIL file to the seg-
ments divided from a streaming content. Since SMIL
provides the timing information for playing or display-
ing, it can easily manage the timing relations among
the segments. By parsing the SMIL file, mobile clients
and other servers can determine which segments are the
next to the segments currently served and how long the
segments will last.

The procedure of content segmentation is shown
in Fig.3. First, content providers register their own
streaming content with the portal server. Here, the
content providers also attach the SMIL files describ-
ing the layout and media synchronization about their
streaming content. By registering content with SMIL
files, content providers can specify how the content is
displayed at mobile clients. If the size of the registered
content is larger than a certain threshold, the portal
server divides the content into smaller segments. At
the same time, the portal server modifies the SMIL file
attached to the content to describe the timing relations
among these segments. Then, it sends the segments to
a content server and requires it to store them.

Then, let us see an example of SMIL modification.
Here, there is a streaming content whose length is sixty
minutes, and its SMIL file is shown in Fig. 4. The SMIL

SMIL | Original contents

[Modifie:
SMIL Segments

Content Registration Poral Storage

Provider

Content
Server Server

Fig.3 Content segmentation and SMIL modification at portal
server.



YOSHIMURA et al.: CONTENT DELIVERY NETWORK ARCHITECTURE FOR MOBILE STREAMING SERVICE

shows that content names are “content-A.mp4” for au-
dio content and “content-V.mp4” for video content, and
their durations are sixty minutes.

We assume the content is divided into three seg-
ments, and each segment is ten, twenty and thirty
minutes long, respectively. In this case, the SMIL
file is modified at the portal server as shown in
Fig.5. According to the modified SMIL file, these seg-
ments are renamed as “content-A-{1,2,3}.mp4” for au-
dio segments and “content-V-{1,2,3}.mp4” for video
segments, and the durations of the segments are ten,
twenty, and thirty minutes long from the top segments.
Since the part located between <seq> and </seq> in-
dicates that these segments are sequentially played and
displayed from the top segments, the timing relation
among them is evident.

In this way, SMIL files are modified along with con-
tent segmentation, and the modified SMIL files indicate
the names, durations, and relations of the segments.

<IDOCTYPE smil PUBLIC *“-//W3C//DTD SMIL 2.0//EN”
“http://www.w3.0rg/2001/SMIL20/SMIL20.dtd”>
<smil xmlns="http://www.w3.0rg/2001/SMIL20/Language”>
<head>
<layout>
<region id="v” top="5" left=""5" width="180" height="180""/>
</layout>
</head>
<body>
<par dur=“60min”>
<audio src="rtsp://content-server/content-A.mp4” />
<video src="rtsp://content-server/content-V.mp4” region="v” />
</par>
</body>
</smil>

Fig.4 Example of original SMIL file.

<IDOCTYPE smil PUBLIC “-/W3C//DTD SMIL 2.0//EN”
“http://www.w3.0rg/2001/SMIL20/SMIL20.dtd™>
<smil xmlns="http://www.w3.0rg/2001/SMIL20/Language’>
<head>
<layout>
<region id="v” top="5" left="5" width="180" height="180"/>
</layout>
</head>
<body>
<seq>
<par dur=“10min”>
<audio src="rtsp://content-server/content-A-1.mp4” />
<video src="rtsp://content-server/content-V-1.mp4” region="v” />
</par>
<par dur=“20min”>
<audio src="rtsp://content-server/content-A-2.mp4” />
<video src="rtsp://content-server/content-V-2.mp4” region="v” />
</par>
<par dur=“30min”>
<audio src="rtsp://content-server/content-A-3.mp4” />
<video src="rtsp://content-server/content-V-3.mp4” region="v” />
</par>
</seq>
</body>
</smil>

Fig.5 Modified SMIL file after content segmentation.
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4. Request Routing

Request routing is the most important technology for
CDN. Several request routing methods have already
been proposed [17]. One popular method is DNS-based
request routing. However, its resolution is domain level
and, therefore, fine-grain request routing at object level
is difficult. Another method is using RTSP REDI-
RECT. Although it’s simple, the REDIRECT message
has to be issued from original content servers to mo-
bile clients each time the clients request a streaming
segment, and this leads to session setup latency.

In our CDN architecture, we apply on-demand
URL rewriting [17] to SMIL. Request routing is done by
modifying SMIL files at the portal server when mobile
clients request the SMIL files. In other words, the por-
tal server replaces the content locations in SMIL files by
the surrogate locations, and returns the modified SMIL
files to mobile clients. The advantages of this request
routing are:

e Request routing is done before clients request a
streaming session by RTSP. This enables faster pre-
fetching described in the next section.

e There is no extra procedure such as DNS-based re-
quest routing or RTSP REDIRECT method to set up
a streaming session between clients and surrogates.
This leads to low latency of session setup.

Figure 6 shows the request routing procedure by
SMIL modification.

When a mobile client requests a SMIL file to start
multimedia content streaming (1), the portal server
reads the SMIL file corresponding to the streaming
content stored in its memory. Then, the portal server
queries CLM about the locations of the segments de-
scribed in the SMIL file (2). At this time, the portal
server notifies the estimated time when each segment
will be requested, by parsing the timing information in
the SMIL file. CLM utilizes this information for pre-
fetching control described later. The client location (IP
address) is also notified to CLM.

CLM selects the best surrogates for each segment

Content Location Manager

(@) reply locafions (3) surrogate selection

Surrogate 1
(5) SMIL W '\
% query segmerjt locatiens %

CDN Centrol Plam

Portal Server

=

Content Server

(6) return SMIL [file (1) request SMIL file

(7) request segments
—_—
-

8) start streaming
% ® “Mobile

Surrogate2 Client

Surrogate3

Fig.6 Request routing procedure by SMIL modification.
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<IDOCTYPE smil PUBLIC “-//W3C//DTD SMIL 2.0//EN”
“http://www.w3.0rg/2001/SMIL20/SMIL20.dtd">
<smil xmIns="http://www.w3.0rg/2001/SMIL20/Language™>
<head>
<layout>
<region id="v” top="5" left=""5" width="180" height="180"/>
</layout>
</head>
<body>
<seq>
<par dur="10min”>
<audio src="rtsp://surrogate2/content-server/content-A-1.mp4” />
<video src="rtsp://surrogate2/content-server/content-V-1.mp4 region="v” />
</par>
<par dur="20min">
<audio src="rtsp://surrogate2/content-server/content-A-2.mp4” />
<video src="rtsp://surrogate2/content-server/content-V-2.mp4” region="v" />
</par>
<par dur="30min">
<audio src="rtsp://surrogate3/content-server/content-A-3.mp4” />
<video src="rtsp://surrogate3/content-server/content-V-3.mp4” region="v” />
</par>
</seq>
</body>
</smil>

Fig.7 Modified SMIL file to indicate surrogate locations.

based on the client location, network condition, caching
status, surrogate load, and so on (3). In this paper, we
do not specify how to select the surrogate locations.
After the selection, it responds the locations of the se-
lected surrogates to the portal server (4).

The portal server, then, replaces the original con-
tent locations in the SMIL file by the surrogate loca-
tions (5). Figure 7 shows an example of the SMIL file
whose content locations are modified to indicate the
surrogate locations. The original URLs of the segments
shown in Fig.5 are replaced by the surrogate URLs.
The locations of the segments could be different. In
the SMIL file shown in Fig. 7, surrogate2 is selected for
the top four segments, while surrogate3 is selected for
the last two segments.

After the modification of the SMIL file, the por-
tal server returns the modified SMIL file to the mobile
client (6). The mobile client receives the SMIL file and
requests streaming sessions by RTSP according to the
SMIL file (7). The surrogate requested to start the
streaming session delivers RTP (Real-time Transport
Protocol) [21] media packets that include audio and
video payloads to the mobile client (8).

As long as the mobile client follows the SMIL file
downloaded from the portal server, it always requests
session setup to the surrogates selected by CLM.

5. Pre-Fetch Scheduling

To smoothly start streaming sessions, the surrogates
have to pre-fetch the segments before the clients re-
quest the segments. As described in Sect. 3, the modi-
fied SMIL files provide the timing relations among the
segments. By utilizing this information, the time when
the clients will request each segment can be estimated.
Based on the estimated times, pre-fetching is scheduled
to be finished before the clients request the segments.
Figure 8 shows the sequence of segment pre-
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Content
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Content  Portal
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(4) send modiffied SMIL file
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{
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RTSP
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RT!

(10) start 3rd sesgion
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Fig.8 Sequence of pre-fetching scheduled by content location
manager.

Session ID 123456789

Client IP address 10.20.30.40

Start time 12:34

Pre-fetch status ACTIVE

# Time | Dur. Seg. Name Orig. Loc. Surrogate
1 0Om 10m | content-A-1.mp4 content-server | surrogate2
2 Om 10m content-V.1.mp4 content-server | surrogate2
3 10m 20m content-A-2.mp4 content-server | surrogate2
4 10m 20m content-V-2.mp4 content-server | surrogate2
5 30m 30m content-A-3.mp4 content-server | surrogate3
6 30m 30m content-V-3.mp4 content-server | surrogate3

Fig.9 Pre-fetch scheduling table.

fetching. In our CDN architecture, CLM takes charge
of pre-fetch scheduling.

When the portal server queries CLM about seg-
ment locations, it also notifies the timing information
for the segments derived from the SMIL file (1). Af-
ter the surrogate selection is done based on the client
location, network condition, caching status, and sur-
rogate load (2), it replies the locations of the selected
surrogates (3).

At the same time, CLM creates pre-fetch schedul-
ing table as shown in Fig.9. The table is composed of
session ID, client IP address, start time, pre-fetch sta-
tus, and pre-fetch information for each segment. Pre-
fetch information includes estimated request times, seg-
ment durations, segment names, original locations, and
surrogates selected to serve the segment.

Based on this table, CLM starts pre-fetching. As
shown in Fig. 8, the first audio and video segments are
pre-fetched (5) while the client is requesting the seg-
ments (6). Before the client finishes receiving the whole
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first segments, the second segments are pre-fetched (7).
The third segments are pre-fetched to surrogate3 while
the client is receiving the second segments from surro-
gate2 (9).

If the client pauses the streaming session, the sur-
rogate serving the client notifies CLM of the pause.
CLM, then, changes the pre-fetch status in the pre-
fetch scheduling table to PAUSE and stops pre-fetch
requests to surrogates. When the client restarts the
streaming, the surrogate notifies CLM of the restart.
CLM recalculates the start time and the request times
for each segment, and changes the pre-fetch status to
ACTIVE. The same procedure is taken when the client
skips or goes back to the segments.

6. Streaming Session Handoff

When a mobile client moves from one location to an-
other location, the best surrogate serving it could be
changed. One way to redirect the client’s request to
the new surrogate is sending RTSP REDIRECT from
the surrogate currently serving the client. In this case,
however, the client will request the next segments from
the obsolete surrogate if it is still guided by the SMIL
file downloaded when starting the multimedia content
delivery. Another way is client-driven session handoff.
That is, the client disconnects the current surrogate and
requests the new surrogate for a session setup. The
problem with this is how the client gets to know the
best surrogate locations for itself.

To enable session handoff for all of the streaming
segments, the mechanism to update SMIL files is neces-
sary when the best surrogates are changed due to client
mobility. In our CDN architecture, a SOAP message is
used for this purpose. When a mobile client moves to
another location and the best surrogates are changed,
the portal server sends the SOAP message that includes
the locations of the new surrogates serving the client.
The client, then, updates its SMIL file and continues to
receive the streaming segments from the new surrogates
by following the updated SMIL file.

The advantages of sending SOAP messages to up-
date SMIL files are:

e The SOAP messages can explicitly notify the update
of the current SMIL file.

e If the SMIL file to be updated is elaborate for describ-
ing the layout and if its size is very large, sending the
updated SMIL file itself consumes network resources.
In that case, the SOAP message that tells only the
update information of the surrogate locations is more
cost-effective.

e Both SMIL and SOAP are based on XML. The same
modules to parse XML documents can be used at
mobile clients. In addition, most of the mobile clients
are expected to be SOAP-capable in the near future.
This requires only small modification on the clients.
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Fig.10 SMIL update procedure when client moves.

<SOAP-ENV:Envelope
xmlns:SOAP-ENV="http://schemas.xmlsoap.org/soap/envelope/”
SOAP-ENV:encodingStyle=
“http://schemas.xmlsoap.org/soap/encoding/”>
<SOAP-ENV:Body>
<m:update xmlns:m="http://docomo.ne.jp/dynamicSMIL">
<oldSrc>/smil/body/seq/par[2]/audio/@src</oldSrc>
<newSrc>rtsp://surrogate 1/content-server/content-A-2. mp4</newSrc>
<oldSrc>/smil/body/seq/par[2]/video/@src</oldSre>
<newSrc>r1tsp://surrogate 1/content-server/content-V-2.mp4</newSrc>
<oldSrc>/smil/body/seq/par[3]/audio/@src</oldSrc>
<newSrc>rtsp://surrogate 1/content-server/content-A-3.mp4</newSrc>
<oldSrc>/smil/body/seq/par[3]/video/@src</oldSre>
<newSrc>rtsp://surrogate 1/content-server/content-V-3.mp4</newSrc>
</m:update>
</SOAP-ENV:Body>
</SOAP-ENV:Envelope>

Fig.11 Example of SOAP message to update SMIL file.

Figure 10 shows the procedure of SMIL update
when a mobile client moves. In this figure, we assume
the best surrogates are changed from surrogate2 to sur-
rogatel.

When a mobile client moves from one location to
another location and detects its movement, the mobile
client requests the portal server to update the SMIL
file by the SOAP request message (1). After receiv-
ing the update request, the portal server requests CLM
to recalculate the locations of the best surrogates (2).
As similar to the case described in Sect. 4, CLM selects
the best surrogates for each segment based on the client
location, network condition, caching status, and surro-
gate load (3). After the selection, CLM responds the
locations of the selected surrogates to the portal server
(4).

The portal server, then, creates the SOAP re-
sponse message to inform the client of the new sur-
rogate locations for each segment (5). An example of
the SOAP response is shown in Fig. 11. The parts lo-
cated between <oldSrc> and </oldSrc> indicate the
locations to be replaced in XPath (XML Path Lan-
guage) [22] description. The next parts located between
<newSrc> and </newSrc> indicate the URLs of the
new surrogates selected by CLM. In Fig. 11, the sur-
rogates serving the second and the third audio/video
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segments are changed to surrogatel.

The SOAP message created in this way is transmit-
ted to the client (6). From this SOAP message and the
current SMIL file, the client creates the new SMIL file
that includes the new surrogate locations. The client
continues to request the subsequent segments from the
surrogates described in the updated SMIL file.

While CLM responds the segment locations to
the portal server (4), CLM also recalculates pre-fetch
schedule and rewrites pre-fetch scheduling table. In
addition, it may request the surrogate currently serv-
ing the client (surrogate2) to redirect the client’s re-
quest to the newly selected surrogate (surrogatel) (7).
Then, surrogate2 issues RT'SP REDIRECT method to
the client (8), and the client requests surrogatel to send
the segments currently being transmitted from surro-
gate2 (9). Note that surrogate2 does not need to is-
sue RTSP REDIRECT methods for the subsequent seg-
ments because the client requests surrogatel to deliver
them directly according to the updated SMIL file.

This SMIL update mechanism may generate vast
signaling traffic if a mobile client moves fast and fre-
quently changes its location. Obviously there is trade-
off relation between accuracy of best surrogate locations
and the cost of the signaling traffic. In this mecha-
nism, the signaling cost can be flexibly controlled by a
counter or timeout mechanism to prohibit the SMIL up-
date for a while. And in an environment where multiple
types of radio access networks (RANSs) are connected,
the change of the RAN type is a good indication for the
SMIL update. That is, the best surrogate is expected to
be changed with high probability when a mobile client
changes its access network, for example, from 3G RAN
to a wireless LAN. On the other hand, the best surro-
gate is expected to be the same as before when a mobile
client merely changes its access point in wireless LANSs.
Some mechanisms to trigger the SMIL update from net-
work to mobile clients may also be possible and more
effective if the network knows the coverage area of each
surrogate.

Live servers

Content
location

Portal server

<—— = SOAP interfaces

Fig.12
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7. System Prototype

We have built the first version of MSM-CDN over our
mobile QoS testbed called “MOBIQ [23]” as shown in
Fig.12. MOBIQ consists of Diffserv [24]-based IP core
network and 3G RAN and IEEE802.11 wireless LAN.
The core network is composed of FreeBSD routers with
ALTQ [25] module, which provides functionality needed
by Diffserv. The 3G RAN includes W-CDMA (Wide-
band Code Division Multiple Access) RAN emulator
[26] and header compression nodes [27] to enable effi-
cient IP packet delivery over 3G wireless links. We have
also developed streaming servers, live steaming servers,
and mobile clients. All of these streaming servers and
clients are compliant with 3GPP-PSS standard.

The MSM-CDN overlay has been prototyped on
this testbed. It includes the portal server, the content
location manager(CLM), and the surrogates. At this
moment, only the request routing procedure shown in
Fig. 6 has been implemented. The CLM always selects
the closest surrogate to mobile clients by requesting the
surrogates to measure round trip times (RTTs) between
mobile clients and themselves.

One of the features of this prototype is that all of
the interfaces between the above CDN nodes are im-
plemented by SOAP interfaces. Since SOAP is based
on XML, these interfaces can be easily extended to in-
clude various security features including confidentiality,
integrity, and access control. Another advantage of us-
ing SOAP interfaces is that content providers or other
enterprises connecting to the Internet can easily utilize
these interfaces and the CDN functions because SOAP
is widely used in the Internet.

We have also developed live streaming splitters in
our CDN prototype. In the live streaming case, there
is no content to be cached on the surrogates. Instead
of the surrogates, the splitters receive live streams from
the live streaming servers and copy the streams to their
clients. The same request routing procedure can be

Surrogate

Mobile Client

Mobile Client

Mobile Client

IEEE802.11 £
Wireless LAN

& Mobile Client

Mobile Client

Mobile Client

Prototype of MSM-CDN on mobile QoS testbed.
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applied to the live streaming.

On this prototype, we can see better media quality
with MSM-CDN than without it, when the bottle neck
link in the core network is congested. However, mo-
bile clients have to wait more for playback because of
the SMIL modification operation including SMIL pars-
ing/modification at the portal server and surrogate se-
lection by CLM. Then, we measured the time needed
for the SMIL modification operation as well as the time
needed for SMIL parsing at clients and RT'SP session
setup in several test cases.

Figure 13 shows the results of the above measure-
ment. The test case 1 is a usual streaming case with-
out CDN. In this case, approximately 700 ms was nec-
essary for parsing SMIL at clients and RTSP session
setup. The case 2 is a streaming case from the closest
surrogate that has already cached the requested con-
tent. Compared with the case 1, it took a little bit
longer time because the SMIL modification operation
was involved. The primary factor of this was the time
for surrogate selection. However, we think the time is
negligible because it was less than 200ms. The case
3 is that the requested content whose size is 5.4 MB
had not been cached. Here, the bandwidth of the bot-
tle neck link in the core network was 10 Mbit/s. In this
case, the time needed for RTSP session setup was nearly
seven seconds because the surrogate could not respond
RTSP DESCRIBE message until it finished download-
ing the requested content. On the other hand, the test
case 4 where the content was divided into four segments
shows that the time for session setup decreased by tol-
erable level due to shorter download time of the first
segment. And our mobile clients could receive and play
back the subsequent segments seamlessly. However, we
can see slight increase in the time for surrogate selec-
tion. This is because the modified SMIL file became
complicated and had more URLs in it by content seg-
mentation. Therefore, segmentation of streaming con-
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tent into unnecessarily many segments may cause bad
effect on the waiting time for playback.

8. Conclusions

We presented a mobile streaming media (MSM)-CDN
architecture in which all of the technologies related to
CDN are enabled by SMIL modification. In this ar-
chitecture, mobile clients simply follow the SMIL file
downloaded from the portal server, and this leads to
multimedia content delivery from the best surrogates
in the CDN. The key components of this architecture
are as follows.

1. To improve cache efficiency, content segmentation is
provided along with SMIL file modification to de-
scribe the timing relations among the segments.

2. To redirect client requests to the best surrogates,
the content locations in the SMIL file are modified
to indicate the best surrogate locations.

3. Segment pre-fetching is scheduled just before clients
request segments in order to minimize the waste of
the network resources and cache memory. The re-
quest times are derived from SMIL files.

4. SOAP messages to update SMIL files are defined.
This is necessary when mobile clients move and the
best surrogates for them are changed.

The current status of our prototype was also re-
ported. We have already built the MSM-CDN over our
mobile QoS testbed called “MOBIQ.” The MSM-CDN
is completely compliant with 3GPP-PSS standard, and
all of the CDN nodes have SOAP interfaces to control
each other. We also showed that the time needed for
the SMIL modification operation was negligible.

We are now investigating segmentation and re-
source management algorithms. These algorithms re-
quire choosing a media segment size for the content seg-
mentation operation. An appropriately chosen segment
size will consider client mobility, since each segment
boundary provides an opportunity for a session hand-
off. Segment size also influences content use statistics,
since knowledge that users only tend to view the first 30
seconds of a media clip can help the system efficiently
allocate its storage resources. Resource management
and caching algorithms can also benefit from knowl-
edge of content popularity, since content that is likely
to be accessed by other users should be left in cache
storage whenever possible.

Interaction with the underlying QoS network is an-
other research topic. Notice that the pre-fetch schedul-
ing table gives a deadline for when the segment must
be pre-fetched to the surrogate, however it does not
specify a precise time for the pre-fetch to occur. This
flexibility allows the CLM and surrogates to schedule
the actual pre-fetch time while taking the underlying
QoS base network resource usage into account.

We are also interested in personalized mobile
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streaming. Since users have limited devices and time
especially in mobile environments, it is important to
deliver multimedia content dynamically and automati-
cally summarized depending on user preferences and/or

network conditions.

Towards this, personalization of

SMIL files [28] and MPEG-7 based personalization [29]
have already been proposed. We are considering the in-
tegration of these personalization technologies into our
MSM-CDN architecture.
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