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Abstract—

We propose a Content Delivery Network (CDN) with
servers arranged hierarchically in multiple tiers.
Lower-tier servers are topologically closer to the
clients, and hence can deliver better QOS in terms of
end-to-end delay and jitter. On the other hand, higher-
tier servers have a larger coverage area and hence
their clientsincur fewer server handoffs. We present a
server selection scheme that reduces the number of
server handoffs while meeting differentiated QoS
requirement for each client. The scheme dynamically
estimates the client's residence time and uses a simple
algorithm to assign clients to the appropriate tier. The
scheme also caters for traditional server selection
criteria, such as the expected QoS from the servers,
bandwidth consumption, and the server load. \We show
through simulations that the scheme can achieve up to
15% reduction in handoffs at the cost of minimal
increases in delay and jitter while ensuring that clients
of different QoS classes experience different delays.

I. INTRODUCTION AND OVERVIEW

It is expected that multimedia and data traffic
will surpass the traditional voice traffic in mobile
networks by the year 2005 [18]. High qudlity
streaming multimedia content is likely to form a
significant portion of this traffic. It is therefore
important that large mobile networks find ways to
efficiently manage client traffic and data.

Content distribution networks (CDN) have
proven effective for managing content-based
traffic for large numbers of clientsin the Internet.
CDN consist of surrogate servers that replicate the
content of the origin servers and serve it to the
clients. CDN employ server selection and request
redirection methods for selecting an appropriate
(surrogate) server and redirecting the client’s
request to that server. CDN reduce load on both
the network and origin server by localizing the
traffic and providing many aternate sources of
content. lyengar et a., [8] provide an overview of
existing CDN technologies.

Although there has been much work on the
Internet-wide CDN, CDN for mobile networks
have received little attention so far. Mobile CDN
proposals, such as [4], target static WAP or
HTML content for mobile clients, while only
[16][17] consider streaming multimedia content
distribution for mobile networks. This lack of
attention has largely been because of the limited
Internet access capabilities of most mobile
terminals of recent past. However, this is
changing quickly with deployment and
acceptability of 3G services [11] that alow
mobile terminals to access Internet and other data
services at speeds comparable to traditiona wired
access. In this paper we consider server selection
algorithms for streaming multimedia content
distribution in networks with mobile users.

The large size of most multimedia content,
long-lived nature of typical multimedia sessions,
client mobility and the capricious nature of
wireless communication medium, put together,
present an interesting chalenge. A CDN for
mobile networks must address all of these issues.
[16] has shown that QoS, in terms of delay and
jitter, can be significantly improved by changing
the server as the client moves so that the client
continues to receive content from a nearby server;
this processis referred to as server handoff.

But server handoff itself can have adverse
effects. It can disrupt the streaming from the
server, causing glitches at the client. Moreover,
changing the server can be an expensive process
for the network. Before a session can be handed
over to a new server, sufficient content must be
pre-fetched (or placed) at the server to ensure
smooth delivery [15]. Random and frequent client
movements can cause significant signaling and
content placement overhead. One approach to the
problem of stream disruption is to mitigate it by
sufficient buffering at client equipment at the cost
of increased playback delay. Another approach is
using make-before-break handoffs. But actually



reducing number of handoffs is not trivial. [16]
proposes simply delaying the server handoff
process to reduce the number of handoffs and
resulting overhead. In this paper we present a
more sophisticated server selection scheme.

Our scheme reduces the number of server
handoffs for mobile clients by using client
mobility information and selecting a server with
which the client can remain associated for an
extended period of time, thus reducing the need
for server handoffs. We also cater for traditional
server selection criteria such as expected QoS (in
terms of delay and jitter) from the server, traffic
locdlization, and server load. The basic trade-off
that we explore is how to maintain QoS service
differentiation for clients while reducing the
network cost due to server handoffs.

The rest of this paper is organized as follows.
Section Il describes our mobility-based server-
selection scheme. Sections Il and IV are
dedicated to simulation and results. In section V
we discuss related work, and conclude the paper
in section V1.

Il. MOBILITY BASED SERVER SELECTION

Our approach is to use the client’s mobility
information as an additional metric in the server
selection process, along with traditional metrics
such as client-server proximity, expected QoS,
content availability and server load. This allows
us to select a server that will remain suitable for
content delivery to a client for an extended period
of time and thus eliminating the need for frequent
server change.

1) Layout of Serversin Content Distribution
Network

We consider a content distribution network with
arelatively large number of servers arranged in a
logical tree structure, with servers closest to the
access network belonging to the lowest tier (see
Figure 1). This hierarchical server layout allows
us to maximize the traffic localization and obtain
desired trade-off between the number of server
handoffs and the QoS to the clients. These
advantages become further apparent in proceeding
sections.

Each server has a coverage-area defined as the
subnets and cells in the underlying network (each
subnet comprises one or more cells). Generaly,
each subnet (and cell) is in the coverage area of

the closest server at any given tier, but multiple
servers may serve subnets at coverage-area
boundaries. We use the term server zone to refer
to the coverage area of lowest tier servers. Servers
at higher tiers have larger coverage areas and
every subnet is covered by multipletiers.

As in [16], a server handoff is performed
whenever a client moves from the coverage area
of one server to another. However, with the multi-
tier arrangement of servers, there is an
opportunity to trade-off QoS with the number of
server handoffs by choosing the tier of the new
server. Data delivered from the lower tier servers
will suffer less delay (and probably less jitter)
than that from the higher tiers but at the same
time will result in more server handoffs and may
increase the overhead for the network.
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Figurel: Tiered Layout of Serversin CDN

We assume that clients have different
categories of QoS requirements in terms of delay
and jitter. We further assume that each of these
categories of QoS can be roughly characterized as
the property of a particular server tier. For
example, we can assume that highest QoS class,
with strict delay and jitter requirement (QoS class
1) maps to the lowest tier server. A fixed mapping
is of this type is, however, not necessary. Other
QoS metrics such as available bandwidth,
response-time, and media quality may be used for
server classification. Severa dynamic QoS
probing and measurement methods such as in
[5][10] can be used to dynamically classify
servers based on different QoS metrics.

We assume that there is a Request Routing
function (RR) in each server zone (recall a server
zone is the coverage area of lowest-tier servers).
We recommend that this function be a proxy-
based RR that may be co-located with lowest-tier
servers. The proxy-based approach provides
greater control and flexibility but other RR



techniques may also be used [1]. As the client
moves from one server zone to another, it is
assigned a new serving RR. The new RR selects
servers for any new sessions that the client may
request and also initiates and coordinates server
handoffs for the client's existing sessions if
needed. We assume that the RR has sufficient
knowledge about the CDN topology and the client
mobility information to select appropriate servers
and route requests correctly. We describe the
information collection and server selection
process in the following.

2) Considerationsin Mobility Based Server
Selection

We must consider the following in mobility
based server selection.

1. Using lower tier servers reduces delay and
jitter, but increases the number of server
handoffs. Thus high QoS users must be served
from lower tiers and high mobility users must
be served from higher tier servers. But there
will be users that have high mobility and high
QoS requirements at the same time. We must
find way to assign server to clients with such
conflicting characteristics.

2. If a disproportionate number of clients in a
region have similar mobility characteristics,
they may overload a certain tier. Therefore
load balancing among tiers must be performed.
For example, during commute hours many
clients may have high mobility. Similarly, in a
region spanning high-speed freeways, the
average user mobility would be higher than
other regions. Reduction in handoffs requires
assigning higher tier servers. But if the server
load is not considered, higher tier servers may
get overloaded.

3. Client requests belong to various differentiated
QoS classes. We must maintain a desired
differentiation in terms of the mean QoS for
sessions of each QoS class.

3) Measurement of Mobility Rate and
Server Residence Time Estimation

Our scheme uses the client’ s expected residence
time in a server's coverage area to select an
appropriate server. The residence time is defined
as the time between client entering the coverage
area of aserver and leaving this coverage area.

Each RR maintains the residence time
vauer, for every client i in its server zone. This

value is computed by the clients themselves as a
running average of the residence time over their k
most recent movements, and reported to the
serving RR upon each movement. This movement
can be a movement across cell, subnet or other
lower layer region boundary, but information
based on movements across subnet boundaries
can be easily collected and reported using
protocols such as Mobile IP [6]. Each RR aso
maintains the average subnet residence time
over al the clients in its server zone. In addition
RR also maintains the mean server residence time

R over dl serversin each tier t.

After each successful handoff, the new RR send
a server handoff notification message to the old
RR. This message includes the client identifier,
session identifier and the identifiers of the new
and the old serversinvolved in the handoff. Using
the information contained in this message, the old
RR determines the server residence time as the
difference of the time at which the client was
originally assigned to the old server and the time
of server handoff. Information about the time of
original assignment can either be contained in the
notification message, or can be assumed to be
maintained by the old RR since it is in path of
session control signaling traffic. The server tier
can be determined using the server identifier. The
old RR updates the mean server residence time
for the corresponding tier after each handoff
notification message.

Using this set of information, the RR can
compute the estimated residence E, of aclient i

with aserver at tiert .

rR
£, =8 @
In a refinement to mobility estimation, RR

maintains the average subnet residence time T
and server tier residence time R , separately for

clients in each subnet s in its coverage-area and
uses these values for estimating residence time of
a client in subnets. This improves the accuracy
of estimation because the mobility pattern of a
client is likely to be similar to the clients in its
close geographical proximity. Expected residence
time of a client i in subnet sfor a server in tier
t with this refinement is given as:



B, = 2

In the following text, we refer to equation (1)
and equation (2) as lower granularity residence
time estimation and higher granularity residence
time estimation respectively.

Several mobility prediction schemes have been
proposed (e.g., [2], see [3] for a survey), which
can be used by our agorithm with minor
modifications. These schemes will likely provide
better accuracy but only at the expense of
extensive state maintenance and large overhead.
We will discuss existing prediction schemes in
section V.

4) Server Load and QoS Information
Collection

Each server periodically sends information to
al the RR in its coverage area about the humber
of sessions that it can accept from the RR.
Servers observe the load from each RR (i.e., the
number of sessions emanating from the RR’'s
server-zone) and allocate its remaining capacity to
each RR proportionately to the load observed
from that RR; we cal this the server load
allowance. The sum of load allowance reported to
an RR by all servers at tier tis denoted asL, .

With a high density of servers the number of RR
in coverage area of each server islikely to be low,
thus dispersal of such information is likely to be
feasible.

Each RR obtains information about the nominal
QoS obtained from each tier. This can be done
using QoS probing techniques, such asin [5][10],
or QoS feedback information, such as through
RTCP [14] or by other means. For the following
discussion we assume delay as the primary QoS
metric, but other QoS metrics can be used in a
similar manner with our algorithm. The nominal
delay information for atier tis represented asD, .
Each RR also maintains the number of client
regquests of each QoS class gthat it sends to tier

tasN,,.

5) Server Selection Algorithm

Listing 1 shows the pseudocode for the server
selection process. When an RR needs to select a
server for request for a new session of QoS
classqg from a client i, it starts by selecting the

highest possible server tier t whose reported
nominal delay D, meets or exceeds the
requirements of QoS class g. If the request is for

a server handoff of an existing session then the
RR sets t to the tier of the currently assigned
server.

The RR then uses a heuristic (lines 3-7 of
Listing 1) to determine whether the client should
be assigned to tier t+1. It finds the load
dlowance L, for tier t+1 and determines

whether the client i is among the fastest clients.
The reasoning behind the intuition here is that
since the load allowance is limited and only a
limited number of clients can be served from
higher tiers, the reduction in number of server
handoffs can be maximized if only the fastest
clients are served from the higher tiers.

Instead of relying on any absolute value for
residence time or speed that would qualify a client
for service from higher tiers, we simply use the
client’s relative mobility with respect to the other
clients in its region and see if the client is fast
enough.

The heuristic used to determine whether a client
i is“fast enough” is based on the assumption that
the residence time distributions of the clients in
the recent past are smilar to those of the
immediate future. The RR sums the load due to
all the clients whose residence times are less than
the client i and sees whether it is less than the
load allowance L,,, ; if so, the client i is a

candidate to be moved to tiert +1.

The RR then checks whether moving the client
i to tier t+1 will maintain the desired separation
among the adjacent QoS classes. The comparison
is performed using the weighted mean QoS of
client sessions of each QoS class (line 27 in
Listing 1). If this QoS separation is maintained,
the client is assigned to a server at tier t +1.

If either of above conditions are not satisfied,
the RR checks whether the client should be
moved to the tier t- 1(lines 8-17.of Listing 1).
For this the load allowance of tier t- 1 must be
positive. Additionally it must ensure that moving
the client to a lower tier would not increase the
number of handoffs. This is only possible if the
client is relatively dow moving. To check
whether the client qualifies, we test whether
client's estimated residence time for the lower



tier, E ,.,, exceeds the average residence time of

current tier t (line 11 in Listing 1). Either lower
granularity residence time estimation or higher
granularity residence time estimation may be used
for E

it-1°

Note that if the residence time is under
estimated, moving a client to lower tiers will
likely increase the number of server handoffs. To
study the effect of this we have introduced two
modes, lazy and eager, in our algorithm. In the
eager mode the RR takes the risk and selects tier

t- 1 if it the client’s estimated residence time
with tier t - 1exceeds the average residence time.
In lazy mode, however, the RR acts more
cautioudly; it additionally checks whether there
are indications that the higher tier servers are
starting to get overloaded, in particular when the
load allowance reported by higher tier servers
fals below a certain threshold (lines 34-36 in
Listing 1).

We will compare the results of these severa
possibilities through simulations in next section.

Listing 1: Mobility Based Server Selection Algorithm

1 proc selectServer (i: Cient,q: QS, t: serverTier, node: String)
2 selectedTier :=t;
3 L.:= findLoadAl | owance (t+1)
4 if clientlnFastest (L., i)
5 i f (qosSeparationMi ntained(q))
6 selectedTier := t+1;
7 endi f
8 el sei f (nobde = “eager” ||
(mode = “lazy” & LoadAl |l owanceLow (L., t+1))
9 L..= findLoadAl | owance (t-1)
10 if (L. > 0)
11 If (B.»>R)
12 I f (gosSeparati onMai nt ai ned(q))
13 sel ectedTier :=t-1;
14 endi f
15 endi f
16 endi f
17 endi f
18 serverldentifier := findServer(sel ectedTier)
19 return serverldentifier;
20 endproc
21 proc qosSeparationMui ntained (gq: QoSC ass): bool
22 return (meanDel ay(q+1l) —nmeanDel ay(q) >d,,u) &
(nmeanDel ay(q) -neanDel ay(qg-1) >d,..q)
23 %o dis desired delay separation of Q@S C asses

24 endproc

25 proc neanDel ay (g: Qosd ass):

26 T : = nunber
T
N,.D
27 D, 1= ——r
a N,

28 return D,

QS

of server tiers that cover server-zone of the RR

%0 wei ght ed nean QoS of class q



29 endproc

30 proc clientlnFastest
31 C := total nunber

c
32 return a Y < L;

jorg <

33 endproc

34 proc LoadAl | owanceLow (L: Allowance, t:

(Al'l owance L, dient i):
of clients of RR

bool

%84 i s nunmber of sessions of client j

serverTier): bool

35 return (L < minThreshold * MaxAl | owance(t));

36 endproc

Il. SIMULATION SETUP

We have simulated behavior of our algorithm.
The following subsections describe the system
layout, the simulation scenarios and the results
obtained.

1) Mobility Smulation

To get realistic mobility information we have
built a custom mobility simulator. This tool
simulates movement of mobile clients in a
digitized geographica map comprising roads,
streets and railways. For this paper, we have used
a map of San Francisco Bay Area and its
surroundings, covering 3575 sg. miles.

Using this tool, we can specify populations at
different locations in the map. The simulator
chooses the origin and destination points of the
mobile clients such that the number of points
chosen from an area is proportiona to its
population. Thus any desired overal flow of
clients in the network can be specified in using
population distributions and different movement
patterns can be effectively smulated just by
specifying a different population distribution.

Once the origin and destination points are
chosen, the simulator uses Dijkstra's shortest path
algorithm to compute the path for the hosts. The
simulator is capable of using different metrics for
computing shortest path. These include distance,
estimated travel time, or a preference of type of
transport. Presently we consider clients with
distance and time based short paths only and in
equal proportions.

The simulator supports four mediums of
transport, on-foot, car, train and city bus. On-foot
mode is used over very short distances, less than
0.25 miles, and it does not necessarily abide by
the road directions and conditions. Cars and buses

follow the roads directions and conditions. But
while clients in cars move asynchronously, the
clients on buses must travel together according to
route and schedules of buses. Same is the case
with trains except that they have speciaized
tracks. The simulator allows specifying capacity
and schedules for buses and trains. In the current
simulator, each car is occupied by just one client.

Once the path is caculated the client host
travels along this path and its speed is varied
according to speed limits and congestion
conditions on the roads and highways and by
schedules of trains and buses; hosts slow down in
congested segments and wait on designated
stations for the next bus or train to arrive. Clients
on roads can reroute in response to traffic
congestion by calculating a new path that avoids
congested segments.

The geographic map is overlaid with 187 cells
of varying radii. The radius of the cell varies
between 0.2 miles to 5 miles depending on
population distribution and terrain; thisisin line
with typical 3G network planning[22]. The radio
network is further overlaid with 59 network layer
(IP) subnets. Each subnet has a router that serves
2to4radio cells.

We have ssimulated behavior of movement of
2500 clients. We log events as these clients move
from one cell to another. These events are then
converted into network subnet level movement
events and can directly be consumed by our
server selection algorithm.

Figure 2 shows a screen shot of the mobility
simulator showing bay area map, radio network
base-stations covering the area and population
distributions (the rectangular boxes).
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Figure 2: Mobility Simulator

2) CDN Layout
a. Topology

In the simulation scenario the tiered CDN
topology compriges 34 surrogate servers arranged
in 3 tiers, thustl {1,2,3}. We have 21 serversin

tier 1 and thus 21 server zones, each containing an
RR. There are 8 serversin tier 2 and 4 in tier 3.
The CDN has 4 origin servers that place content
on the surrogate servers if it is aready not there.
The model also contains background traffic
servers to create configurable amount of
background traffic to load the network. We have
modeled the server selection agorithm and the
network using a combination of Matlab [9] and
OPNET [12]
b. Network delay

For our current simulation, we assume that
when there is no load on the network, there is
80ms end-to-end delay from a client in the access
network to the nearest tier 1 server. Similarly,
there is 160ms end-to-end delay from nearest tier
2 servers and 240ms delay from nearest tier 3
servers, thus D, =80ms, D, =160ms and

D, =240ms. In general, any rea-time delay
estimation process, such asin [5] [9], can be used

to obtain these values, but for ssimplicity we do
not simulate these processes here. We aso
assume the desired delay separation between QoS
classesis20 ms, thus d,, = d,, = 20ms.

Cc. Server characteristics

The behavior of surrogate servers is
characterized by:

1. The time to process a session request; for the
current simulation it is 100ms.

2. The time to process mobility notification
message (e.g., binding update message of
Mobile IP[6]); currently it isfixed at 10ms.

3. The maximum media packet delivery rate,
current value is 10000 per second.

4, The cache hit-ratio i.e, the probability of
finding the content locally. In case of a cache
miss, the server sends a content placement
request to the origin server to retrieve the
content.

Origin servers have same characteristics as
surrogate servers, except that the content is
aways assumed to be present. Surrogate servers
act as clients to origin servers. The data-rate of
content placement is higher than the actual
streaming data-rate from the surrogate server to
the client; in our smulation it is IMbps.

Servers process al requests (sesson and
mobility notification) on first-come first-served
basis. Because of high packet delivery rate, the
number of sessions that can be served from a
server islimited by the network capacity.

d. Client characteristics

We assume that client requests belong to one of
the three QoS classes, high (1), medium (2) and
low (3). We assume that the tier 1 servers are
appropriate for high QoS class. Tier 2 servers are
appropriate for medium QoS class and tier 3
servers are appropriate for low QoS class.

The number of client requests in the three QoS
classes is proportional to number of servers in
three tiers, thus the ratio is 21:8:4. This ensures
that if there is no mobility based server selection
(smulation scenario 5, explained in next
subsection), the clients are evenly distributed
across the tiers. This is important for obtaining a
fair assessment of benefits of our scheme. In our
present simulation we assume that datarate for all



three QoS classes is 64kbps and 20 packets per-
second and end-to-end delay is the main QoS
determinant. We assume that each client has only
one active session at atime, thus U is 1.

3) Smulation Scenarios
We have ssimulated 5 scenarios.
1. Lazy server selection mode using

granularity residence time estimate
equation 2).

higher
(using

2. Eager server selection mode using
granularity residence time estimate
equation 2).

higher
(using

lower
(using

3. Lazy server selection mode using
granularity residence time estimate
equation 1).

4. Eager server selection mode using lower
granularity residence time estimate (using
equation 1).

5. Non-adaptive server selection. In this scenario
we do not attempt to reduce the number of
handoffs. A client request is always sent to the

highest tier that can meet or exceed the QoS
requirements.

We have simulated each scenario for different
simulation parameters. These are explained in
next section. We use the scenario 5 as a baseline
for comparison.

4) Smulation Parameters
a. Session duration
The session durations vary from 75 seconds to
1500 seconds. Each client waits for arandom time
from 0 and 20 seconds before the start of the first
session and between subsequent sessions.
b. Server capacity
We have aso obtained results for different
server capacities. In particular we have simulated
the scenarios for server capacities varying
between 50 to 300 simultaneous sessions.
c. Load allowancethreshold for lazy mode
For the lazy mode the minimum load allowance
threshold is 10% of maximum reported load
allowance.

Table 1: Summary of Simulation Parameters

Par ameter | Values'Range
Mobility Related Parameters

Number of users 2500
Simulation area 3575 sq. miles
Simulation duration 7200 seconds

Number of base stations and subnets

187 base stations, 59 subnets

Server Selection Parameters

t: tier identifier

{1,2,3}

g: gos classidentifier

{1,2,3}

D delay to thetier t in millisecond, tT {1,2,3}.

{{80, 160, 240}, {80, 120, 160} }

d, ., -desired delay separation between qos class g and g+1.

d,, =d,; =20ms

Total servers

34

Serversat each tiertl {1,2,3.

{21, 8, 4}

Session duration (seconds)

{50, 100, 200, 500, 1000, 1500}

Server capacity (number of simultaneous sessions)

{50, 75, 100, 200, 300}

Server overload threshold for Lazy mode. 10% of maximum reported load
allowance.

Content Distribution Parameters

Server's session request processing time 100ms

Server’s new address binding update processing time 10ms

Data-rate per user 64kbps, 20 packets per second.

Maximum server packet delivery rate (processing limited) | 10000 packets per second




d. Network delay

We have aso performed simulations for
different network delays to confirm the
independence of agorithm from absolute QoS
values.

Table 1 summarizes different simulation
parameters.

IV. RESULTS

1) Reduction in Number of Handoffs

Figure 3 shows the reduction in the number of
server handoffs as compared to the non-adaptive
server selection scenario. Detailed results for
{ D,=80ms, D,=160 msand D,=240ms}, {d,, =
d,; = 20ms} are included here. Later in the

section we will summarize how varying network
delaysimpacts our server selection algorithm.

a. Impact of session duration

Both lazy and eager approaches achieve better
performance for longer session durations, because
the algorithm gets more time to adapt to behavior
of the mobile client. In fact, for very small
sessions, there is a dlight increase in number of
handoffs, because the agorithm does not get a
chance to correct a wrong estimate before the
session is ended.

b. Impact of server capacity

Reduction in number of handoffs is similar in
both lazy and eager approach for smaller server
capacity, since the minimum load allowance
threshold is reached more quickly. However, as
server capacity increases, lazy approach provides
significant improvement in reduction of number
of handoffs. We found that for eager approach the
reduction in number of handoffs was often limited
by the desired delay separation whereas for lazy
approach the limiting factor is the load allowance
of higher tiers. The reduction in number of
handovers in figure 3c and 3d for longer duration
and low load allowance is not well behaved. This
is because with lower load allowance, the
criterion for fastest users is strict, and an error is
more likely.

c. Impact of granularity of residencetime
estimation

Both lazy and eager approaches give better
performance when subnet-specific  mobility
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Figure 3: Percentagereduction in server handoffs
for various scenarios



information is used for residence time estimation,
as these estimates are more accurate than
estimates made using server-zone wide
information.

d. Impact of network delay

We have performed simulations for different
values of D, and Ay qe ,and we found that the

performance of the agorithm is largely
independent of absolute value of QoS metric (D, )

and depends more on the desired separationd, .,

For example we kept the desired separation at the
same level, that is, d,, = d,; = 20ms but reduced

the server delays such that D, = 80ms, D, =

120msand D, =160ms.

We observed that the performance of our
scheme does not degrade significantly. The mean
deterioration in reduction in number of handoffs
is 0.9%. Thisisin comparison with the results in
Figure 3 where D, =80ms, D, =160ms and D, =

240ms. The higher deterioration (maximum
deterioration observed is 2.5%, which still
corresponds to 15% reduction in number of
handoffs) is only for longer session durations and
higher server load allowances, but since we
adready have significantly larger reduction in
number of handoffs for these parameters, this
deterioration is not worrisome.

We also observed that for eager mode, lower
network delay actualy dightly improves the
reduction in the number of handoffs. Because in
this case the delay separation limit is reached
more quickly that stops the algorithm for making
further erroneous server assignment.

2) Impact on Delay and Jitter

Figure 4 shows the impact on the mean end-to-
end delay for the three QoS classes. Both lazy and
eager approaches maintain delay separation
among the QoS classes, however, the overal
delay for each QoS class is more with lazy
approach. Observe that as the load alowance
increases, the delay separation between the
different QoS classes tends to decrease in al
cases, because with lower server capacity, the
load allowance diminishes more quickly, resulting
in fewer transitions from one tier to another and
thus maintenance of higher delay separation.

QoS Class 1 —q@— Delay Diff (QoS2, QoS1) —8—
QoS Class 2 —fll— Delay Diff (QoS3, QoS2) —&—
QoS Class 3 =

(seconds)

End-to-End Delay

(a) Lazy mode with high granularity residence
time estimation
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(b) Eager mode with high granularity residence
time estimation
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(c) Lazy with low granularity residence time
estimation
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(d) Eager with lower granularity residence time
estimation
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Figure 4: Impact on End-to-End Delay




We have also obtained results for end-to-end
jitter; these are omitted here but are quite similar
in nature.

3) Comparing Lazy and Eager approaches

Although we are able to achieve significant

reduction in number of handoffs for each of the
four simulation scenarios, the results highlight
several comparative strengths and weaknesses of
the two approaches.
Lazy mode achieves more reduction in number of
handoffs than the eager mode (comparing figure
3a and 3c with 3b and 3d). It is aso less
susceptible to errors in residence time estimation
(comparing figure 3c and 3d). This is because a
client moved to lower tier as a result of under
estimated residence time will require more server
handoffs. Lazy mode moves fewer clients to
lower tiers thus reducing the cases where a wrong
client is assigned to a lower tier server.

Assigning users to higher tiers also has some
disadvantages. Comparing figures 4a and 4c with
figures 4b and 4d respectively we can see that
there is that clients incur overal higher delays
with lazy mode compared with the eager mode.

At the network level, assigning clients to higher
tiers trandlates to lesser traffic localization and
higher utilization of network resources. This can
be a significant factor if network bandwidth is
more expensive than placing servers at lower
tiers.

V. RELATED WORK

There has been a great dea of work on web
performance enhancements. For CDN, severa
content placement, server placement, and server
selection techniques have been proposed,
including schemes geared towards load balancing
among local and distributed servers, improving
client’s perceived QoS such as [5], and reducing
network cost through intelligent server placement.
Several request routing schemes [1] are used to in
conjunction with the server selection schemes. A
comprehensive overview of various techniques
used for enhancing web performance can be
foundin [8].

Yoshimura et al., [17] have proposed a
multimedia CDN architecture. In their work, a
centralized portal and content location manager
selects an appropriate server for the client. The
server selection is based on information about the

client’s current location, server load and network
conditions. Although they have proposed server
handoff in response to client movement under
certain conditions, the server selection process
does not attempt to select a server that would
reduce the probability of need for server handoff.

In [16] we show that for long-lasting streaming
multimedia sessions, the delay and jitter can be
significantly improved by server-handoff as
clients move. But in [16] the server selection was
based on client location and content availability.
No explicit effort is made at the time of server
selection to select a server that suits the mobility
profile of the client.

The notion of server handoffs to improve
performance for mobile users has been proposed
in [20], but not applied to multimedia or CDN
systems.

To the best of our knowledge, there is no work
that uses mobility information for server selection
in CDN. In estimating residence time and dealing
with mobility information, our focus has been to
enable server sdection in a fully distributed
manner. Additionally we try to minimize the
station information that be maintained for the
purpose of tracking client movement or making
prediction, because maintaining such information
for a large number of clients can consume
significant  resources. Mobility  information
gathering, asit is currently defined in our scheme,
can be easily collected using existing protocols
such as Mobile IP [6] binding update signaling
messages. It is likely that mobility prediction
algorithms, such as used for resource reservation
and call admission control [19] in mobile
networks can be used.

V1. CONCLUSIONS

We have presented a mobility aware server
selection scheme that can significantly reduce the
number of server-handoffs necessary for
streaming multimedia content delivery via a high
density CDN. In our server selection algorithm
we use mobility information about the clientele
aong with traditional server selection criteria
such as expected QoS from the server, traffic
localization, and server load. The effectiveness of
our server-selection algorithm depends on the
accuracy of the clients residence time estimate.
While the estimation schemes that we have
proposed are decentralized, stateless and simple,



they are not very accurate. Nonetheless, our
simulations show that our server selection
algorithm can reduce the server handoffs by up to
10-15% at the expense of small increase in mean
end-to-end delay, while maintaining delay
separation among different QoS classes. More
elaborate mobility information prediction method
can improve the performance of our agorithm at
the expense of increased complexity.
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