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Abstract

Communication services such as, Voice over IP (VoIP), over the Internet have gained much attention in recent years, as next
generation Internet applications are requiring the integration of voice and data in the single IP infrastructure. In this paper, we
propose a Peer-to-Peer (P2P)/Grid-based architecture to efficiently provide VoIP services in large-scale IP networks. Particularly,
our technologies include: (1) a multi-overlay architecture that leverages the resources/capabilities of individual VoIP components.
(2) We design and develop several models and protocols for realizing VoIP services in our architecture. We conduct extensive
performance evaluations on different schemes proposed. The evaluation results show that the load-aware weight-based call
routing scheme can achieve much better performance than static selection schemes in terms of average call routing delay.
The experimental results also demonstrate that the P2P + Hierarchy model for conferencing applications can achieve better
p
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erformance than all other models in terms of minimizing the network bandwidth overhead.
2004 Elsevier B.V. All rights reserved.
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. Introduction

In this paper, we propose a Peer-to-Peer (P2P)/Grid-
ased architecture to provide scalable and efficient
oice over IP (VoIP) communication services in

arge-scale IP networks. We leverage the resources/
apabilities of all components present in the VoIP net-
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works into two-grid overlays: a call routing overl
and a user/service endpoint overlay. In this P2P/G
based architecture, we study various issues relat
design, analysis and evaluation of VoIP services
these overlays.

Providing scalable and efficient communication
vices such as VoIP over the Internet has becom
active research area in recent years, as the next
eration Internet applications are requiring the inte
tion of voice and data in the IP infrastructure. Ho
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ever existing system for VoIP have following draw-
backs: (1)Centralization of call control. A majority of
the existing approaches to deploy communication ser-
vices in the IP network adopt theclient/servermodel.
For example, H.323-based communication system has
two types of components: the centralized call control
agent as theserverand endpoint IP phone user agent
as theclient. As the server provides the call control
and feature services for all clients, it easily becomes
the bottleneck due to the centralization of data ac-
cess and control. (2)Centralization of feature deliv-
ery. Similar to the approach for call control, the ex-
isting approach to deliver features is also centralized.
The drawbacks can be illustrated by the following ex-
ample: centralized approaches make the system un-
able to effectively support some basic features such
as, conferencing. Traditionally the conference feature
is conducted by the call control server which directs the
call to the centralized conference bridge with a large
amount of conferencing resources. When conferences
have large number of users, the network will easily be
congested due to a large amount of traffic directed to
certain area of the network. (3)Manual call routing
configuration. To support the communication service
with clients at different locations, the traditional ap-
proach requires that each call agent manually config-
ures a ‘route-pattern’ to each other call agent. In this
sense, in a system withN locations, each call agent
needs to maintainN-1 ‘route-patterns’. This approach
cannot is not scalable and will have much maintenance
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trolled in an effective way. Our architecture is thus
completely distributed, as each entity maintains com-
paratively small states and increases the capacity of
the global system to better conduct the call control and
provides features. In recent years, P2P and Grid com-
puting have become effective methodologies to sup-
port the large-scale services. Examples of such P2P
systems are application level overlay systems such as
CAN [2], Chord[3] and Tapestry[4] are scalable, de-
centralized and self-organizing systems. Globus toolk-
its are evolving towards an Open Grid Services Archi-
tecture (OGSA) in which a grid provides an extensible
set of services for the virtual organizations[5]. Lever-
aging P2P/Grid technologies for global communication
services bring in two valuable benefits–improved effi-
ciency and better QoS (quality of service). Since the
IP phone endpoints in this infrastructure can exchange
information directly, rather than through intervening
dedicated servers, work and results can be distributed
quickly and efficiently.

In this paper, we employ the following technolo-
gies for VoIP services. (1)Multi-overlay architecture:
We propose an intelligent P2P/Grid-based architecture
with two-function grid overlays that leverages the re-
sources of all components in the VoIP systems. The two
overlays are: call routing grid overlay and user/service
endpoint overlay. The call routing grid overlay is com-
posed of call agents, which are dedicated to perform the
call routing. The endpoint grid overlay is composed of
all the user endpoint agents and service agents, which
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verhead and will be unable to realize global dep
ent of the service in the near future. In the migra
eriod, a scalable call routing architecture is highly
uired to support a variable network topology consi

ng call agents joining/leaving the system dynamica
his will be necessary for transparent and autom
eployment of new call agents without much imp
n existing communication systems, call agent fai
ue to DoS (Denial of service) attacks in the IP netw

1].
Following from the above observations, we prop
novel and effective approach to address the p

em of VoIP communication services. We propos
calable and efficient P2P/Grid-based architectur
egrating all the components present in VoIP syste
ur architecture leverages the resources/capabilit
ll components such as, IP phones, service agent

hat can be shared, managed, coordinated and
re dedicated for the call control and feature de
ry. Our architecture is highly distributed and is a
ompatible with IETF standard–SIP (Session In
rotocol) [6]. (2) P2P-based call routing grid ove
ay: We propose a P2P based call routing grid o
ay. We also study protocols for overlay construc
nd maintenance under dynamics, and for forwar

he received call routing request messages by de
ng efficient multi-path routing algorithms. We pr
ose two schemes, namely a Static routing sch
nd Weight random selection scheme for path s

ion. Our protocols use easily available system in
ation to achieve better QoS performance. (3)P2P-
aseduser/serviceendpoint overlay: This overlay take
are of call control and feature delivery. We deve
our overlay models, namely centralized, hierar
al, P2P and P2P + Hierarchy models to provide s
ervices.
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We conduct extensive performance evaluations on
different models proposed. The rest of paper is orga-
nized as follows: in Section2, we introduce the net-
work model and some terminologies. In Section3, we
present our architecture with two grid overlays: call
routing overlay and endpoint overlay. In Section4,
we discuss the call routing overlay along with net-
work dynamics. In Section5, we discuss the end-
point overlay for large conferences. In Section6, sim-
ulation and evaluation results are presented. In Sec-
tion 7, we give the survey of related work. The sum-
mary of this paper and some future work are given in
Section8.

2. Network models

In the communication system, we consider a world-
wide voice signaling network with a large number
of region call agents. The call agent is a signaling
middleware-box and is capable of handling call re-
lated signaling messages for the IP phone endpoints.
The region call agent can support different applica-
tion layer signaling protocols in the IP network, such
as SIP, H.323 and MGCP (media gateway control
protocol). Each region call agent is assigned with a
route-pattern for global call routing purpose. Assum-
ing that each region call agent can support 10,000
phones, 979432 is the corresponding route-pattern for
the particular region call agent with dialing number–
9
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The destination region call agent will negotiate with
the source region agent and will setup the call. We re-
strict our work to a single domain or multiple domains
within our jurisdiction. In this sense, we can deploy
call agents anywhere in domains with known network
topology.

We assume that endpoint IP phone can contribute
to the communication service, its available CPU and
memory resource. For example, it may have limited
DSP (digital signal processing) resources to support
ad hoc conferencing features. In other words, besides
the normal DSP resources to play the tone and ring,
we also assume the each IP phone has extra DSP re-
sources to conduct conferencing with limited number
of participants.

3. Intelligent P2P/Grid-based IP
communication architecture

In the traditional VoIP system, services are deliv-
ered by theclient/servermodel shown inFig. 1, where
the centralized call control server conducts the basic
call signaling and feature interaction for the IP phone
endpoint user agents. In this model, the user has little
control over the call processing and feature delivery as
the user device is considered as a dummy device with-
out any intelligence or resources to deliver features.
All the system intelligence is located at the centralized
call control agent, which becomes a very complex sys-
t n the
t ture
p m-
m bot-
t ons
o ast
79432XXXX.
Assume that each region control agent manag

iven number of registered IP phones. When th
hone makes the outgoing call by dialing the dest

ion digits, the region agent finds the destination
ion call agent through the call routing infrastructu

Fig. 1. Tradition
 ralized call model.

em. The services and features are implemented o
op of the central call control server by using fea
rimitives. With more features required in the co
unication services, software design becomes the

leneck due to complexity in handling the interacti
f different features and call control coupled with f
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Fig. 2. P2P-based communication service architecture (A1, user end-
point agent; A2, service endpoint agent; R, call routing agent).

delivery demanded by next generation communication
services.

In order to develop a scalable, lightweight and eas-
ily deployable architecture to efficiently provide com-
munication services, we propose an intelligent P2P/
Grid-based architecture that leverages the resources/
capabilities of system components as shown inFig. 2.
The highlights of our architecture are: (1) the work-
loads of both call control and feature service is dis-
tributed to all components including the user endpoint
IP phone. Thus call control and feature delivery be-
comes scalable, as there is no centralization in main-
taining large number of states for the call control and
feature delivery. (2) Call routing is conducted by the
call routing grid, which is composed by a number of
call routing agents which are dedicated to perform the
call routing. In the call routing grid, the P2P-based ap-
proach is adopted to efficiently support large-scale sys-
tems. It can also handle network dynamics under call
agents joining/leaving the system. (3) Feature delivery
is handled by the endpoint overlay grid, which is com-
posed by all endpoint user agents and service agents
in the system. In this architecture, components con-
tribute their available resources/capabilities and make
the system effectively support features such as, large
conferencing etc.

Generally, our communication service architecture
provides an intelligent environment, which can enable
all components in the system to effectively manage
their resource, complement each other, hence making
t nica-

tion services. In the following sections, we will discuss
these two overlays in details.

4. Call routing overlay

4.1. Overview

Our call routing problem is defined as follows: given
a signaling network with call agents and destination
route-pattern, we need to find the corresponding call
agent for the given destination route-pattern. In other
words, we need to find the mapping between the dialing
number and the corresponding call agent. Accordingly,
we have following different approaches: (1)centralized
approach: just like Napster[7] and the DNS system
for the Internet file sharing and naming service respec-
tively, this approach has a centralized directory server
or a hierarchical tree with different directory servers.
All call agents register with the directory server. When
the call agent receives call setup requests, it checks
the dialed number. If the dialed number is out of its
region, it sends the request to the directory server for
the destination lookup and the directory sever responds
with the corresponding call agent for the dialed number.
The main advantage of this scheme is its simplicity and
easy implementation. But this server could be a bottle-
neck and a single point of failure. (2)Purely distributed
approach:in this approach, each call agent maintains
the information of all other call agents by means a
f ap-
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he system scalable to support features for commu
ully connected topology. Similar to the centralized
roach, the call routing path for each source/destina
air will be just one hop. With increase in system s

his approach is not scalable as each call agent ne
aintain a large number of states for other call age

3)P2P-based overlay approach:to alleviate the abov
roblems, we propose a P2P-based overlay appr
his approach requires an overlay-signaling netw
onsisting of call agents and each call agent in
ystem has only a limited number of neighbors. T
ach call agent only needs to maintain local infor

ion and call agents cooperate to achieve the globa
outing objective. The benefit of this approach is
t is highly scalable and fault tolerant. The P2P o
ay approach is naturally scalable under large sy
izes.

In our P2P-based overlay, the following two ta
eed to be conducted: (1) overlay construction
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maintenance: this task deals with how the overlay
topology is constructed and its maintenance under
network dynamics such as node joins/ leaves. (2)
Call routing forwarding: this task deals with how to
forward the call routing request in the overlay to
achieve the call routing objective. In the following sec-
tions, we will discuss the above two components in
detail.

4.2. Overlay construction/maintenance protocol

The objective of overlay construction and mainte-
nance protocol is to establish call routing table for
the routing message. This is achieved by: (1) gen-
erating candidate entries for constructing and updat-
ing call routing tables, (2) determining eligibility of
candidate entries, (3) constructing or updating call
routing tables with the eligible entries, which will be

used by the call routing forwarding protocol, discussed
later.

We can use existing approaches to collect the net-
work information, e.g., Landmark approach proposed
in [8] can be used for monitoring the node distance.
Once the information on network status is collected, the
routing table for each node can be easily constructed,
by say, selecting the set of nodes with shortest dis-
tance. For the overlay construction and maintenance,
the main task is to handle dynamic behavior of nodes
in the network (node joins/leaves). Protocol 1 lists two
sub-protocols to handle the cases of node joins and node
leaves. During the system initial time, the overlay can
be automatically constructed by each node running the
node join sub-protocol. During the run-time with new
node joining/leaving, these two sub-protocols will be
executed correspondently, the new updated call routing
table will be automatically generated.
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4.3. Overlay call routing forwarding protocol

The objective of the call routing request forwarding
protocol is to forward the received call routing request
messages. This is achieved by performing the follow-
ing three tasks in sequence: (1) locate the call rout-
ing entry (entries) for the incoming call request, (2)
select one entry among the located entries and (3) for-
ward the message according to the fields in the selected
entry.

To perform these tasks, we propose the call routing
request forwarding protocol below.
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With QoS considerations, our motivation for the call
routing is to minimize call routing message delay. As
there are multiple paths from the source to the destina-
tion, we adopt multi-path routing selection approach.
As we know, the throughput of routing messages de-
pends on the network topology and load of network
node. Hence, a multi-path selection decision should
take all available information into account.

The path selection information represents the sys-
tem information which can be used for path selection.
We consider two important factors: the distance of the
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In connection with protocol 2, we have followi
heorem.

heorem 1. (Correctness of the protocol 2): If t
etwork has no faults, then with our call routing p

ocol, the call requesting message from a source
ventually be delivered to the destination.

roof. Let us say an agentR′ receives a messa
rom nodeR (R can be source node). From the c
outing algorithms mentioned above, we can ea
chieve the following conclusion: given any path ta
y our protocol, we can prove thatR′ is always one
op near to the destination thanR (recall that we
hoose one ofd-non-zero entities in the mask c
ulated in protocol 2). In this sense, the call ro
ng is loop free, which guarantees that the call r
ng request will eventually arrive at the destinati
.E.D. �
athP and load of network nodeL, whereP can be
btained by call routing algorithms andL can be ob

ained by exchanging the node load information am
etwork neighbors periodically. From here, we will
ard the available information for the path selectio
etrics. A single type of information corresponds
ne metric. In the case where there is only one typ

he information (in other words, only one metric), s
he distance of the path, it is straightforward to fig
ut that the path with shortest distance is better
ne with longer distance. In the case of multiple m
ics, say, the distance of the path, and load on a n
t is difficult to judge which one is better among t
ollowing two paths: one is with shorter distance a
eavy load, or one with a longer distance and lig

oad.
Hence, we need to combine different individual m

ics together to get a composite one, which can be
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in many different ways. The basic idea is to design a
function, taking these metrics as input parameters. The
output of this functions in the composite metricC, i.e.,
C= f(P, L). Note that this function should be mono-
tonically increasing or decreasing for each metrics. A
simple function can be

C = L

P
. (1)

Once the composite metric is ready, the following
issue is how to use it to select a path. We propose fol-
lowing weighted random selection approach.

The basic idea of the weighted random selection ap-
proach is that each path is assigned to a weight, and a
path is chosen randomly based on weight assignment.
The path with higher weight value has a higher prob-
ability of being selected than one with lower weight
values. This approach may effectively distribute the
traffic over different routes and potentially improve the
throughput performance.

Weight assignments for multi-path routing have
been studied in the literature. For example, an opti-
mal weight assignment was proposed in[9] in which
the average delay of message can be minimized. We
will take a heuristic approach for weight random
selection.

Without loss of generality, we assume thatK eli-
gible entries are in the routing table for a given des-
tination route pattern. We let these entries be indexed
by 1, 2, . . ., K; and their associated weights are de-
n gn
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port features such as, large conferencing and so on. For
large conferences (a large number of endpoint users
are joining in a conference), depending on sequence
of each node joining in the conference, all the confer-
ence members construct an overlay dedicated to the
conference. In this overlay, each endpoint node can
contribute its local DSP resources to conduct the con-
ference media mixing. Thus, more efficient confer-
encing can be supported by this approach. We dis-
cuss this in detail below. Note that our analysis is
generic and can be used for providing other features
too.

Assuming thatN endpoint user agents are in a large
conference and each IP phone user agent hasK neigh-
borhoods, we consider following models for the con-
ference feature:

(1) Centralizedmodel:Each endpoint user agent keeps
two media sessions connecting to the centralized
media service agent. From the endpoint user agent
perspective, the outgoing media session sends the
RTPpackets from the endpoint user and the incom-
ing media session receives theRTPpackets from
the media service agent.

(2) Hierarchical model: The system has multiple
media conference service agents, which are hi-
erarchically organized. For example, the two
layer hierarchical network can be the system
with R regions. Each region has theN/R enti-
ties and 1 centralized media service agent is de-

t to
like
ice
large

( at
to

on-

ser

.
s
ithin
ith a
ich
ix-
oted asW1, W2, . . ., Wk, respectively. We can assi
he weightWi ∼Ci (Ci is calculated by(1)) for each
eighbor node.

To normalizeWi to be a probability such th
K
i=1Wi = 1, we should assignWi as follows: fori = 1,

. ., K,

i = Li/Pi
∑K

j=1Lj/Pj

. (2)

. Endpoint overlay

In the endpoint overlay, the most important co
onent is the endpoint user agent, i.e., IP phon

his overlay, the P2P-based approach is adopte
ake all components contribute their available ca
ility/resource and make the system effectively s
ployed. All endpoint user agents just connec
the local region media service agent just
the centralized model. All region media serv
agents can be reconnected to support the
conference.

3) P2P-based model:In this system, we assume th
end point user agents have limited capability
mix the media connected to it. For example, c
sider userA andB having an active call. Then,A
decides to conduct a conference by inviting u
C by making a consultation call toC. There is no
call set up directly betweenB andC. A receives
media stream from bothB andC, and mixes them
A sends a stream combiningA′s andB′s stream
to C. In this sense, the endpoint user agent w
the small area can be grouped as a cluster w
leader (A is the cluster leader in this case) wh
takes the responsibility to conduct the media m
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ing for the local cluster. Depending on sequence
of all nodes joining in the conference, all the con-
ference members construct an overlay dedicated to
the conference. In this overlay, each endpoint node
can conduct the conference media mixing locally
to achieve efficient conferencing.

(4) P2P+Hierarchy model:In the system, the Hierar-
chical model and P2P-based model are combined.
In this sense, the network hasR regions and each
region adopts the P2P-based model.

Based on above models, we define following perfor-
mance metrics: Bandwidth Overhead (BO) defines the
bandwidth consumption for different models. Based on
the media topologies for each model, we can easily cal-
culate the bandwidth overhead as following:

(1) Centralized model:

BOc = K + 2K2

+ . . . + ([logKN] − 1)K[logKN]−1 (3)

(2) Hierarchical model:

BOh = R + R(K + 2K2

+ . . . + ([logK(N/R)]−1)K[logK(N/R)]−1

(4)

Similarly, we can findR to minimize the overhead
for the network with sizeN.

(3) P2P-based model:Each intelligent endpoint user
ally.
ents
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6. Simulation results and analysis

In this section, we evaluate the performance of the
system that uses our proposed algorithms and proto-
cols. We will first describe the experimental model and
then report performance results.

6.1. Performance of call routing overlay

6.1.1. Experimental model
• Network model:For the performance evaluation of

the call routing algorithms, we evaluate two types of
network topologies: random and real networks; (1)
Random network: we randomly generate a random
topology with network size, 400. (2)Real network:
we consider theMCI ISP backbone network with
19 nodes, which are interconnected by links with
100 kbps for voice signaling traffic. We assume each
node is deployed with a call agent.

• Traffic model:We assume that call requests form a
Poissonprocess with rate [0,10] per second.

• Baseline system:For the call routing algorithms, we
consider following baseline systemsA ∈ {SR, WR},
whereSRdenotes the static routing (the next hop is
always chosen by shortest path selection) andWR
denotes the weight random selection scheme (the
next hop is calculated by the weight formula(2))

• Performancemetrics:For the routing algorithms, we
consider the following performance metric-Average

all
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agent can handle a part of media session loc
For example, several nearby IP phone user ag
can construct a P2P topology to mix the me
Suppose each endpoint user has the capabil
supportMmedia sessions, the bandwidth overh
is,

BOp = K + 2K2

+ . . . + ([logKN/M] − 1)K[logKN/M]−1

(5)

4) P2P+Hierarchy model:The Bandwidth overhea
is given by,

BOph = R + R(K + 2K2

+ . . . + ([logK(N/(RM))] − 1)

× K[logKN/(RM)]−1 (6)
Routing Delay (RD):it is defined as the average c
routing message delay in the system. The highe
RDvalue is, the worse is the performance.

.1.2. Performance results
In this section, we report results of our experime

long with our observations. Due to space limitatio
e only present a limited number of cases here. H
ver, we found that the conclusions we draw are
rally held for many other cases we have evaluate

Figs. 3 and 4show the sensitivity ofRD in a random
etwork of size 400 and realMCI backbone network
espectively. We see thatRD is indeed sensitive to th
ifferent network sizes and call routing schemes.
ave following observations:

RD of weighted random routing selection sche
performs better than the shortest path routing sch
consistently for different network sizes. The rea
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Fig. 3. RD performance of routing algorithms (network with 400
nodes).

is that weighted random selection scheme relies on
the fact that the high congestion paths are not being
selected.

• RD is sensitive to the service request rateR. The
value ofRD increases asR increases. The reason is
obvious: a largeR implies that a large number of
requests are sent to call agents increasing the pro-
cessing time.

erhead

Fig. 4. RDperformance of routing algorithms for real network topol-
ogy.

6.2. Performance of endpoint overlay

Fig. 5 shows the performance of conference band-
width overhead for different models. In this figure,
Peer (#) represents the system where each cluster has
# nodes, Hierarchical ($) represents the system with $
regions, and Hierarchical + Peer ($ + #) represents the
system with $ regions with each cluster having # nodes.
We have following observations:
Fig. 5. Bandwidth ov
 for conference feature.
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• The bandwidth overhead becomes larger with in-
crease in network size. The reason is simple. The
large network size increases the overall network path
length, which causes the large bandwidth overhead.

• Given the network size, the bandwidth overhead for
the centralized model gives the worst performance
compared to other models. The P2P + Hierarchy
model achieves the best performance. The reason
can be explained. The P2P + Hierarchy model makes
network media traffic with shorter network paths.
As local endpoint user agents contribute the possi-
ble media streaming capability, the P2P + Hierarchy
approach is a good solution to extend the system
scalability for large conference feature.

7. Related work

In this section, we review research work in the area
of P2P/Grid computing and communication systems in
the IP network related to our study.

Recent application level overlay networks, e.g.,
CAN [2], Chord [3] and Tapestry[4] are scalable,
decentralized and self organizing systems. With dis-
tributed hash table (DHT)[10], nodes in these sys-
tems collectively contribute towards administration-
free storage space and achieve efficient content lookup.
Our approach is different from these systems due to
the salient features of call routing. Moreover, as the
communication signaling overlay is comparatively sta-
b im-
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[6,16]. As SIP takes the distributed control approach
and supports MIME and URI, it can easily support
combined services in the Internet and make the service
delivery fast. In both SIP-based and H.323-based call
control models, the call routing feature is performed by
the controller (H.323 world) or SIP proxy (SIP world),
which are just examples of the generic call agent in
this paper, which mainly conducts the call routing task.
The call routing problems have also been discussed by
adopting inter-domain routing protocol (BGP)[17,18].
Our approach is different from these studies by adopt-
ing the P2P-based overlay approach to construct intelli-
gent grids at the application layer to efficiently support
the communication service. In this sense, our approach
is an extension of previous work from the framework
of supporting large-scale communication systems with
enough intelligence to easily support existing features
and extend it to new features.

Much work related to improving the voice qual-
ity from the network data plane is done. For exam-
ple, Karam and Tobagi[19] studied the delay and jitter
analysis of voice traffic in the Internet by analyzing
different scheduling algorithms. Chuah and Katz[20]
studied the statistical approach to make the bandwidth
resource management more efficient. Our work differs
from the above by mainly focusing on the network con-
trol plane.

8. Conclusions and future work
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w etter
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m

le and our call routing protocols being much s
ler, more efficient mechanisms can be realized
all routing. From the application perspective, G
ased computing has drawn much attention in re
ears[11]. Future network systems need to have
ain machine-understandable semantics to make
ntelligent peer actively and efficiently provide o
emand computing[12]. Building an intelligent socia
rid, semantic resource grid and knowledge grid
lso becoming important research areas[13,14]. In this
ense, our work can be interesting as an intelligent
pplication.

There is a lot of research work aiming to impro
he availability of voice over IP services. H.323 su
f protocols is developed by ITU, which has been s
orted by several products[15]. Because of its inabilit

o readily provide new services, SIP is becoming p
lar and currently standardized by IETF in RFC 2
We have studied different issues regarding the
isioning of VoIP services in large-scale IP syste
y adopting intelligent P2P/Grid computing techno
ies. To the best of our knowledge, this is the
tudy that addresses issues in this field. In summ
ur technologies include the following: (1) An int

igent P2P/Grid-based architecture, (2) P2P-based
outing overlay, (3) P2P-based endpoint overlay to
iently support features. We conduct extensive pe
ance evaluations on different architectures and a

ithms. The evaluation results show that the load-aw
eight-based call routing scheme achieves much b
erformance than the static selection scheme in t
f average call routing message delay. The experim

al results also demonstrate that P2P + Hierarchy m
an efficiently support large conferences in term
inimizing bandwidth overhead.
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Our work has broad impacts. With a tremendous
spurt in communication services demanded by Internet
applications, traditional approaches to deliver commu-
nication services find it increasingly difficult to do so.
Such services can be easily deployed with our approach
presented in this paper. There are several directions to
extend our study: (1) as the endpoint (IP phone) is a
generic device, it can implement a broader spectrum of
other services such as, personal computer virus detec-
tion and firewalls; (2) our Grid-based overlay design
approach is generic to provide different services; our
design approach can easily be adopted in other areas
like, high performance instant messaging system etc,
which will be part of our future work too.

References

[1] J. Xu, W.Y. Lee, Sustaining availability of web services under
distributed denial of service attacks, IEEE Trans. Comput. Spec.
Issue Reliable Distr. Syst. 52 (2) (2003) 195–208.

[2] S. Ratnasamy, P. Francis, M. Handley, R. Karp, S. Shenker, A
scalable content addressable network, Proc. ACM SigComm.
31 (4) (2001) 161–172.

[3] I. Stoica, A scalable P2P lookup service for internet applica-
tions, Proc. ACM SigComm. 31 (4) (2001) 149–160.

[4] B.Y. Zhao, J.D. Kubiatowicz, Tapestry: an infrastructure for
fault-resilient wide-are location and routing, Technical report
UCB/CSD-01-1141, University of Berkeley, 2001.

[5] I. Foster, C. Kesselman, Grid services for distributed system
integration, IEEE Comput. 35 (6) (2002) 37–46.

col,

ates,

cally
IEEE

is-
97)

[ sh
–97.

[ ecke,
an-

twork

[ EEE

[ Issue

[ ent,

[15] ITU, Registration, admission and status signaling (Recommen-
dation H.225/RAS), International Telecommunication Union
(ITU), 1998.

[16] J. Rosenberg, Distributed algorithms and protocols for scalable
internet telephony, Ph.D. dissertation, Department of Electrical
Engineering, Columbia University, 2001.

[17] J. Glasmann, W. Kellerer, H. Muller, Service development and
deployment in H.323 and SIP, Sixth IEEE Symp. Comput. Com-
mun. 3 (5) (2001) 378–385.

[18] D. Hampton, D. Oran, The IP telephony border gateway proto-
col (TBGP), Internet draft, draft-ietf-iptel-glp-tbgp-01.txt, work
in progress.

[19] M.J. Karam, F.A. Tobagi, Analysis of the delay and jitter of
voice traffic over the internet, Proc. IEEE INFOCOM 2 (22)
(2001) 824–833.

[20] C.N. Chuah, R.H. Katz, Network provisioning and resource
management for IP telephony, Computer Science Department,
Report no. UCB/CSD-99-1061, UC at Berkeley, August 1999.

Wei Yu received his BS (1992) from Nan
Jing Technology University, MS (1995)
from Tong Ji University, and PhD degree
(1998) from Shanghai Jiao Tong University.
All are in electrical engineering. Since 1999,
he is a PhD candidate in the Department
of Computer Science at Texas A&M Uni-
versity. Currently, he is working for Cisco
Systems Inc. His research interests include
network security and distributed systems.

SriramChellappan is a graduate student in
the Department of Computer and Informa-
tion Science at The Ohio-State University.
His current research interests are in network
security, distributed systems and wireless

lec-
ate
tru-
the

e-
ng-
in
uter
in
ssor
or-
ity.
er-
he
the

D ng.
F Real-
T Texas
A ting
a s.
[6] M. Handley, H. Schulzrinne, SIP: session initiation proto
RFC 2543, 1999.

[7] M. Macedonia, Distributed file sharing: barbarians at the g
IEEE Comput. 33 (8) (2000) 99–101.

[8] S. Ratnasamy, M. Handley, R. Karp, S. Shenker, Topologi
aware overlay construction and server selection, Proc.
INFOCOM 3 (23–27) (2002) 1190–1199.

[9] R.G. Gallager, Minimum delay routing algorithms using d
tributed computation, IEEE Trans. Commun. 25 (1) (19
73–85.

10] M. Naor, U. Wieder, A simple fault tolerant distributed ha
table, IEEE 2-th Int. Workshop Peer-to-Peer Syst. (2003) 88

11] A. Chervenak, I. Foster, C. Kesselman, C. Salisbury, S. Tu
The data grid: towards an architecture for the distributed m
agement and analysis of large scientific datasets, J. Ne
Comput. Appl. 23 (1) (2001) 187–200.

12] J. Kephart, D. Chess, The vision of autonomic computing, I
Comput. Magaz. 36 (1) (2003) 41–50.

13] H. Zhuge, Semantics, resource and grid, Editorial Spec.
Future Generat. Comput. Syst. 20 (1) (2004) 1–5.

14] H. Zhuge, China’s E-science knowledge grid environm
IEEE Intell. Syst. 19 (1) (2004) 13–17.
networks. He holds a masters degree in e
trical engineering also from The Ohio-St
University and a bachelors degree in ins
mentation and control engineering from
University of Madras.

Dong Xuan received his BS and MS d
grees in electronic engineering from Sha
hai Jiao Tong University (SJTU), China,
1990 and 1993, and PhD degree in comp
engineering from Texas A&M University
2001. Currently, he is an assistant profe
in the Department of Computer and Inf
mation Science, The Ohio State Univers
He was on the faculty of electronic engine
ing at SJTU from 1993 to 1997. In 1997,
worked as a visiting research scholar in

epartment of Computer Science, City University of Hong Ko
rom 1998 to 2001, he was a research assistant/associate in
ime Systems Group of the Department of Computer Science,
&M University. His research interests include real-time compu
nd communications, network security and distributed system


	P2P/Grid-based overlay architecture to support VoIP
 services in large-scale IP networks
	Introduction
	Network models
	Intelligent P2P/Grid-based IP communication architecture 
	Call routing overlay
	Overview
	Overlay construction/maintenance protocol
	Overlay call routing forwarding protocol

	Endpoint overlay
	Simulation results and analysis
	Performance of call routing overlay
	Experimental model
	Performance results
	Performance of endpoint overlay

	Related work
	Conclusions and future work
	References


