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Abstract: Communication services such as, Voice over IP (VolIP), 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 VolP services in large scale IP networks. Particularly, our technologies
include: 1) A Multi-overlay architecture that leverages the resources/ capabilities of individual VolP
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 performance
than all other models in terms of minimizing the network bandwidth overhead.
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I. Introduction

In this paper, we propose a Peer to Peer (P2P)/ Grid-based architecture to provide scalable and efficient
Voice over IP (VoIP) communication services in large scale IP networks. We leverage the resources/
capabilities of all components present in the VoIP networks into two grid overlays: a call routing overlay
and a user/service endpoint overlay. In this P2P/ Grid-based architecture, we study various issues related to
design, analysis and evaluation of VoIP services on these overlays.

Providing scalable and efficient communication services such as VoIP over the Internet has become an
active research area in recent years, as the next generation Internet applications are requiring the integration
of voice and data in the IP infrastructure. However existing system for VoIP have following drawbacks: 1)
Centralization of call control. A majority of the existing approaches to deploy communication services in
the IP network adopt the client/ server model. For example, H.323-based communication system has two
types of components: the centralized call control agent as the server and endpoint IP phone user agent as
the client. As the server provides the call control and feature services for all clients, it easily becomes the
bottleneck due to the centralization of data access and control. 2) Centralization of feature delivery. Similar
to the approach for call control, the existing approach to deliver features is also centralized. The drawbacks
can be illustrated by the following example: Centralized approaches make the system unable 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
approach requires that each call agent manually configures a ‘route-pattern’ to each other call agent. In this
sense, in a system with NV locations, each call agent needs to maintain N-/ ‘route-patterns’. This approach
cannot is not scalable and will have much maintenance overhead and will be unable to realize global
deployment of the service in the near future. In the migration period, a scalable call routing architecture is
highly required to support a variable network topology considering call agents joining/ leaving the system
dynamically. This will be necessary for transparent and automatic deployment of new call agents without



much impact on existing communication systems, call agent failing due to DoS (Denial of service) attacks
in the IP network [1].

Following from the above observations, we propose a novel and effective approach to address the
problem of VoIP communication services. We propose a scalable and efficient P2P/ Grid-based
architecture integrating all the components present in VoIP systems. Our architecture leverages the
resources/ capabilities of all components such as, IP phones, service agents etc, that can be shared,
managed, coordinated and controlled in an effective way. Our architecture is thus completely distributed, as
each entity maintains comparatively small states and increases the capacity of the global system to better
conduct the call control and provide features. In recent years, P2P and Grid computing have become
effective methodologies to support 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, decentralized and self
organizing systems. Globus toolkits are evolving towards an Open Grid Services Architecture (OGSA) in
which a grid provides an extensible set of services for the virtual organizations [5]. Leveraging P2P/ Grid
technologies for global communication services bring in two valuable benefits — improved efficiency 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 technologies for VolP services. 1) Multi-overlay architecture: We
propose an intelligent P2P/ Grid based architecture with two function grid overlays that leverages the
resources 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 composed 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 are dedicated for the call control and feature delivery. Our architecture is highly distributed
and is also compatible with IETF standard — SIP (Session Initial Protocol) [6]. 2) P2P-based call routing
grid overlay: We propose a P2P based call routing grid overlay. We also study protocols for overlay
construction and maintenance under dynamics, and for forwarding the received call routing request
messages by designing efficient multi-path routing algorithms. We propose two schemes, namely a Static
routing scheme and Weight random selection scheme for path selection. Our protocols use easily available
system information to achieve better QoS performance. 3) P2P-based user/service endpoint overlay: This
overlay takes care of call control and feature delivery. We develop four overlay models, namely
centralized, hierarchical, P2P and P2P+hierarchy models to provide such services.

We conduct extensive performance evaluations on different models proposed. The rest of paper is
organized as follows: In Section II, we introduce the network model and some terminologies. In Section III,
we present our architecture with two grid overlays: call routing overlay and endpoint overlay. In Section
IV, we discuss the call routing overlay along with network dynamics. In Section V, we discuss the endpoint
overlay for large conferences. In Section VI, simulation and evaluation results are presented. In Section
VII, we give the survey of related work. The summary of this paper and some future work are given in
Section VIII.

II. 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 related
signaling messages for the IP phone endpoints. The region call agent can support different application 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. Assuming 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 — 979432 XXXX.

Assume that each region control agent manages a given number of registered IP phones. When the IP
phone makes the outgoing call by dialing the destination digits, the region agent finds the destination region
call agent through the call routing infrastructure. The destination region call agent will negotiate with the
source region agent and will setup the call. We restrict 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 resources to conduct conferencing with limited number of

participants.
Central Central Central
Controller Controller Controller

|
UNI NNI NNI UNI
Figure 1: Traditional Centralized Call Model

I11. Intelligent P2P/Grid-based IP Communication Architecture

In the traditional VoIP system, services are delivered by the client/server model shown in Figure 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 without any intelligence or resources to deliver
features. All the system intelligence is located at the centralized call control agent, which becomes a very
complex system. The services and features are implemented on the top of the central call control server by
using feature primitives. With more features required in the communication services, software design
becomes the bottleneck due to complexity in handling the interactions of different features and call control
coupled with fast delivery demanded by next generation communication services.

In order to develop a scalable, lightweight and easily deployable architecture to efficiently provide
communication services, we propose an intelligent P2P/ Grid-based architecture that leverages the
resources/ capabilities of system components as shown in Figure 2. The highlights of our architecture are:
1) The workloads of both call control and feature service are distributed to all components including the
user endpoint IP phone. Thus call control and feature delivery becomes scalable, as there is no
centralization in maintaining 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 approach is adopted to
efficiently support large scale systems. 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 composed by all
endpoint user agents and service agents in the system. In this architecture, components contribute their
available resources/ capabilities and make the system effectively support features such as, large
conferencing etc.

Endpoint Grid Overlay

Call Routing Grid Overlay

Figure 2: P2P-based Communication Service Architecture
(A; — User Endpoint Agent, A, — Service Endpoint Agent, R — Call Routing Agent)
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 the system scalable to support features for communication services. In the following sections, we
will discuss these two overlays in details.

IV. Call Routing Overlay

A. 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 respectively, 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 bottleneck 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 fully connected topology. Similar to the
centralized approach, the call routing path for each source/destination pair will be just one hop. With
increase in system size, this approach is not scalable as each call agent needs to maintain a large number of
states for other call agents. 3) P2P-based overlay approach: To alleviate the above problems, we propose a
P2P-based overlay approach. This approach requires an overlay signaling network consisting of call agents
and each call agent in the system has only a limited number of neighbors. Thus, each call agent only needs
to maintain local information and call agents cooperate to achieve the global call routing objective. The
benefit of this approach is that it is highly scalable and fault tolerant. The P2P overlay approach is naturally
scalable under large system sizes.

In our P2P-based overlay, the following two tasks need to be conducted: 1) Overlay construction and
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
sections, we will discuss the above two components in detail.

B. Overlay Construction/ Maintenance Protocol

The objective of overlay construction and maintenance protocol is to establish call routing table for the
routing message. This is achieved by, 1) generating candidate entries for constructing and updating 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 network 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
distance. 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.

Protocol 1: Overlay Construction and Maintenance Protocols (OCMP)

H: the set of neighbors of node N (node leaving case), d: the number of neighbors, N: the route pattern of node joining/
leaving the system, where N[i] represents i-th digit, S: the set of neighborhoods for node N (node joining case), R: root
node
// Node Join Sub-protocol (for node N)
We assume that new node N can always find the network root node R in its local region
Sends message(R, N) to the root node R and sets S empty
R broadcasts the message to its neighbors
When node L receives the message
Calculate the difference of route-pattern (L, N) with mask;y



The masky[1]( 1 O [1, T]) is calculated as

maskyy [I] =1, if L] < N[I]
maskyy [I] = 2, if L] > N[I]
maskyy [I] = 0, if LI] = N[I]
If only one of mask;y[1] for (O[1,T]) is not equal to 0 and there is no
neighbor, which is nearer to N than L
Send message response back to R
Both L and N update their call routing tables
Else
Forwarding the message based on protocol 1
With receiving d responses, the node N finalizes the call routing table

// Node Leaving Sub-protocol (for node N)

Node N sends message(X) to all local neighbors H[1,...,d] and each neighbor Hfi] just
deletes the entry N from its call routing table
For entry H[i], find the symmetric neighborhood H[x] satisfying following condition
Assume only i-th digit is different between H[i] and N

If (N > H[ij)
Find the neighbor X with i-th digit larger than N[i]
Hfx] =X

IftN < H[i])
Find the neighbor X with i-th digit less than Ni]
Hfx] =X

H[i] and H[x] set up the neighbor relationship.

C. 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 following three tasks in sequence: 1) locate the call
routing entry (entries) for the incoming call request, 2) select one entry among the located entries and 3)
forward the message according to the fields in the selected entry.
To perform these tasks, we propose the call routing request forwarding protocol below.
Protocol 2: Call Routing Request Forwarding Protocol (CRRFP)

T: the length of route pattern for the dialing digits, S: the route pattern of the calling party number, D: the route
pattern of the called party number, P': the route pattern at call agent node i, M(S, D): routing request message with
source S and destination D

For call agent i, it receives the call routing request message M(S, D)
Calculate the masksp to identify the difference between route pattern P* and D
The maskp pfl] (10 [1, T]) is calculated as

masky p[l] = 1, if P[l] < D[]
masky p[l] = 2, if P[1] > D[l]
masky p[l] = 0, if P[1] = D[l]
If masky p[l] are 0 forall [ O[1,T]
The call agent i is the destination
The call agent i finds the corresponding IP phone as the destination and forwards
the request to the IP phone user agent

Else
Assume there are d non-zero entries in maskpp[l, .., T]
Select 1 from d non-zero entries (recorded at the masksp,) set with selection schemes by
formula (2)

For example, j-th entry is selected
Find the next hop, i.e., N
Forward message M(S, D) to the next hop N

In connection with Protocol 2, we have following theorem.
Theorem 1 (Correctness of the protocol 2): If the network has no faults, then with our call routing
protocol, the call requesting message from a source will eventually be delivered to the destination.



Proof: Let us say an agent R’ receives a message from node R (R can be source node). From the call
routing algorithms mentioned above, we can easily achieve the following conclusion: given any path taken
by our protocol, we can prove that R’ is always one hop near to the destination than R (recall that we
choose one of d-non-zero entities in the mask calculated in Protocol 2). In this sense, the call routing is loop
free, which guarantees that the call routing request will eventually arrive at the destination. O.ED.

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 destination, we adopt multi-path routing selection
approach. As we know, the throughput of routing messages depends 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 system information which can be used for path selection.
We consider two important factors: the distance of the path P and load of network node L, where P can be
obtained by call routing algorithms and L can be obtained by exchanging the node load information among
network neighbors periodically. From here, we will regard the available information for the path selection
as metrics. A single type of information corresponds to one metric. In the case where there is only one type
of the information (in other words, only one metric), say, the distance of the path, it is straightforward to
figure out that the path with shortest distance is better than one with longer distance. In the case of multiple
metrics, say, the distance of the path, and load on a node, it is difficult to judge which one is better among
the following two paths: one is with shorter distance and heavy load, or one with a longer distance and
lighter load.

Hence, we need to combine different individual metrics together to get a composite one, which can be
done 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 metric C, i.e., C = f(P, L). Note that this function
should be monotonically 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
following weighted random selection approach.

The basic idea of the weighted random selection approach 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
probability 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 optimal
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 that K eligible entries are in the routing table for a given
destination route pattern. We let these entries be indexed by /, 2,..., K; and their associated weights are
denoted as W;, W, .., W, respectively. We can assign the weight W; ~ C; (C; is calculated by (1)) for each
neighbor node.

To normalize W; to be a probability such thath_1 W, =1, we should assign W; as follows: for i =1, ...,

K,
- L/A 2)

i K

j:le/Pj

V. Endpoint Overlay

In the endpoint overlay, the most important component is the endpoint user agent, i.e., IP phone. In this
overlay, the P2P-based approach is adopted to make all components contribute their available capability/
resource and make the system effectively support 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 conference members construct an overlay dedicated to the
conference. In this overlay, each endpoint node can contribute its local DSP resources to conduct the
conference media mixing. Thus, more efficient conferencing can be supported by this approach. We discuss
this in detail below. Note that our analysis is generic and can be used for providing other features too.

Assuming that N endpoint user agents are in a large conference, we consider following models for the
conference feature:



1) Centralized Model: 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 RTP
packets from the endpoint user and the incoming media session receives the R7TP packets from the media
service agent.

2) Hierarchical Model: The system has multiple media conference service agents, which are
hierarchically organized. For example, the two layer hierarchical network can be the system with R regions.
Each region has the N/R entities and / centralized media service agent is deployed. All endpoint user agents
just connect to the local region media service agent just like the centralized model. All region media service
agents can be reconnected to support the large conference.

3) P2P-based Model: In this system, we assume that end point user agents have limited capability to mix
the media connected to it. For example, consider user 4 and B having an active call. Then, 4 decides to
conduct a conference by inviting user C by making a consultation call to C. There is no call set up directly
between B and C. A4 receives media stream from both B and C, and mixes them. 4 sends a stream
combining A’s and B’s streams to C. In this sense, the endpoint user agent within the small area can be
grouped as a cluster with a leader (4 is the cluster leader in this case) which takes the responsibility to
conduct the media mixing for the local cluster. Depending on sequence of all nodes joining in the
conference, all the conference 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 Hierarchical model and P2P-based model are combined. In
this sense, the network has R regions and each region adopts the P2P-based model.

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

1) Centralized Model:

BO, =K +2K* +....+([log, N |-1)* K&V 3)
2) Hierarchical Model:
BO, =R+R*(K +2K* +..+([log, (N /R)|-1)* Kle¥/ B &)

Similarly, we can find R to minimize the overhead for the network with size N.

3) P2P-based Model: Each intelligent endpoint user agent can handle a part of media session locally. For
example, several nearby IP phone user agents can construct a P2P topology to mix the media. Suppose each
endpoint user has the capability to support M media sessions, the bandwidth overhead is,

BO, =K +2K* +...+([log, N/ M |-1)* KlleeN /M )
4) P2P+Hierarchy Model: The Bandwidth overhead is given by,
BO,, = R+R*(K +2K* +...+ ([log, (N [(RM)) |- 1) * K "ee ¥R (6)

VI. Simulation Results and Analysis

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

A. Performance of Call Routing Overlay

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 the MCI 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 Poisson process with rate [0, /0] per second.

* Baseline System: For the call routing algorithms, we consider following baseline systems
AO{SR,WR, where SR denotes the static routing (the next hop is always chosen by shortest

path selection) and WR denotes the weight random selection scheme (the next hop is calculated by
the weight formula (2))



*  Performance Metrics: For the routing algorithms, we consider the following performance metric
- Average Routing Delay (RD): it is defined as the average call routing message delay in the
system. The higher the RD value is, the worse is the performance.

2) Performance Results

In this section, we report results of our experiments along with our observations. Due to space
limitations, we only present a limited number of cases here. However, we found that the conclusions we
draw are generally held for many other cases we have evaluated.
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Figure 3: RD Performance of Routing Algorithms (network with 400 nodes)
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Figure 4: RD Performance of Routing Algorithms for Real Network Topology
Figures 3 and 4 show the sensitivity of RD in a random network of size 400 and real MCI backbone
network, respectively. We see that RD is indeed sensitive to the different network sizes and call routing
schemes. We have following observations.

*  RD of weighted random routing selection scheme performs better than the shortest path routing
scheme consistently for different network sizes. The reason is that weighted random selection
scheme relies on the fact that the high congestion paths are not being selected.

e RD is sensitive to the service request rate R. The value of RD increases as R increases. The reason
is obvious: a large R implies that a large number of requests are sent to call agents increasing the
processing time.

B. Performance of Endpoint Overlay

Figure 5 shows the performance of conference bandwidth 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:

*  The bandwidth overhead becomes larger with increase 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 possible media streaming capability,
the P2P+hierarchy approach is a good solution to extend the system scalability for large
conference feature.
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Figure 5: Bandwidth Overhead for Conference Feature

VII. 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 distributed hash table (DHT) [10], nodes in these systems
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 stable and our call routing protocols being much
simpler, more efficient mechanisms can be realized for call routing. From the application perspective, Grid-
based computing has drawn much attention in recent years [11]. Future network systems need to have
certain machine-understandable semantics to make the intelligent peer actively and efficiently provide on-
demand computing [12]. Building an intelligent social grid, semantic resource grid and knowledge grid are
also becoming important research areas [13] [14]. In this sense, our work can be interesting as an intelligent
grid application.

There is a lot of research work aiming to improve the availability of voice over IP services. H.323 suite
of protocols is developed by ITU, which has been supported by several products [15]. Because of its
inability to readily provide new services, SIP is becoming popular and currently standardized by IETF in
RFC 2543 [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 adopting the P2P-
based overlay approach to construct intelligent 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 quality from the network data plane is done. For example,
Karam et al. [19] studied the delay and jitter analysis of voice traffic in the Internet by analyzing different
scheduling algorithms. Chuah et al. [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 control
plane.

VIII. Conclusions and Future Work

We have studied different issues regarding the provisioning of VoIP services in large-scale IP systems by
adopting intelligent P2P/ Grid computing technologies. To the best of our knowledge, this is the first study
that addresses issues in this field. In summary, our technologies include the following: 1) An intelligent
P2P/ Grid based architecture, 2) P2P-based call routing overlay, 3) P2P-based endpoint overlay to
efficiently support features. We conduct extensive performance evaluations on different architectures and
algorithms. The evaluation results show that the load-aware weight-based call routing scheme achieves
much better performance than the static selection scheme in terms of average call routing message delay.
The experimental results also demonstrate that P2P-+hierarchy model can efficiently support large
conferences in terms of minimizing bandwidth overhead.

Our work has broad impacts. With a tremendous spurt in communication services demanded by Internet
applications, traditional approaches to deliver communication 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 detection 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.
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