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ABSTRACT The SIP signaling performance has a vital role for the overall QoS of SIP-based VoIP
applications over MANET. The SIP end-to-end performance metrics have been defined in RFC 6076 to
provide a standardized method for the performance evaluation of the SIP signaling system over different
platforms. However, to our best acknowledge, the benchmarked values for these metrics have not been
proposed yet. Therefore, in this paper, a novel Cross-Layer performance enhancement approach is proposed,
implemented, and evaluated to improve the performance of the SIP signaling system over OLSR-based
MANET by applying significant dynamic modifications for the routing parameters. The SIP performance
metrics seek to accurately reflect the SIP signaling state and the required actions for the routing parameters.
The implementation of the Cross-Layer OLSR approach has been successful effectively in reducing the total
delays in the SIP processes, enhancing the signaling performance, and increasing the utilization level in the
system bandwidth and routing processes.

INDEX TERMS SIP, performance metrics, B2BUA, OLSR, network.

I. INTRODUCTION
The Session Initiation Protocol (SIP) signaling system is
used to control and manage the implementation of the
VoIP/multimedia applications. Implementing the SIP signal-
ing over wireless Mobile Adhoc NETwork (MANET) has
many challenges over all SIP call stages. Several different
factors affect the Quality of Service (QoS) of SIP-based
VoIP over MANET’s routing protocols [1]–[3], such as the
mobility model, voice codec, physical distance between call-
ing parties, number of hops, node capacity, Wireless Local
Area Network (WLAN) technology, the behavior of the trans-
portation protocol, and call duration. When the route signal-
ing is lost, expired, or delayed, the SIP-based applications
will be affected, and consequently the VoIP performance
will be degraded. On the other hand, the implementation of
SIP-based VoIP depends on three main processes: caller’s
registration, call initiation, and call termination. These pro-
cesses depend on the SIP server to relay the connectivity
between different callers. The delays in SIP signaling of
all processes affect the performance of the VoIP/multimedia
calls [4]. In addition, the SIP signaling delays are influ-
enced by the connectivity status between the call parties,
which are the caller, the callee, and the SIP server. For the

implementation of a SIP server with a Back-to-Back User
Agent (B2BUA), the main challenging issue is the fact that
SIP generally relies on a centralized architecture between
the callers and the SIP server. Therefore, the SIP signaling
performance has an important role in the overall QoS for
different network systems.

In order to implement SIP-based VoIP applications over
MANET efficiently, researchers need to exert more efforts
for the sake of improving performance. The importance of
this implementation relates to its role as a substitute com-
munication scheme in disasters, emergency recovery system,
military operations, and collaborative applications. However,
the mobility of MANET nodes and related routing issues
increase the required time for the registration, call setup and
call termination processes that is reflected on the general
performance of the SIP-based VoIP/multimedia applications.
Moreover, the centralized nature of the SIP signaling sys-
tem is not suitable for the MANET nature because of the
nodes’ mobility, routing mechanism, and signaling issues
such as noise, interference, and fading. Therefore, when the
route signal is lost or delayed, the SIP signaling system is
effected directly and the performance of VoIP applications
will be lowered. Therefore, to enhance the SIP signaling
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performance in MANET, the routing parameters are need to
be adjusted dynamically during the SIP processes based on
a determined level for the performance enhancement metrics
to support the SIP signaling system. This dynamic adoption
for the routing parameter during the SIP processes is being
reflected positively on the SIP signaling efficiency, and con-
sequently on the performance of the VoIP applications. As a
result, the SIP protocol can be a key component for MANET.
This component will further support the usability and capa-
bilities of MANET regarding its implementation. As for
motivations behind doing this work. We are overwhelm-
ingly motivated by the dynamic nature of MANET nodes
and related routing issues which predominantly increase the
delays in the SIP processes (SIP signaling performance),
thus affect the VoIP QoS. Hence, there are no available
benchmarked values for the performance metrics of the SIP
signaling system. This motivates us to further investigate
and develop the performance of SIP Signaling System over
MANET.

In brief, the Contributions of this paper are as follows;
(1) presenting an intensively done research and conduct-
ing a comprehensively made evaluation of the SIP signal-
ing system for SIP-based VoIP applications over MANET,
(2) benchmarking the related SIP performance metrics of the
RFC 6076 for VoIP applications over OLSR protocol for the
SIP processes over MANET in terms of the SIP signaling
performance, and system efficiency, (3) proposing a cross
layer approach for OLSR routing algorithm to enhance the
performance for multimedia applications over MANET, and
(4) providing an evaluation study for the current state of art
for OLSR routing protocol usage for multimedia applications
over MANET. Most importantly, the paper is an implemen-
tation of the VoIP and used to work with finding the ordinary
level of the active timers that are the requirements to achieve
the best implementations.

The rest of this paper is organized as follows; section
II discusses the closely related works concisely. In section
III, research scenarios and implementation are elegantly
drawn. Research methodology is meticulously presented in
section IV. Section V presents both the simulation parameters
and the basic assumptions of this work. Section VI illus-
trates the design and implementation of proposed approach.
Sections VII and VIII provides the analysis methods for
the proposed work of tis paper. Results and discussion are
extensively given in sections IX. Finally, section X draws
conclusions and future work directions.

II. RELATED WORK
A significant amount of researches investigated the fac-
tors that lead to improve the performance of interior gate-
way protocol (IGP) in the Internet. [5] Open Shortest Path
First (OSPF), is one of those popular protocols, but it is
a link state routing protocol that has not yet considered
to address MANET challenges. However, a few amount of
researches studied and evaluated the performance of real-time
applications over MANET. Most of the evaluation efforts

considered Constant Bit Rate (CBR) or File Trans-
fer Protocol (FTP) traffic with a different number of
MANET nodes [6]. Reference [7] proposed the obstacles that
emerged from using standard SIP across MANET. This is
because MANET is a decentralized group of autonomous
self-configured nodes but a SIP infrastructure requires cen-
tralized registrar servers and proxies. On the other hands,
it lacks the provision of real time solutions to improve the
performance of SIP centralized proxies/registrars located in
unstable MANET nodes. OLSR is a proactive routing proto-
col that uses the basic functionality of link state routing and
distance vector. Being a proactive routing protocol, OLSR
provides the immediate routes available to the destination.
In this protocol, each node maintains topology information
and updates it periodically using link state messages [8]. Pre-
vious studies [9]–[11] investigated different types of reactive
and proactive MANET routing protocols. They provided a
comprehensive analysis of their performance as well. OLSR
provides certain optimization mechanisms to improve its
functionality, which are Multipoint Relay Selectors (MRS),
Multipoint Relay (MPR) and Control Messages. The Multi-
point Relay was used to minimize the control overhead and
the number of rebroadcasting nodes. Each node’s one-hop
and two-hop neighbors are found using periodic broadcasting
of HELLO messages. Then each node selects its one hop
neighbor to be an MPR, so that all two-hop neighbors are
reachable from at least one member of an MPR set. Only for
nodes that areMPRs, at least, one node rebroadcast the packet
for the selection of an MPR in the entire network, whereas
the nodes that are not part of an MPR set receive and process
each control message but not to rebroadcast it. On the basis
of one-hop and two-hop information, each node calculates
its route to destination and saves it into its own routing
table. Thus the OLSR protocol is designed for a complete
distributive nature platform, and does not require any kind of
reliable transmission for its control messages, like HELLO
messages and similar. The protocol used a sequence number
in its control message in order to deliver the messages. The
protocol is designed to perform a hop-by-hop routing, which
guarantees the frequent delivery for packet to the destination
node [12], [13].

On the other extreme, the signaling performance of SIP has
a great influence over the overall Quality of Service (QoS)
and Quality of Experience (QoE) in next generation net-
works. The main performance matrices of SIP based VOIP
applications was performed in [14]. Although it concluded
that IPv4 MANET acts better than IPv6 due to TCP signaling
and header overhead, an enhancement to the SIP performance
for different routing algorithms had not been proposed. The
Optimized Link State Routing (OLSR) was determined by
the IETF MANET working group as the RFC 3626 [15].
SIP signaling delays were relating to the connectivity status
between the SIP call parties, which are the Caller, Callee,
and SIP proxies. These delays mainly happen during the
Caller’s registration process, call initiation, call termina-
tion, and/or call management [16]. In addition, SIP signaling
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is affected by the behavior of the Transportation Protocol
(TCP or UDP) [17], which SIP relies on during the different
connectivity processes of SIP calls. Many standards have
been proposed for the performance evaluation of telephony
signaling protocols, however, none of these metrics were
used to address the SIP signaling performance until the IETF
proposed the RFC 6076, the SIP end-to-end Performance
Metrics [18]. However, to the best of our acknowledge, there
have been no numerical values or benchmark objectives for
the RFC 6076 SIP performance metrics.

A. RFC 6076: SIP END-TO-END PERFORMANCE METRICS
The Internet Engineering Task Force (IETF) adopted
standardized end-to-end Performance Metrics for a basic
SIP-based signaling system as defined in RFC 6076 [18].
These metrics provide Key Performance Indicators (KPIs)
and Service Level Agreement (SLA) indicators to support
the SIP-based telephony systems and enhance the network
utilization. The RFC 6076 defined the following SIP end-to-
end Performance Metrics:

1) REGISTRATION REQUEST DELAY (RRD)
The RRD is used to determine the response delay time for the
User Agent REGISTER request. The RDD helps to measure
and analyze the successful Registration requests. While at the
originating User Agent, the output values for RRD should
be in milliseconds (ms). This metric is calculated using
equation (1):

RRD = Time of Final Response

−Time of REGISTER Request (1)

The RRD is calculated only for successful registrations.
In addition, when the load of SIP calls increases in the net-
work systems, the value of RRD also increases. When there
is a low load in the network system the value of RRD will be
in the range of the lowest values.

2) SESSION REQUEST DELAY (SRD)
The SRD is a metric designed to detect the faults or defects
that cause delays in responding to INVITE requests. SRD
considers both successful and unsuccessful session setup
requests where the duration for success and failure responses
is varied. The SRD is calculated using the following
equation (3):

SRD = Time of Status Indicative Response

−Time of INVITE (2)

Session Disconnect Delay (SDD) The SDD is designed
to calculate the time interval between the time that the
session completion message (BYE) is sent and the last
subsequent acknowledgement of the session completion
response received (2xx). The SDD is used to detect the fail-
ures or impairments that cause the delays for a session to
end. The SDD measures both successful and failed session

disconnections where the output values are in milliseconds
(ms). The SDD is calculated using the following equation (4):

SDD = Time of (2xx) or Timeout

−Time of Completion Message (BYE) (3)

In this paper, hence, the three RFC 6076 metrics of
performance are considered during the evaluation phase for
the proposed Cross-Layer approaches. These metrics are
the Registration Request Delay (RRD), the Session Request
Delay (SRD), and the Session Disconnect Delay (SDD).

III. RESEARCH SCENARIOS AND IMPLEMENTATIONS
The key aim of this research is to study a simple, closed,
OLSR-based MANET scenario with a high density of mobile
nodes using SIP-based VoIP to communicate together. The
study assumed that a single SIP server is based on a
B2BUA-based SIP signaling system for a MANET network
system, which provides the SIP registration, initiation, and
termination mechanisms for SIP calls [19]. It also assumed
that node A is the caller and node B is the callee. Node
A and node B both need to register with the SIP server to
identify their existence and IP addresses. When node Awants
to call node B, the SIP initiation messages for the call setup
process start flooding between both caller nodes through
the B2BUA-based SIP server. When the call ends, the SIP
termination message will be sent through the B2BUA-based
SIP server to terminate the call.

This scenario takes advantage of applying SIP-based VoIP
applications as an alternative or backup communication sys-
tem over mobile nodes that support the MANET network
system. This system could be used for disaster and emer-
gency recovery schemes when other communication systems
are lost or broken down. The infrastructure-less, multi-hop
communication, dynamic topology features of a Mobile ad
hoc network differentiate it from other conventional wireless
networks [2]. Self-configuring natures, infrastructure-less
features are the best suitable form for emergency appli-
cations, military operations, and collaborative applications.
In emergency applications where pre-available infrastructure
is destroyed due to sudden catastrophes (e.g. Tsunami, earth-
quake, etc.), a Mobile ad hoc network can be used to establish
communication with the emergency units, and similarly in
collaborative applications like video conferencing, multime-
dia chat, etc. These implementations can be one-to-many and
many-to-many. Therefore a Mobile ad hoc network needs to
be deployed in various environments like broadcast and mul-
ticast natures. The major requirements of these applications
are delays and packet sensitivity [20], where the retransmis-
sion mechanism cannot be applied for real-time applications.
Thus, in this study, a MANET with a moderate node capacity
and different types of mobility models is considered. Finally,
it is worth indicating that this work is significantly driven
by our previous work [44]. In fact, the work of this paper
can be considered as a major extension with a significant
optimization for [44], as supported by the drawn motivation
along with contributions in section I.
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IV. RESEARCH METHODOLOGY
In this research study, the methodology depends on the lit-
erature investigations of the current state of the art for SIP
signaling overMANET. This work is then going to implement
a simple closed MANET system with different mobility sce-
narios and apply the SIP-based VoIP application between two
ends. After that, the study will apply a sequence of implemen-
tations to evaluate and optimize the SIP signaling system over
MANET [10]. The SIP signaling and QoS parameters for
VoIP overMANETwill be assessed on the simulation tools to
implement the research scenarios. In general, the evaluation
of the SIP signaling performance for the simulated scenar-
ios depends on the end-to-end performance metrics of RFC
6076 and the call setup time. In addition, the evaluation of
SIP signaling considered the B2BUA SIP server performance
regarding SIPmessages during the registration, initiation, and
termination processes of SIP calls. This study considers the
B2BUA-based SIP server because of its features among the
proxy-based SIP server.

The first part of the study will evaluate and analyze the SIP
signaling system and VoIP performance over MANET. This
evaluation will include part of the determination efforts to
benchmark the SIP end-to-end performance metrics of RFC
6076 for WLAN in general, and MANET in particular for
a B2BUA-based SIP signaling system [21]. In addition, this
part determines the main performance issues for the imple-
mented systems that support the studies and implementations
for new performance enhancement approaches. The second
part of this study is going to employ the ROHC system over an
IPv6 SIP-based VoIP application [22] for the same MANET
system that was used in the first part of the evaluation study.
This implementation will be used to investigate the SIP
signaling performance, in particular the enhancement level
which ROHC could basically provide for the investigated
performance metrics [23]. The third part of this study consid-
ers the development and enhancement methods to improve
the performance of the SIP signaling system over MANET.
This part will depend on the evaluation and analysis findings
in the first and second parts. The dynamic adjustments for
the parameters of MANET routing protocols is applied for
the performance enhancement approaches. These approaches
will provide a flexible dynamic accommodation for the SIP
signaling system for VoIP applications to meet with the
variable connectivity nature of MANET. Most importantly,
the third part is considered as the main contribution of this
research study. The results of the performance enhancement
contribution will be analyzed and compared with the current
state of the art to show the enhancement level of the SIP
signaling performance over MANET.

V. SIMULATION PARAMETERS AND ASSUMPTIONS
In this work, the IEEE 802.11n is applied as the wireless
network standard for MANET, due to its enhanced features,
wide usage over WLAN devices, and good mobility sup-
port for MANET comparing to 801.11a, b and g, accord-
ing to [24] and [23]. OPNET R© Modeler provides the best

implementation capabilities over other simulation tools and
test-beds for the SIP signaling system over OLSR routing
protocols. OPNET R©

Modeler is a Discrete Event Simulation (DES) tool
that provides realistic and accurate implementations for
SIP-based VoIP applications over MANET, and for a
large number of nodes with reliable implementations.
As a result, the simulation efforts will be carried out in
OPNET R©Modeler version 17.1.

The simulation is implemented over four types of mobil-
ity models: Static, Uniform, Random Waypoint (RWP),
and RWP-All. These models represent the most common
real-life mobility scenarios for MANET nodes [25]. The
B2BUA-based SIP server is fully controlling and manag-
ing the SIP sessions over all the call stages. In addition,
the SIP server is assumed to have a high performance for data
processing over all received and sent SIP traffic during all
the calling stages. In the Static model, the MANET’s nodes
are stable and not moving. In the Uniform model, all nodes
move in the same direction, with different speeds within the
identified speed limitation range, except the SIP server which
is in static state [10]. In the RWP model, the nodes move in
different directions, but the SIP server is stable in the center
of the simulation area. In the RWP mobility model, every
node in the simulation, except the SIP server, has its own
mobility direction and speed, depending on the identified
random functionality of the node parameters. In the RWP-All
model, all nodes move in varied directions, including the SIP
server. The mobile nodes randomly move, and at the same
time act as routers that discover and maintain the route statis-
tics for multi-hop communication [26]. The main character-
istics that affect the implementations of these mobile nodes
are the unpredictable topology changes, low bandwidth, high
level of mobility, and variable connections. The reason for
examining random mobility using two different models is to
study and evaluate the effect of SIP server mobility for VoIP
applications and the signaling QoS.

In general, the topology modelling system in the designed
scenarios depends on the OLSR mechanisms for route selec-
tions in both OLSR which are perfectly implemented in
OPNET R© Modeler. The topology selection depends on the
algorithm of the routing protocol that considers the loca-
tion, number of hops, and power issues. For both RWP
and RWP-All scenarios, MANET has dynamic topologies
among its nodes. Thus, the nodes are partially connected
during the simulation time. The Queuing theory for the
B2BUA-based SIP server system that is applied in the sim-
ulation system is for a single server node with an M/M/1/K
queue. The single server queue has a limited queue size
(K) (i.e. buffer) as represented. In addition, the M/M/1/K
queue system is applied for the node’s routing system for
each node in the MANET, as shown in the equations of
(1), (3), and (4) [27], [28]. Furthermore, this study consid-
ers both IPv4 and IPv6 MANETs in order to identify the
difference in route overhead between the two IP systems.
However, IPv6 will not apply the QoS features over MANET
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applications in this research study and simulation efforts,
as it is not supported over MANET in OPNET R© Modeler.
The GSM voice codec will be used for VoIP applications
because of its simplicity, wide usage, efficiency, and compat-
ibility with MANET natures [29], [30]. In most of the simu-
lation, voice data will travel through the B2BUA-based SIP
server between the caller and the callee to provide a secure
communication system [31]. Table 1 presents the simulation
parameters that were identified depending on the features and
capabilities of the MANET and SIP-based VoIP applications.
Both design and implementation will be used to investigate
and evaluate the QoS for SIP-based VoIP over MANET using
the previously identified mobility systems.

TABLE 1. System configuration in OPNET R© modeler [1].

All the assumptions and simulation setup parameters
of this study are based on other similar studies [25], [27],
[32]–[35]. The MANET scenarios and implementation meth-
ods that are followed in this research study are driven
from [30] and [36]. Furthermore, the SIP server in this design
is used as a single SIP server. The SIP server will act as a
B2BUA for SIP-based applications. Therefore, the SIP server
is considering multiple SIP/TCP connections at the time of
multiple instantaneous calls. The calls are in its best effort
conditions where background traffic is generated at the same
time. The total estimated number of VoIP calls initiated in
the best effort conditions is 175 calls in 30 minutes between
node 1 and node 24. The simulations generates an unlimited
number of sequenced voice calls between different nodes in

MANET to provide the background traffic using the VoIP
applications. This background traffic has a medium level of
saturation for the provided wireless bandwidth in MANET,
with 40% as represented in [30], [33], [34], [37], and [38].

In the simulation efforts, using static and simple SIP-based
VoIP applications, it is assumed that the Session Description
Protocol (SDP) signaling system is not applied in the simula-
tion works of this research study [39]. Most of the research
studies in the Literature considered SIP signaling without
the SDP signaling system in their research efforts, such as
in [33], [34], [37], [40], and [41]. This is because of the lim-
itations and constraints on the analysis and implementation
works when applying the SDP signaling system [2], [42].
Moreover, the implementation of SDP signaling in the simu-
lation tools that support SIP systems over OPNET R©Modeler
is not possible, especially for MANET. This is because these
simulation tools do not provide SDP, and the mobility issues
have considerable problems over SIP/SDP signaling synchro-
nization during the simulation. Therefore, this research study
focused on the static simple mechanism of SIP signaling and
its timers to evaluate and enhance the SIP applications.

A. THE EVALUATION METHODS FOR THE SIP-BASED
VoIP APPLICATIONS OVER MANET
The assumptions in this work are designed to generate many
VoIP calls within a short period of time to provide a compre-
hensive investigation for all sessions over different MANET
models. OPNET R© Modeler supports the implementations
for SIP-based VoIP applications over OLSR routing proto-
cols with the ability to analyze the simulation results. The
B2BUA-based SIP server is used to provide the SIP-based
VoIP implementations. The B2BUA-based SIP server pro-
vides a secure and controlled communication system that
provides a wide range of privacy with dynamic voice con-
nectivity system overMANET. The B2BUA-based SIP server
will be implemented using a single server node that uses the
M/M/1/K queuing system with a single queue with limited
buffer size (K). The SIP signaling and QoS parameters for
VoIP are assessed in OPNET R© Modeler. The simulations
considers simultaneous VoIP applications as background traf-
fic that influences the performance of SIP applications. For
Static and Uniform Scenarios, the SIP signaling performance
is in its best effort state as the weakest link at the network
performs well for routing and data transmission processes.
In addition, it is assumed that the connectivity is available
for all MANET nodes in the simulation area and no hard-
ware problems are existed. On the other hand, the worst
case scenario is represented with the mobility of the SIP
server, as shown in the Random Way Point (RWP) scenario.
By comparing the efforts over different mobility models,
this study highlights the differences between the SIP sig-
naling performance metrics over these examined scenarios.
During the results analysis, the average data representation
is used as it provides simple and comparable readings that
help to understand the overall performance for SIP signaling.
To benchmark the SIP end-to-end performance metrics for
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a B2BUA-based SIP signaling system from the evaluation
efforts, the study will depend on the results of the Static
and Uniform mobility models. Moreover, the results of the
evaluation studies are used with the proposed Cross-Layer
Approaches over MANET. These benchmarked values will
be utilized to identify the SIP signaling issues that impact the
general performance of the SIP-based applications based on
the investigated performance metrics.

VI. THE DESIGN AND IMPLEMENTATIONS FOR THE
PROPOSED CROSS-LAYER APPROACHES FOR
OLSR-BASED MANET
The RFC 6076 proposed end-to-end performance metrics for
SIP signaling to provide a standardized method for eval-
uating SIP performance over different platforms. In this
section, a design for a Cross-Layer approach is proposed
to enhance the SIP sessions’ performance of SIP-based
VoIP over OLSR-based MANETs. This approach employs
the SIP performance metrics to maintain the SIP registra-
tion, call setup, and termination processes of the SIP calls
using a dynamic adjustment system for the routing proto-
col parameters, as shown in FIGURE 1. For the registra-
tion process, the Cross-Layer algorithm is implemented on
the caller agents: User Agent Client (A) and User Agent
Client (B). On the other hand, for the call setup process, the
Cross-Layer algorithm is applied over the UAC (A), and the
UAS (SIP Server) where each of them has a different algo-
rithm depending upon the related identified signaling system.

FIGURE 1. The identified parameters of the proposed Cross-Layer
Algorithms for the SIP signalling implementations over OLSR based
MANET.

Furthermore, the termination process will be implemented
on the User Agent Client (A), as shown in FIGURE 1.
The proposed Cross-Layer approaches are applicable to be
implemented over both IPv4 and IPv6 traffic systems as well.

The proactive nature for the OLSR routing proto-
col is adding extra overhead routing traffic over the
OLSR-based MANET, especially with real-time applica-
tions. This problem makes the design and implementations
of the Cross-Layer approaches for OLSR-based MANET
(CLOLSR) more challenging with low levels of performance
enhancement. The routing parameters, which are consid-
ered for the adjustment and modifications within the pro-
posed CLOLSR, are based on the performance enhancement
review for OLSR. The CLOLSR exploits the values of the
HELLO messages and the Topology Control (TC) intervals
to modify the values of the Multiple Point Relay (MPR)
of the OLSR routing protocol. The MPR values increased
by the increments of the HELLO messages and the TC
intervals’ values with the considerations of the OLSR MPR
selection mechanism in Algorithm 1. FIGURE 2 repre-
sents the CLOLSR over MANET OSI for all performance
enhancement approaches of the investigated SIP processes.
The proposed CLOLSR algorithms are not applicable to be
implemented over MANET using other routing protocols
unless they share the routing concepts and parameters. In this
section, the design of the CLOLSR algorithms is profession-
ally introduced to enhance the SIP signaling processes over
OLSR-based MANET. Furthermore, the CLOLSR is mod-
elled, implemented, and evaluated by the OPNET R©Modeler.

FIGURE 2. CLOLSR representation over MANET OSI for the proposed
performance enhancement approaches of the SIP processes.

A. CLOLSR FOR THE CALL REGISTRATION PROCESS
The REGISTER messages of the SIP signaling flow are
considered to enhance the performance of the SIP registration
processes. The REGISTER messages are used to register
the UACs with the SIP server. The SIP performance metrics
are employed to improve performance of the registration
processes by adjusting the routing parameters of the OLSR
to the required level. On the other hand, The RRD values
of the SIP performance metrics are employed within the
CLOLSR approach to enhance the performance of the regis-
tration process by adjusting the route discovery values to the
required level depending on the benchmarked values of the
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PRD values. Furthermore, the registration intervals of each
SIP call are evaluated as well for OLSR-based MANET. The
RRD values in the CLOLSR are calculated for each SIP call
using the identified timers of the SIP call on the UAC (A)
and UAC (B) sides, as demonstrated in FIGURE 1. The total
registration time is the time interval between the initiated
REGISTER messages of UAC (A) (R1A) or UAC (B) (R1B)
and the 200 OK response message of the REGISTER mes-
sage for the UAC (A) (R4A) or UAC (B) (R4B). Therefore,
the CLOLSR utilized RRD values of the registration process
for the related SIP call and calculated its values using equa-
tion (1). The CLOLSR approach for the registration process
is applied on the callers’ side: the UAC (A) and UAC (B).
Once a delay is recognized by the UAC (A) or UAC (B),
the CLOLSR approach is triggered to adjust the OLSR rout-
ing parameters using the Cross-Layer messages. The adjust-
ments process for the OLSR routing values are based on the
investigated SIP performance metrics that passed from the
application layer, as represented in FIGURE 2.
The CLOLSR algorithm looked at RRD_BenchM param-

eter as the RRD benchmarked values that will be used to
determine the registration processes of the SIP calls over
MANET. The values of the RRD_BenchM have been deter-
mined from the evaluated RRD values of the benchmark
efforts by the evaluation efforts of the Static and Uniform
mobility models of the best case scenarios. The RRD values
that will be used for the RRD_BenchM are dedicated for both
IPv4 and IPv6 traffic by the proposed benchmark sets for the
SIP performance metrics. During the registration session, the
sequence number for the registration process has the same
sequence number as the SIP call number n where ‘‘X’’ refers
to the current UAC node. The RRD values for both the caller
UAC (A) and UAC (B) will be compared with the consid-
ered RRD_BenchM from the benchmarked set during the
registration sessions. When the current RRD value becomes
greater than the RRD_BenchM value, then the CLOLSR
will update the routing table parameters by resending the
HELLOmessages using longer time periods for the Topology
Control (TC) values, as represented in Algorithm 1. The
CLOLSR process is activated temporarily for a short period
of time until the MPR values of the second hop neighbors
(MPR_2) for the current node (X) become more than the
values of the first hop neighbors (MPR_1) for the same
node. This adoption mechanism is based on the OLSR MPR
selection mechanism which is represented in Algorithm 1.
Then when the MPR_2 received for node (X) and for the
current registration process and its value is greater than the
current MPR_1 value, the REGISTER request will be sent
again and the TC valuewill be degraded to its original value to
save the CPU cycles and reduce the bandwidth consumption.
The proposed algorithm have used the simulation time t
which is represented in seconds, T_Registration_Wait which
is the maximum specified time in seconds before sending
the re-REGISTER message, and T_End is the simulation end
time. The total registration time for a registration process is
the total of RRD1 and RRD2, or it is the time difference

Algorithm 1 The Call Registration Process for the
Cross-Layer OLSR. The Implementation of This
Algorithm Is on the UAC(R(n)) for SIP Call Number n,
Where R Is the User Agent Client A or the User Agent
Client B
REGISTER(n)
Inputs: RRD_BM,t_rw,t_end
1: for t=0, until t ≤t_end, with step t = t+1
2: if REGISTER(n)is sent by theUAC(n)
3: if OK_200 (n) is received and

. . .REGISTER(n) is received
4: RRD(n) = R4(n) – R1(n)
5: else if R3(n) > RRD_BM

. . . or RRD(n) > RRD_BM

. . . or TC == 0

. . . or MPR1(X,n) ≥ MPR2(X,n)
6: TC_Current = TC
7: TC = TC+1
8: resend HELLO(n)
9: if MPR2(X,n) is received

. . . and MPR2(X,n) > MPR1(X,n)

. . . and R(n) != R(n+1)
10: resend REGISTER(n)
11: TC = TC_Current
12: go to REGISTER(n+1)
13: else return
14: else return
15: else if t > t_rw
16: resend REGISTER(n)
17: go to REGISTER(n+1)
18: else go to REGISTER(n+1)

between the first registered UAC of the call parties with the
SIP Server and the last received registration response from
the call parties.

B. CLOLSR FOR THE CALL SETUP PROCESS
The performance of the SIP call initiation processes depends
on the messages of the call setup that are being interchanged
between the call entities. For the CLOLSR approach over
MANET, the SRD values are calculated for all calls which
are initiated by the caller node UAC (A) as represented in
FIGURE 1. The call initiation messages go through the
SIP server and all the INVITE messages and parameters
are recognized by the SIP server and the caller for the
evaluations of the SIP signaling performance. The time dif-
ference between TInt1 and TA3 is considered as the call
setup time where the SRD value is the time difference
between the INVITE message, sent at time TInt1, and Tx3,
in equation (3). The SIP call setup intervals will be eval-
uated for OLSR-based MANET. The CLOLSR approaches
have employed the three-way handshake system for the call
setup process between the SIP call entities. The SRD SIP
performance metrics are also applied in the CLOLSR. This
proposed approach is applied over the UAC (A) and the UAS
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FIGURE 3. Average call durations in seconds for OLSR-based MANET
using CLOLSR approach.

(SIP Server). Whenever a delay is recognized by any of the
SIP call parties, the CLOLSR approach will be activated
to optimize the routing performance using the Cross-layer
messages to modify the OLSR routing parameters based on
the analyzed performance metrics of the call setup process in
the application layer, as illustrated in FIGURE 2.
The call initiation processes of the SIP-based VoIP imple-

mentation over OLSR have very long delays over RWP and
RWP-All mobilitymodels. Therefore, the proposed CLOLSR
algorithm is designed to determine and optimize the call setup
performance over OLSR based on the evaluation values of
SRD parameters. The design of the CLOLSR algorithm con-
sidered the SRD_BenchM values to determine the proposed
benchmarked sets of the SIP performance metrics. In the
proposed algorithm, the actual SRD value for a call setup
process of the SIP call number n is calculated using equation
(4), and Algorithm 5. The SRD values of the caller agent
UAC (A) is compared with the SRD_BenchM values within
the call setup process for the evaluation purposes. Once the
SRD value of the current call is recognized by the CLOLSR
that it is greater than the SRD_BenchM values, the routing
update is activated by sending the HELLO messages with
longer intervals to support the Topology Control (TC) mech-
anisms of the MANET with the active routes, as depicted in
Algorithm 2 for the UACs. The MPR values of the second
hop neighbors (MPR_2) for the current node (X) will be
updated with the received routing replies messages. As a
result, theMPR_2 values become higher than the values of the
first hop neighbors (MPR_1) for the same node. The perfor-
mance of OLSR and the effectiveness of modifying the MPR
selection mechanism have been represented in Algorithm 3.
Once the updated MPR_2 is received for node (X) and for the
current call setup process with values greater than the current

Algorithm 2 The Call Setup for the Cross-Layer OLSR. The
Implementation of This Algorithm Is on the UAC(R(n)) for
SIP Call Number nWhere R Is the User Agent Client A
CALL_SETUP_UAC(n)
Inputs: SRD_BM,t_rw,t_end
1: for t=0, untilt ≤t_end, with step t = t+1
2: if INVITE(n) is sent by the UAC(n)
3: if RINGING_180 (n) is received
4: SRD(n) = TX3(n) - T_INT 1(n)
5: else if TR3(n) > SRD_BM

. . . or SRD(n)>SRD_BM or TC== 0

. . . or MPR1(X,n)≥ MPR2(X,n)
6: TC_Current = TC
7: TC = TC+1
8: resend HELLO(n)
9: if MPR2(X,n) is received

. . . and MPR2(X,n) > MPR1(X,n)

. . . and R(n) != R(n+1)
10: resend INVITE(n)
11: TC=TC_Current
12: go to CALL_SETUP_UAC(n+1)
13: else return
14: else return
15: else if t > t_rw
16: resend INVITE(n)
17: go to CALL_SETUP_UAC(n+1)
18: else go to CALL_SETUP_UAC(n+1)

MPR_1 value, the INVITE request will be resent again as
a re-INVITE message and the TC values will be degraded
to their previous values to save CPU cycles and reduce
the bandwidth consumption. On the other hand, the UAS
depends on the signaling timers for the INVITE messages
and responses that are exchanged between both callers during
the call setup processes. The UAS is also able to control the
call setup performance for the INVITE messages between
both UAC (A) and UAC (B) by examining the TInt2, TR2,
Tx2, and TA2 parameters. Therefore, the UAS can determine
the SRD values for the UAC (A) call setup process from
the sequence numbers and time stamps of the INVITE mes-
sages and their acknowledgments. Once a delay is detected,
the UAS activates the performance enhancement approach
to adjust the routing parameters with the required level to
update the routing table with the required active routes. In this
proposed algorithms for the call setup processes, the X refers
to the current UAC node. The SIP call number is n which
also represents the sequence number of the call setup process.
The simulation time is t in seconds, the T_Call_Setup_Wait
is the maximum specified time in seconds before sending the
re-INVITEmessage, and T_End is the simulation termination
time.

The proposed CLOLSR algorithm for the call setup pro-
cess designed to provide a reliable detection system for any
delays and undeliverable SIP messages that will take place
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Algorithm 3 Call Termination for Cross-Layer OLSR. The
Implementation of This Algorithm Is on the UAC(R(n)) for
SIP Call Number n,WhereR Is the User Agent Client A or the
User Agent Client B
CALL_TERMINATION(n)
Inputs: SDD_BM,t_rw,t_end
1: for t = 0, until t ≤t_end, with step t = t+1
2: if BYE(n) is sent by theUAC(n)
3: if TK3(n) is received for BYE(n)
4: SDD(n) = TK3(n) - TD1(n)
5: else if TK3(n) > SDD_BM

. . . or SDD(n) > SDD_BM

. . . or TC == 0

. . . or MPR1(X,n) ≥ MPR2(X,n)
6: TC_Current = TC
7: TC = TC+1
8: resend HELLO(n)
9: if MPR2(X,n) is received

. . . and MPR2(X,n)> MPR1(X,n)

. . . and R(n)! = R(n+1)
10: resend BYE(n)
11: TC = TC_Current
12: gotoCALL_TERMINATION(n+1)
13: else return
14: else return
15: else if t > t_rw
16: resend BYE(n)
17: go to CALL_TERMINATION(n+1)
18: else go to CALL_TERMINATION(n+1)

during this process. The CLOLSR approach considers the
SRD performance metric to adjust the level of the rout-
ing update values. This approach provides a self-adjustment
mechanism for the SIP signaling instead, to enhance the call
setup performance overMANET. In addition, the SRD values
are employed to be evaluated by the caller nodes and the
UASwith active monitoring during the call setup processes to
enhance the performance. Whenever the MPR values are not
updated during this approach, the call setup performance will
not be enhanced where additional delays occur, because the
algorithm values need to be recovered with their previous val-
ues to complete the re-invitation process. Moreover, the CPU
cycles increase with the growing in the number of HELLO
messages to update the routing table entries. Consequently,
the bandwidth consumption increases with inactive updates
for the routing tables.

C. CLOLSR FOR THE CALL TERMINATION PROCESS
The termination performance of a SIP-based VoIP call
depends on the transportations of the BYEmessages that sent
from one of the callers during the call, and gone through
the B2BUA SIP Server. The CLOLSR approach considers
the SDD values during the performance enhancement for
the call termination process to provide dynamic adjustments

for the route discovery values. The original existing SDD
values have been evaluated and considered for the suggested
benchmark values in this section. The SDD values are deter-
mined by the caller nodes using the identified timers of the
SIP call number n on the UAC that requested the session
termination as illustrated in FIGURE 2. The SDD values
for a SIP call number n is calculated using equation (4),
and Algorithm 1. For the call termination process, the SDD
values is the time difference between TD1 which is the time
of sending the BYE message by the UAC, and TK3 which
is the time of receiving the 200 OK response message of the
BYE message. During the call session, the CLOLSR system
observers the call termination processes between the caller
agents. Once a delay being recognized by the UAC (A), the
performance enhancement is activated to adjust the routing
parameters using the Cross-Layer messages based on the
identified SIP performance metrics at the application layer.
For the performance enhancement process of the call termi-
nation, the CLOLSR algorithm considered the SDD_BenchM
parameter as the benchmarked values of the SDDs which
are used to determine any existing delays as represented
in Algorithm 3. The SDD_BenchM values taken from the
values of the investigated scenarios during the benchmarking
efforts. In addition, the SDD_BenchM values determined
for both IPv4 and IPv6 implementations using the proposed
sets of the benchmarked SIP performance metrics. During
the termination process, the sequence number for the regis-
tration process has the same sequence number the SIP call
number n.

The CLOLSR will be activated to update the routing table
parameters by regenerating the HELLO messages when the
SDD values are greater than the SDD_BenchM. An update
for the TC values using longer intervals is applied as shown in
Algorithm 3. This activation for the CLOLSR process works
temporarily until the MPR values for the second hop neigh-
bors (MPR_2) of the current node (X) become higher than
the values of the first hop neighbors (MPR_1) of the same
node (X). This modificationmechanism of theMPR selection
considers the basicMPR routing system inAlgorithm 1. Once
the MPR_2 values updated for node (X) with the current
termination process with the required value, the BYE request
will be re-sent , and the current TC value for node (X) will
be degraded to its original value to save the CPU cycles
and reduce the bandwidth consumptions. The termination
process sequence number is the same sequence number for
the SIP call. The simulation time t is represented in sec-
onds, T_Termination_Wait is the maximum specified time
in seconds before resending the BYE messages, and T_End
represents the simulation end time.

VII. ANALYSIS METHODS FOR THE RESEARCH STUDY
The evaluation studies for SIP-based VoIP applications is uti-
lized to determine the SIP signaling performance for IPv4 and
IPv6 for OLSR over four different mobility models. Both
Static and Uniform mobility models will be used to repre-
sent the best effort scenarios which are used to compare the
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performance of the SIP signaling over MANET with the per-
formance of other platforms, such as LAN, WLAN, Satellite,
and WiMAX. This step will indicate the accuracy level of
the evaluation works of this research study as the comparison
efforts should meet the expected level of similarity with other
network systems, as provided in [21], [30], [33], and [37].

The RWP and RWP-All mobility models are expected to
have higher levels of difference in their results when com-
pared with the Static and Uniform mobility models. Thus,
it will be hard to link these differences with other platforms
of network systems as the communication natures are dif-
ferent and simulation parameters are not fully matched with
the identified parameters in this research study. Therefore,
this research study will focus on the evaluation works on
OPNET R©Modeler for SIP-based VoIP over OLSR to bench-
mark the end-to-end SIP performance metrics and the SIP
signaling performance for the current state of the art. Then,
these values are used as a reference (baselines) to compare
them with the performance values of the proposed algorithms
to specify the enhancement level that could be provided. The
comparison depends on different parameters for both SIP
signaling and the MANET routing protocol. The evaluation
works will analyze the results and show the differences over
different mobility models and routing protocols based on
the graphical representations and the benchmark values of
the simulation results. In addition, the results analysis will
include the performance of both the B2BUA-based SIP server
and the SIP callers to provide comprehensive investigations
for the SIP signaling system.

VIII. RESULTS AND DISCUSSION FOR THE
CLOLSR-BASED IMPLEMENTATIONS
In this section, the evaluation results for the proposed Cross-
Layer OLSR approach of the SIP-based VoIP implemen-
tations will be discussed with the considerations of the
CLOLSR design. The evaluations considered four identi-
fied sets of the benchmarked values of the RFC 6076 for
the end-to-end SIP signaling performance metrics as shown
in Table 2. To investigate the CLOLSR approach over
SIP-based MANET, the proposed sets of the benchmarked
values are designed to support the SIP signaling system
over OLSR-based MANET. The Benchmark sets for the SIP

TABLE 2. Number of initiated VoIP calls for IPv4/IPv6 OLSR-based MANET.

performance evaluation metrics. These sets are representing
the best efforts for the Cross-Layer implementations over the
investigated scenarios of the SIP-based VoIP over MANET.
The RRD, SRD, and SDD values are identified gradually
from the longest to the shortest values of the benchmarked
sets as given in Table 2. Set A provides the longest possible
values for the investigated RRD, SRD, and SDD parameters
that can support the performance enhancement for the SIP
signaling system over OLSR-based MANET. These values
have decreased consequently in sets B, C, and D. Set D repre-
sents the best values with low parameters of the Benchmarked
end-to-end SIP performance metrics. Set D represents the
values of the best case, and set A represents the values of the
worst case for benchmarked performance metrics. The SIP
signaling performance for the CLOLSR implementations is
affected by the identified benchmarked sets that are reflected
on the general performance for the registration, initiation,
and termination sessions. Using the study assumptions that
were proposed in section V, a number of SIP-based VoIP calls
were generated with short periods to fulfil the investigation
efforts about all sessions of the SIP signaling system during
the simulation time using different mobility models. The SIP
signaling performance evaluates the registration, initiation,
and termination sessions for the SIP-based VoIP calls. The
statistical results in OPNET R© Modeler uses the successful
ratio, number of connected calls, and the call durations for
this evaluation [43]. The total number of the initiated calls
between the caller and the callee is 175 calls over all the
scenarios with duration of 10 seconds for each call.

The total number of initiated VoIP calls over the
IPv4 OLSR-based MANET for both RWP and RWP-All
mobility models are represented in Table 2. Set D has a larger
number of initiated calls when compared the actual normal
IPv4 traffic and set A has a lesser number of successful
calls. The total number of the implemented calls is increased
over sets B, C and D. Set D represents the best level of
successful VoIP calls with 104 calls for RWP, and 61 calls
for RWP-All. The enhancement percentage of successful
calls for set D is 59.43% of the total implemented calls,
which is 31.43% more than the IPv4 traffic implementations
over RWP without CLOLSR. On the other hand, for the
RWP-All mobility model, set D has 34.9% of successful calls
which is more than the actual IPv4 traffic for RWP-All with
15.47%. For IPv6 implementations of OLSR-basedMANET,
the implementations of the CLOLSR showed variable levels
of enhancement upon the implemented VoIP calls with the
proposed benchmarked sets, as shown in Table 2. Set A has
a lower number of implemented VoIP calls when compared
with the IPv6 based VoIP calls for both RWP and RWP-All
mobility models. While the number of successful calls for
RWP had increased to 88 calls with set D when compared
with 40 calls for normal IPv6 traffic with a percentage of
increase of 27.43%. Furthermore, set D have increased the
number of successful calls for the RWP-All mobility model
to 32 compared with only 3 for normal implementations of
IPv6 traffic with a percentage increase that reached 16.58%.
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The increase by the CLOLSR is still limited and does not
provide a higher level of enhancements over the considered
implementations. However, this level of enhancement over
OLSR-basedMANETwith the consideredmobility scenarios
is still good when compared with the actual low level of
performance for SIP calls.

TABLE 3. Number of rejected VoIP calls for IPv4/IPv6 OLSR-based MANET.

The total number of rejected VoIP calls over IPv4 and
IPv6 OLSR-based MANET for both RWP and RWP-All
mobility models are given in Table 3. The number of rejected
calls is decreased with sets B and C, where set D has the low-
est number of rejected calls for IPv4 traffic with 85 for RWP,
and 128 for RWP-All. The total percentage of the rejected
calls has been reduced to 48.57%, which is 27.43% less than
the actual normal IPv4 traffic for RWP, and 73.14% which is
6.86% less than the actual normal IPv4 traffic for RWP-All.
For the IPv6 traffic, the number of rejected calls decreased
with sets B, C and D. Set D has the lowest number of rejected
calls for IPv6 traffic with 118 for RWP, and 140 for RWP-All.
The percentage of the rejected calls has reduced to 67.43%,
which is 14.86% less than the actual normal IPv6 traffic over
RWP, and 80% which is 18.87% less than the actual normal
IPv6 traffic for RWP-All.

The total call duration is considering the SIP-based call
processes and data transmission intervals. The call duration
for a single call is the total required time for the registration,
initiation, voice data transmission, and termination processes.
The average durations of the VoIP calls within the imple-
mentations of the CLOLSR approaches over OLSR-based
MANET using the RWP and RWP-All mobility models are
shown in VIII-A2. The considered VoIP calls are for duration
of 10 seconds for SIP-VoIP calls as identified and imple-
mented in OPNET R©Modeler scenarios.
For IPv4 traffic with the RWP mobility model, the aver-

age call duration is between 15 and 21 seconds for IPv4.
It is enhanced to be between 13.45 and 17.82 seconds for
set A, between 13.13 and 15.18 seconds for set B, between
12.72 and 17.33 seconds for set C, and between 11.86 and
13.77 seconds for set D. With the RWP-All mobility model,
the IPv4 traffic has an average between 28 and 37 seconds.
This average is enhanced with the CLOLSR implementa-
tions to be between 22.78 and 29.65 seconds with set A,
between 17.42 and 25.43 seconds with set B, between

14.93 and 21.87 seconds with set C, and between 12.76 and
17.13 seconds with set D. On the other hand, for the
IPv6 traffic, the average call duration is between 14 and
36 seconds and is enhanced to be between 13.75 and 24.37
seconds for set A, between 16.64 to 20.28 seconds for
set B, between 16.14 to 17.73 seconds for set C, and
between 14.26 to 16.92 seconds for set D. With the RWP-All
mobility model, the IPv6 traffic has very long call dura-
tions with an average of 35 to 55 seconds. These average
values have been enhanced with the implementations of
the CLOLSR to be between 31.46 and 38.85 seconds with
set A, between 27.94 and 30.14 seconds with set B, between
25.1 and 30.12 seconds with set C, and between 21.86 and
25.74 seconds with set D. From the results shown in VIII-A,
set D has the best enhancement level with implementations
of CLOLSR over the total SIP-based call durations over both
RWP and RWP-All mobility models and for both IPv4 and
IPv6 traffic. The call duration intervals reduced for IPv4 traf-
fic with about 5 seconds for RWP and 14.65 seconds for
RWP-All. For IPv6 traffic, the call duration intervals reduced
on average to 8.67 seconds for RWP and 21.82 seconds for
RWP-All.

A. SIP REGISTRATION INTERVAL WITH CLOLSR
The earliest stage of the SIP-based VoIP calls is the registra-
tion process. The implementations of the CLOLSR approach
considered the registration processes for the user agents with
the system SIP server. The implementations of the CLOLSR
approach have different levels of performance enhancements
over the intervals of the registration processes for both
IPv4 and IPv6 SIP-based, with the considerations of the
identified sets for the SIP signaling metrics in Table 1.

The average registration time for both the caller and the
callee to register with the SIP server for the SIP sessions
for IPv4 traffic over OLSR-based MANET with the RWP
mobility model is represented in Table 4. The average reg-
istration time for IPv4 traffic is 2.49 seconds and is reduced
by the implementations of the CLOLSR to 1.92 seconds
with set A, 1.76 seconds with set B, 1.42 seconds with
set C, and 973.83 ms with set D. The average time of the
registration intervals have reduced for IPv4 traffic with an
average of 1.2 seconds with the RWP mobility model. The
enhancement percentage with set D is 39.12% when com-
pared with 2.49 seconds of the average registration intervals
for the original IPv4 traffic. For the RWP-All mobility model,
the average registration time for IPv4 traffic is reduced by
the implementations of the CLOLSR from 6.02 seconds to
3.03 seconds with set A, 2.54 seconds with set B, 1.96 sec-
onds with set C, and 1.44 seconds with set D. The average
time of the registration intervals have reduced for IPv4 traffic
with an average of 4.46 seconds with the RWP-All mobility
model. The enhancement percentage with set D is 49.53%
when compared with 6.02 seconds of the average registration
intervals for the original IPv4 traffic.

On the other hand, the average registration for IPv6 traffic
over OLSR-based MANET with the RWP mobility model
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TABLE 4. Average SIP registration time for SIP clients over
IPv4/IPv6 OLSR-based MANET with CLOLSR implementations.

is illustrated in Table 4. The average registration time for
IPv6 traffic is 5.33 seconds and is reduced with the OLSR
implementations to 3.78 seconds with set A, 2.88 seconds
with set B, 1.97 seconds with set C, and 1.24 seconds with
set D. Therefore, the average time of the registration intervals
have reduced for IPv6 traffic with an average of 3.34 seconds
for the RWP mobility model. The enhancement percentage
with set D is 76.73%when compared with 5.33 seconds of the
average registration intervals for the original IPv6 traffic. For
the RWP-All mobility model, the average registration time
for IPv6 traffic reduced with the CLOLSR implementation
from 13.82 seconds to 5.53 seconds with set A, 4.6 seconds
with set B, 3.80 seconds with set C, and 2.80 seconds with set
D. The average time of the registration intervals have reduced
for IPv6 traffic with an average of 10.26 seconds over the
RWP-All mobility model. The enhancement percentage with
set D is 20.29% when compared with 13.82 seconds of the
average registration intervals for the original IPv6 traffic.

B. SIP CALL SETUP INTERVAL WITH CLOLSR
The main process for the SIP-based VoIP calls is the call
initiation process. The general performance of this process
is related to the amount of signaling flow between the callers
that go through the SIP server. The average time spent for
the call setup processes over the OLSR-based MANET with
the implementations of the CLOLSR approach is represented
in FIGURE 4. The values of the average call setup time are
always more than the values of the SRD performance metrics
during all the initiated SIP calls.

The average call setup time for the IPv4 traffic with the
RWP mobility model is between 2.93 to 5.18 seconds for
IPv4 traffic, between 2.1 to 4.83 seconds for set A, between
1.84 to 3.95 seconds for set B, between 1.35 to 3.78 seconds
for set C, and between 0.94 to 2.26 seconds for set D. In the
RWP-All mobility model, the average call setup time for
IPv4 traffic over OLSR-based MANET is in the range of
5.14 to 7.23 seconds for IPv4, between 4.13 to 6.32 seconds
for set A, between 3.65 to 5.27 seconds for set B, between
2.18 to 4.98 seconds for set C, and between 1.87 to 3.96 sec-
onds for set D. The results of the IPv4 implementations
showed that the implementations of set D of the CLOLSR
enhanced the call setup process and reduced the average call

FIGURE 4. Average SIP call setup time in seconds for OLSR-based MANET
using CLOLSR approach.

setup time to about 2.52 second for RWP and 3.1 to 3.93 sec-
onds for RWP-All.

On the other hand, the implementations of the IPv6 traffic
with the RWP mobility model showed an average call setup
time between 4.91 to 7.18 seconds. The implementations also
showed a level of enhancement on the average call setup time
which is between 4.27 to 5.67 seconds for set A, between
3.41 to 5.32 seconds for set B, between 2.21 to 4.43 seconds
for set C, and between 1.83 to 3.97 seconds for set D. In the
RWP-All mobility model, the average call setup time for IPv6
OLSR-basedMANET is in the range of 9.88 to 12.19 seconds
for IPv6 traffic. The average call setup time over IPv6 traf-
fic is enhanced to be between 8.69 to 11.14 seconds for
set A, between 7.38 to 9.43 seconds for set B, between
5.95 to 7.92 seconds for set C, and between 4.89 to 6.73
seconds for set D. The results conclude that set D of the
CLOLSR has the best level of enhancement for the average
call setup time for IPv6 traffic as it reduced the average
call setup time with 2.93 to 3.26 seconds for RWP and
5.27 to 6.15 seconds for RWP-All.

C. SIP CALL TERMINATION INTERVAL WITH CLOLSR
The call termination process is the last part of the SIP-based
VoIP call where one of the call’s parties finishes the call by
sending a call termination request through the B2BUA-based
SIP server. The effect of the call termination process over
the performance of the SIP-based VoIP is the lowest when
compared with the registration and call setup processes. The
call termination intervals are equal to the SDD values of the
end-to-end SIP performance metrics. The CLOLSR imple-
mentations with identified sets for the call termination in
Table 2 showed variable level of enhancements over both
IPv4 and IPv6 traffic.
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TABLE 5. Average SIP termination time for SIP callers over
IPv4/IPv6 OLSR-based MANETfor CLOLSR implementations.

In Table 5, however, the average call termination time for
the initiated SIP calls between the caller and the callee for
IPv4 traffic over the RWP mobility model is 1.1 seconds.
The implementations of the CLOLSR reduced the average
call termination time for IPv4 traffic to 9082.71 ms with
set A, 712.21 ms with set B, 563.72 ms with set C, and
298.39 ms with set D. The total average time of the call
termination intervals have been reduced for IPv4 traffic with
an average of 524.37 ms for RWP. The enhancement percent-
age is 27.42% for set D when compared with the original
average call termination intervals of IPv4 traffic. For the
RWP-All mobility model, the average call termination time
for IPv4 traffic is 1.82 seconds. The implementations of
the CLOLSR reduced the average call termination time for
IPv4 traffic to 1.42 seconds with set A, 1.13 seconds with set
B, 917.59mswith set C, and 723.87mswith set D. Therefore,
the average call termination time have reduced for IPv4 traffic
with an average of 0.9 second for the scenarios of the RWP
mobility models. The percentage of the enhancement level is
39.81%, compared with 1.82 seconds for the original average
call termination time for IPv4 traffic.

On the other hand, Table 5 shows the average call termi-
nation time for the initiated SIP calls between the caller and
the callee for IPv6 traffic over the RWP mobility model. The
average call termination time for IPv6 traffic is 1.89 seconds
and is reduced by the implementations of the CLOLSR to
1.18 seconds with set A, 912.76 ms with set B, 753.44 ms
with set C, and 427.63 ms with set D. From the results,
the average of the call termination time for IPv6 traffic
reduced with an average of 743.33 ms to 1313.74 ms for
RWP, where the enhancement percentage is from 39.41%
to 69.62% of the original average of the call termination
intervals. For the RWP-All mobility model, the average call
termination time for IPv6 traffic is reduced by the implemen-
tations of the CLAODV from 5.41 seconds to 3.91 seconds
with set A, 2.95 seconds with set B, 2.01 seconds with
set C, and 1.11 seconds with set D. The average time of the
termination intervals reduced for IPv6 traffic with an average
of 3.45 to 4.37 seconds for the RWP-All mobility model.
The enhancement percentage is from 37.13% to 20.52%,
compared with the original average of the call termination
processes for IPv6 traffic.

D. ROUTING PERFORMANCE WITH CLOLSR
The performance of the SIP signaling on MANET is
affected by the routing performance. For OLSR-based
MANET, the routing parameters have an important role
over the performance enhancement for the implementations
of the SIP-based applications. In this section, the related
OLSR routing parameters will be investigated regarding the
enhancement level of the CLOLSR implementations over
the SIP signaling performance. In FIGURE 5, the average
number of HELLO messages for OLSR routing processes
that were sent during the simulation time is represented. The
route discovery status between the nodes within the dynamic
mobility nature of MANET depends on the number of acti-
vated HELLO messages. As the number of HELLO mes-
sages increases, the connectivity between the nodes becomes
better over the dynamic nature. However, the routing over-
head increases with the increase of HELLO traffic in the
MANET. The increasing number of HELLOmessages means
that only a few of the known routes are known between the
communicating nodes because of the nodes’ dynamic mobil-
ity that affects the reachability, and availability, and causes
rapid disconnections. For IPv4 traffic over the RWP mobil-
ity model, the average HELLO traffic sent in the MANET
is between 4.4 Kbits/s and 5.9 Kbits/s. The average num-
ber has increased with the implementations of the proposed
CLOLSR approaches to between 5.5 Kbits/s and 9.2 Kbits/s
with set A, between 6.7 Kbits/s and 10.3 Kbits/s with set B,
between 7.6 Kbits/s and 11.7 Kbits/s with set C, and between
7.3 Kbits/s and 12.2 Kbits/s with set D. For the RWP-All
mobility model, the average number of HELLO traffic that
were sent for IPv6 traffic implementations increased to be
between 6.5 Kbits/s and 7.8 Kbits/s. With the implementa-
tions of the CLOLSR, the average number of HELLO traffic

FIGURE 5. Average HELLO traffic sent in MANET for OLSR-based MANET
using CLOLSR approach.
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sent for IPv6 traffic increased to between 8.8 Kbits/s and
11.7 Kbits/s with set A, 9.1 Kbits/s and 12.5 Kbits/s with
set B, 9.6 Kbits/s and 15.1 Kbits/s with set C, and 10.1 Kbits/s
and 17.8 Kbits/s with set D.

On the other hand, for IPv6 traffic over the RWP mobil-
ity model, the average HELLO traffic sent in the MANET
is between 10.1 Kbits/s and 12.9 Kbits/s. This average
number increased with the CLOLSR implementations to
between 10.3 Kbits/s and 14.4 Kbits/s with set A, between
10.9 Kbits/s and 15.4 Kbits/s with set B, between 11.7 Kbits/s
and 16.8 Kbits/s with set C, and between 12.1 Kbits/s and
18.3 Kbits/s with set D. The average number of HELLO
traffic sent for IPv6 traffic over the RWP-All mobility model
increased to be between 9.5 Kbits/s and 14.3 Kbits/s. With
the implementations of the CLOLSR, the average number
of HELLO traffic sent for IPv6 traffic increased to between
10.6 Kbits/s and 16.4 Kbits/s with set A, 11.2 Kbits/s and
18.2 Kbits/s with set B, 10.8 Kbits/s and 18.5 Kbits/s with
set C, and 11.1 Kbits/s and 20.3 Kbits/s with set D. From
the previous results, the implementations of the CLOLSR
increased the number of HELLO messages over both RWP
and RWP-All mobility models which indicated the active
number of requested route updates during the nodes’ mobility
for SIP applications.

FIGURE 6. Average routing traffic sent by the caller node in (Bits/Sec) for
OLSR-based MANET using CLOLSR approach.

FIGURE6, on the other extreme, shows the average
routing traffic that is sent by the caller node for the imple-
mentations of the SIP-based VoIP applications with the inves-
tigations of the CLOLSR approaches. For IPv4 traffic, the
average number of sent routing traffic from the caller node
is in the range of 1.23 to 1.93 Kbits/s over the RWP mobil-
ity model. The average number of the sent routing traffic
increased with the CLOLSR implementations to between
1.39 to 2.17 Kbits/s with set A, between 1.52 to 2.52 Kbits/s

FIGURE 7. Average routing traffic sent by the caller node in (Bits/Sec) for
OLSR-based MANET using CLOLSR approach.

FIGURE 8. Average routing traffic sent by the caller node in (Bits/Sec) for
OLSR-based MANET using CLOLSR approach.

with set B, between 1.62 to 2.54 Kbits/s with set C, and
between 1.91 to 2.92 Kbits/s with Set D. In the RWP-All
scenarios, the average of sent routing traffic is in the range
of 1.48 to 1.57 Kbits/s, which have been increased with the
implementations of the CLOLSR sets. The average number
of the sent routing traffic increased to be between 1.75 to
2.67 Kbits/s with set A, between 2.26 to 2.97 Kbits/s with
set B, between 2.41 to 3.99 Kbits/s with set C, and between
2.51 to 3.49 Kbits/s with set D. On the other hand, for
IPv6 traffic, the average number of sent routing traffic from
the caller node is between 500 to 960 bits/s with the RWP
mobility model. The average number of the sent routing
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traffic have increased with the CLOLSR implementations to
be between 0.98 bits/s to 1.51 Kbits/s with set A, between
1.05 to 1.67 Kbits/s with set B, between 1.11 to 2.28 Kbits/s
with set C, and between 1.1 to 2.39 Kbits/s with set D.
In the RWP-All scenarios, the average number of sent rout-
ing traffic from the caller node for IPv6 traffic is between
0.62 to 1.21 Kbits/s. The average number of the sent routing
traffic have increased to be between 1.41 to 2.46 Kbits/s
with set A, between 1.72 to 2.41 Kbits/s with set B,
between 1.82 to 2.56 Kbits/s with set C, and between
1.92 to 2.98 Kbits/s with set D. The growth of the total
routing traffic sent resulted from the increasing number of
the HELLO and TC messages sent for the dynamic route
adjustment processes of the OLSR parameters as a result of
the implementations for the proposed CLOLSR approaches.

E. BANDWIDTH CONSUMPTIONS AND CPU UTILIZATION
FOR CLOLSR IMPLEMENTATIONS
The implementations of the CLOLSR approaches for the
three SIP processes have different levels of effect over the
network performance in general and the SIP calls’ agents
in particular. The CLOLSR implementations affect the total
consumed bandwidth in the MANET and the CPU utilization
level of the B2BUA SIP server for the SIP-based VoIP calls.
FIGURE represents the average consumed bandwidth for the
OLSR-based MANET routing processes during the imple-
mentations of the CLOLSR for the investigated scenarios.
For IPv4 traffic, the average consumed bandwidth for routing
data in the OLSR-based MANET is between 21 to 43 Kbits/s
over the RWP mobility model. The implementations of the
CLOLSR have increased the average consumed bandwidth
for the routing data to between 37 to 38.1 Kbits/s with set
A, 29 to 49.3 Kbits/s with set B, 31.2 to 51.5 Kbits/s with
set C, and 31.5 to 58.5 Kbits/s with set D. In the RWP-All
scenarios, the average consumed bandwidth for the routing
data of the IPv4 traffic is in the range of 10.5 to 29.7 Kbits/s,
which increases with the CLOLSR implementations. The
CLOLSR implementations have increased the average of
total consumed bandwidth to be between 12.5 to 32.8 Kbits/s
with set A, 17.2 to 38.3 Kbits/s with set B, 20.1 to 41.5 Kbits/s
with set C, and 22.7 to 48.6 Kbits/s with set D.

The total consumed bandwidth for routing messages in the
IPv6 OLSR scenarios over the RWP mobility model were
in the range of 5 to 10 Kbits/s. The implementations of the
CLOLSR have increased the total average of the consumed
bandwidth to between 15.7 to 30.4 Kbits/s with set A, 15.7 to
46.4 Kbits/s with set B, 15.8 to 38.9 Kbits/s with set C, and
15.8 to 44.7 Kbits/s with set D. In the RWP-All scenarios,
the average consumed bandwidth for the routing data of the
IPv6 traffic is between 1.8 to 14.7 Kbits/s, which increases
with the implementations of CLOLSR. The CLOLSR imple-
mentations have increased the average of the total consumed
bandwidth to between 18.6 to 21.7 Kbits/s with set A, 18.9 to
24.7 Kbits/s with set B, 18.9 to 28.7 Kbits/s with set C, and
18.9 to 25.3 Kbits/s with set D.

During the implementations of the CLOLSR for SIP-based
VoIP calls, the CPU utilization level for the B2BUA SIP
server has variable increases depending on the identified val-
ues of the proposed sets. The increase in the CPU utilization
level results is normal as the number of the running processes
of the routing enhancement procedures of the proposed algo-
rithms had also increased. FIGURE 6 shows the average
level of the CPU utilization for the B2BUA SIP server in
the OLSR-based MANET during the simulation time for
the investigated scenarios. For IPv4 traffic, the average CPU
utilization level for the B2BUA SIP server is in the range
of 12% to 39% per second for the total capacity of the
CPU processes in the RWP mobility model. The CLOLSR
implementations have increased the average CPU utilization
level in the SIP server to between 29% to 54% per second
with set A, 41% to 68% per second with set B, 58% to 78%
per second with set C, and 64% to 89% per second with set D.
For the IPv4 traffic over the RWP-All scenarios, the average
CPU utilization level of the B2BUA SIP server is in the range
of 22% to 52% per second from the total capacity of the CPU
processes. The CLOLSR implementations have increased the
average CPU utilization level in the SIP server to between
41% to 66% per second with set A, 47% to 79% per second
with set B, 61% to 86% per second with set C, and 71% to
99% per second with Set D.

On the other hand, for IPv6 traffic, the average CPU uti-
lization level for the B2BUA SIP server is in the range of 8%
to 23% per second for the total capacity of the CPU processes
in the RWP mobility model. With the implementations of
the CLOLSR, the average CPU utilization percentage in the
SIP server increased to between 18% to 38% per second
with set A, 23% to 46% per second with set B, 33% to 58%
per second with set C, and 48% to 74% per second with set
D. In the RWP-All scenarios, the average CPU utilization
level of the B2BUA SIP server for IPv6 traffic is in the
range of 12% to 36% per second for the total capacity of
the CPU processes which increases with the implementations
of the CLOLSR sets. The CLOLSR implementations have
increased the average CPU utilization level in the SIP server
to between 25% to 52% per second with a set A, 37% to 66%
per second with set B, 49% to 76% per second with set C, and
60% to 86% per second with set D.

IX. DISCUSSION ABOUT THE CLOLSR
IMPLEMENTATIONS OVER
SIP-BASED VoIP
The proposed CLOLSR approaches for the implementations
of SIP-based VoIP applications over OLSR-based MANET
have been investigated in the previous subsections. The
implementations of the CLOLSR have considered the sets
identified in Table 2. With the considerations of related per-
formance metrics of RFC 6076 and the evaluation efforts of
the current state, the evaluation of the CLOLSR implementa-
tions have been studied and compared regarding the related
OLSR routing performance factors. At the beginning of the
simulations, all the MANET nodes were used to build its
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own routing tables depending on the OLSR algorithms. This
process consumes a high amount of bandwidth and requires
a longer time for MANET with a high density of nodes as in
the implemented scenarios. During the simulations, the initial
TC routing values of the OLSR-based MANET have longer
delays that were reduced until the system reached its initial
level of stability with the required initial entries of the routing
table values. Mostly, the MANET has reached its initial level
of stability at 250 to 350 seconds from the beginning of
the simulation. With continuous and dynamic mobility of
MANET nodes, the update processes of the routing tables
increases the number of sent HELLO and TC messages.
However, this growth in the routing messages is not reflect-
ing the actual health and efficiency of the MANET routes.
In addition, the high number of route messages in OLSR does
not mean that the reachability with the requested node/nodes
does not exist. It means that the nodes used to update their
routing tables based on the proactive nature of OLSR to fulfil
with any requested routes in the MANET.

With the implementations of the CLOLSR algorithm over
the three processes of the SIP-based VoIP calls, the OLSR
routing parameters are relatively updated depending on the
considered reachability delays or destination availability in
the routing tables. The modifications on the routing param-
eters are related to the level of the dynamic adjustments
in the routing table. The values of the HELLO and the
TC intervals are used to modify the values of the Multiple
Point Relay (MPR) of the OLSR routing protocol. Therefore,
the MPR values are recorded to increase with the increments
of the HELLO and TC values with regard to the OLSR MPR
selection mechanism in Algorithm 1. With the implementa-
tions of the CLOLSR, the SIP server succeeded in providing
better performance by increasing the frequent updates for the
routing table entries of the correspondent nodes. The perfor-
mance levels for the registration and termination processes
with the CLOLSR implementations provide good enhance-
ment levels when compared with the actual current signaling
system for both IPv4 and IPv6 traffic for the RWP and
RWP-All mobility models. The call setup processes observed
to have also an acceptable level of enhancement over the RWP
mobility model. However, for RWP-All, the call setup pro-
cesses showed variable levels of enhancement with CLOLSR
implementations, especially with IPv6 traffic. The CLOLSR
approaches also save the CPU cycles and reduce the con-
sumed bandwidth by returning the MPR values for the corre-
spondent nodes to their original default values. This happens
just when the SIP calls’ processes reach the required level
of the performance enhancement. However, the results show
that the CLOLSR implementations have consumed larger
amounts of bandwidth with higher levels of CPU utilizations.
This growth happened as a result of the frequent adoptions
in the routing parameters because of the mobility of the
correspondent nodes. The successful adoptions for the OLSR
routing parameters depend on the application layer values to
enhance the SIP signaling system performance that increased
the level of CPU utilization and the consumed bandwidth.

The call initiation process consumed the largest amount of
traffic and used higher CPU cycles comparing with the regis-
tration and termination processes.

The OLSR routing efficiency during the implementations
of the SIP-based VoIP calls reflects on the general per-
formance of the SIP signaling system. The CLOLSR used
a frequent adoption for the number of the HELLO and
Topology Control (TC) messages to reduce the route dis-
covery time between the MANET nodes with a dynamic
mobility nature. The dynamic routing enhancements of the
CLOLSR approaches improve the efficiency of the Mul-
tipoint Relay (MPR) sets for the OLSR routing proto-
col. Therefore, with the implementations of the CLOLSR,
the MPR selection mechanism will be enhanced with a
dynamic modification for the values of the OLSR routing
table. The CLOLSR provides a reliable detection system for
any raised delays or undeliverable SIP messages over both
RWP and RWP-All mobility models for the SIP processes.
The proactive routing nature of the OLSR is still the main
issue within the implementations of the CLOLSR approaches
over MANET nodes. This can be enhanced through reducing
the number of required second hops during the route discov-
ery processes to provide routes with shorter update periods.

X. CONCLUSION AND FUTHURE WORK
This paper represented an evaluation and comparison study
for SIP signaling and VoIP performance metrics over OLSR
for both IPv4 and IPv6 MANET. As IP networks still cannot
meet the required QoS of VoIP, therefore, the QoS of VoIP
improved by controlling the values of these parameters to be
within the acceptable range. The differences for the call setup
delays for SIP basedVoIP applications over IPv4 and IPv6 are
in different ranges depend on network system, bandwidth,
and the connectivity statue. The VoIP metrics such as end-
to-end delays, jitter, throughput, and packet loss are quite
comparable for both IPv4 and IPv6 over RWP and RWP-All
MANET scenarios. Most of the successful VoIP calls dur-
ing MANET mobility scenarios occur in the first half of
the simulation as the nodes’ initial positions provide better
connectivity and reachability before they began moving.

The proposed CLOLSR algorithms provide better SIP
signaling performance, and flexible adoptions for routing
parameters depending on the SIP application status. In addi-
tion, the proposed approaches are better than the regular basic
SIP signalling system and other related solutions from the lit-
erature in terms of the efficiency, the implementations’ flex-
ibility, and the QoS criterions. The usages of the determined
sets in the proposed Cross-Layer approaches are considered
from the benchmarking efforts. These sets were proposed
with regard to the required level of enhancements, where sets
with too short values could not allow the SIP processes to be
generated to provide good services. The CLOLSR provide
a dynamic reachability nature for the correspondent nodes
to reduce the connectivity delays, save the CPU cycles, and
reduce the bandwidth. In addition, these approaches are appli-
cable for both IPv4 and IPv6 implementations over MANET.
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Over all the investigated proposed sets of the bench-
marked values for both CLOLSR implementations. There-
fore, as much as the set values for the CLOLSR approaches
reduced the performance level of the SIP signaling system,
bandwidth consumptions and CPU utilization of the SIP
server increased. In addition, the average of consumed band-
width for IPv4 scenarios for CLOLSR implementations is
slightly lower compared with the consumed bandwidth in
IPv6 because of the packet overhead of IPv6 traffic that
slightly increased the amount of the consumed bandwidth.
In addition, the IPv6 implementations in this research study
do not support the mobility features for the mobile nodes.

The proposed CLOLSR algorithms provide better SIP
signaling performance, and flexible adoptions for routing
parameters depending on the SIP application status. In addi-
tion, the proposed approaches are better than the regular
basic SIP signaling system and other related solutions from
the literature in terms of the efficiency, the implementa-
tions’ flexibility, and the QoS criterions. The usages of the
determined sets in the proposed Cross-Layer approaches are
considered from the benchmarking investigations. These sets
are proposed with regard to the required level of enhance-
ments, where sets with too short values could not allow
the SIP processes to be generated to provide good services.
The CLOLSR provide a dynamic reachability nature for the
correspondent nodes to reduce the connectivity delays, save
the CPU cycles, and reduce the bandwidth. In addition, these
approaches are applicable for both IPv4 and IPv6 imple-
mentations over MANET. Over all the investigated proposed
sets of the benchmarked values for CLOLSR implementa-
tions, set D has the best enhancement level regarding the
SIP processes. Therefore, as much as the set values for the
CLOLSR approaches reduced the performance level of the
SIP signaling system, bandwidth consumptions and CPU
utilization of the SIP server increased. In addition, the average
of consumed bandwidth for IPv4 scenarios for the CLOLSR
implementations is slightly lower compared with the con-
sumed bandwidth in IPv6 because of the packet overhead
of IPv6 traffic that slightly increased the amount of the
consumed bandwidth. In addition, the IPv6 implementations
in this research study do not support the mobility features
for the mobile nodes. The SIP signaling performance had
been enhanced in the registration, initiation and termination
processes. In addition, these Cross-Layer approaches have
been proved to be bandwidth efficient with an acceptable
level of resource utilization.

Future works could study and improve the SIP registration
and retransmission timers over MANET to enhance the SIP
signaling and QoS for SIP-based applications over MANET
reactive/proactive routing protocols. This would include the
topology modelling for the SIP-base VoIP applications over
MANET. In addition, study and enhance the SIP signaling
system over TCP for both IPv4 and IPv6 as the evaluation
results of the SIP/TCP performance showed bad performance
over the implemented random mobility models. Further-
more, the retransmission timers for SIP/TCP signaling over

MANET are still an open research issue. The retransmission
of the SIP/TCP messages causes the duplication, latency, and
delays for the INVITE/Re-INVITE messages that impact the
SIP call setup processes. Employing the benchmarked values
of the RFC 6076 for SIP-based VoIP applications in other
platforms such as WLAN and LTE is also a valuable inves-
tigation that needs to be added. Lastly, it is worth referring
that we are driven to prefer investigating SIP signaling and its
performance more than concerning over TCP/UDP due to the
importance of SIP applications in terms of Vice over Internet
(VoIP) services. In the sense that, the main application for SIP
is the ability to provide Vice over Internet (VoIP) services,
where it routes telephone calls from a client’s to the pub-
lic switched telephone network (PSTN). SIP-enabled video
surveillance cameras can initiate calls to alert the operator of
events, such as motion of objects in a protected area. SIP is
used for broadcasting to platform independent machines.
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