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ABSTRACT 

A 4G systems can provide a comprehensive IP based solution 

where voice, data, video streamed multimedia can be provided 

to users on an “Anytime, Anywhere” The aim of the work is 

to estimate quality of metric values with different IEEE 

802.11 standards (IEEE 802.11. b. /a/g), utilized for SIP 

(Session initialized protocol) video call setup procedure over 

wireless link scenario directed to mobile devices. We used 

two video call modes of operation over heterogeneous WiFi 

standards. The proposed model application layers in SIP 

protocol based on multicast mobile agents used in two 

different modes of video call established. Initiate services 

through CBR used for Session control overhead packets. Our 

analytical model provides that the video call set-up 

performance, jitter and delay in peer to peer networks. 

Moreover, the call setup performance can be improved 

significantly using the robust in application link layer such as 

SIP with a comparison of WIFI heterogeneous network 

standards proposed in our paper and also to establish and 

maintain secure transmission via IP based security services 

such as ISAKMP protocol The analytical results were 

validated by our experimental measurement. 
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1. INTRODUCTION 
IDC Research estimates that the mobile worker population 

will reach one billion worldwide by 2011, accounting for 30.4 

percent of the workforce. To be effective and productive, 

today’s mobile worker increasingly relies on network 

connectivity to access e-mail, Internet, mobile applications, 

centralized databases, conferencing and content-management 

systems, to name but a few.  As a result, the ability to provide 

Wi-Fi access and associated applications via indoor and 

outdoor wireless networks is becoming increasingly 

important. 

Voice over IP (VoIP) uses the internet protocol (IP) to 

transmit voice as packets over an IP network. Using VoIP 

protocols, voice communications can be achieved on any IP 

network regardless it is Internet, Intranet or local area 

networks (LAN). In a VoIP enabled network, the voice signal 

is digitized compressed and converted to IP packets and then 

transmitted over the IP network. VoIP signalling protocol is 

used to set up and tear down calls, carry information required 

to locate users and negotiate capabilities. The key benefits of 

internet telephony (voice over IP) are  the very low cost, the 

integration of data, voice and video on one network, the new 

services created on the converged network and simplified 

management of end user and terminals. 

There are a few VoIP architectures, delivered by various 

standard bodies and vendors, that are based  a signalling 

protocol stack, namely H.323, SIP, MEGACO and MGCP. 

H.323 is the ITU-T standard which was originally developed 

for multimedia conferenceing on WiFi, but was later extended 

to cover voice over IP . The standard encompasses both point 

to point communication  and multipoint conferences. H.323 

defines four logical components: Terminals, Gateways, 

Gatekeepers and Multipoint Control Units (MCUs). 

Terminals, gateways and MCUs are known as endpoints. 

Session Initiation Protocol (SIP) is the IETF's standard for 

establishing VOIP connections. SIP is an application layer 

control protocol for creating, modifying and terminating 

sessions with one or more participants. The architecture of 

SIP is similar to that of HTTP (client-server protocol). 

Requests are generated by the client and sent to the server. 

The server processes the requests and then sends a response to 

the client. A request and the responses for that request make a 

transaction. 

 

1.1 ISSUES IN DESIGNING AN IEEE 802.11. b/a/g  

In the Wireless Local Area Networks (WLANs) are 

increasingly making their way into residential, commercial, 

industrial and public areas. WAN issues usually result from 

high latency, packet loss, jitter, or temporary loss of the 

Internet connection and can result in everything from delayed 

voice to dropped calls.  These are the problems that you face 

with your IP based on the connection from the modem out to 

the internet.  They can be the result of poor signal levels with 

your ISP's (Internet Service Provider ) connection or unusual 

high delay and jitter occurring from routers and/or network 

congestion in coverage area. 

The three  main problems encountered when VoIP is used 

over WiFi are 

i) The system capacity for voice/ video transmission can be 

quite low for WiFi Coverage. ii) VoIP traffic  and traditional 

data traffic such as Web traffic, emails etc. Can mingle with 

each other thereby bringing down VoIP performance III) The 

coverage area of voice transmission extended into outdoor 

region in warehouse application in order to increase the 

number of subscribers increase the signal strength throughout 

entire improved coverage. An added benefit is that they 

experience excellent voice/video quality and call clarity with 

the mobile device and also no interference with the radio 

signal. This lack of interference translates to a higher signal 

strength and clear voice quality. 
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These problems exist mainly due to the following reasons: 

a) There is large per-packet overhead imposed by WiFi for 

each VoIP packet – for both protocol headers and WiFi 

contention. b) Design of 802.11 protocols is such that it 

allows clients to access the channel in a distributed manner 

which causes a contention of the network which is particularly 

evident in the case of VoIP due to the real-time nature of the 

traffic. c) Delays between the time that you speak and when 

the other side hears your words, (and vice versa). d) The 

network related causes of poor quality VoIP as described by 

the symptoms above, can be broken down into three main 

categories are packet loss, jitter, and latency  

In the data transmission from point to multi point transmission 

need for priority based scheduling algorithm design for the 

equal importance of transmission of bits then end of 

transmission in order to improved high throughput/ traffic 

modelling and also reduces the loss of transmission between 

wireless links. Here streaming transmission voice is more 

important than video so requirement of issues continuity of 

arrival of bits in collection to archive  significant reductancy 

at the same time acceptable value of tolerable. IP-based 

networks are managing voice and video for real time 

applications over WLANs and it can be a deadlock in the 

traffic flow over WLANs. QoS has considered the main issue 

in the VoIP system. Due to its importance, following research 

focuses on solving the VoIP scheduling algorithm problem. 

This research tries to compare with some well know real- time 

scheduling algorithms over WLANs. The proposed method 

tries to achieve better acceptable results for VoIP high-speed 

real-time application. 

Hence in the case of VoIP over WLAN the perceived 

throughput and real throughput have a large difference. Even 

though it does seem as an attractive alternative to Streaming 

technology it has several drawbacks as we shall further 

investigate in section III of this paper. 

1.2   STRICT PRIORITY SCHEDULER 

The real-time traffic occupies a significant percentage of the 

available bandwidth and Internet must evolve to support the 

new applications. Such as VoD (Video on Demand), VoIP 

(Voice over IP), VTC (Video-Teleconferencing), interactive 

games, distributed virtual collaboration, remote classrooms, 

grid computing, etc.,The best effort delivery is unacceptable, 

since in case of a congestion the Quality of Service (QoS) and 

Quality of Experience (QoE) declines to an unsatisfactory 

level. The main contribution of this paper is the strict priority 

scheduler designed to provide the minimum guaranteed 

transmission rate for all active flows with the respect to their 

priorities and to provide a fair share of the additional 

bandwidth. The scheduler also rejects flows, for which the 

minimum rate requirements exceed the available bandwidth. 

The proposed solution is applicable for the WiFi wireless 

network, to accomplish QoS along the path. The Strict 

Priority Scheduler is the default scheduling discipline in 

QualNet. It services the highest priority queue until it is 

empty, and then moves to the next highest priority queue, and 

so on. It is possible that if there is enough high priority traffic, 

the lower priorities could be completely frozen out. We can 

configure only one node at the first scheduler level as strict 

priority. If any node or queue above the strict-priority node 

has packets, it is scheduled next. If multiple queues above the 

strict-priority node have packets, the HRR algorithm 

(Hierarchical Round Robin) selects which strict-priority queue 

is scheduled next. One strict priority traffic-class group is 

called the auto-strict-priority group. The scheduler nodes and 

queues in the auto-strict-priority group receives strict-priority 

scheduling.  
1.3  ISAKMP Protocol  

The  ISAKMP  is  used  by  AH (Authentication header)  and  

ESP (encapsulated security payload) to  establish  the  security   

associations  needed  to accomplish  the protocols. However  
ISAKMP advantages can be exploited by any other security 

protocol, and in this way  it  will  be  possible  to  avoid  the  

duplicity  of  single  purpose negotiations  of  security  

parameters.  Current security protocols negotiate  its  

parameters  by  the  exchanging  messages. The ISAKMP 

protocol  is divided  into two phases  In  the first phase the 

parties establish a ciphering key by  a key  establishment 

protocol. Once the key  is  established,  they  authenticate one 

each other  and  negotiate  how  to protect  the  second  phase.  

In the second phase  is where  is made the negotiation  of the 

security parameters  on  behalf  of  any  security  service. This 

second phase is  protected  using  the  parameters. 

 

2. RELATED WORKS 

There are many papers proposed in VOIP based video 

streaming technology with H.323/SIP protocols. The authors 

are mainly  concerned with routing protocol based 

transmission in order to achieve high robustness and capacity 

of voice transmission over IP networks various methodologies 

have been implemented and verified they proceed. 

[1] jengfarn lee et al proposed in challenges in practical 

Quality of metric WLAN over VoIP networks the quality of 

metric values average delay against with uplink and downlink 

transmission over IP networks.[2] Samir Chatterjee  et al 

described the design and architecture of a new SIP-based 

video client, while development of protocol issues in various 

stack level [3] Kashif Nisar et al investigate reduces traffic 

pattern in order to improve  the quality of metric values based 

on  Bottleneck Topology. [4] Yang Xiao et al estimate Qos 

compared with WLAN and integrated 3G networks in the 

mobility handoff scenario. [5] Sarika Malhotra et al 

comparatively analysed of the signalling protocol for 

call establishment and administrative solution in SIP 

Protocol and also compare the performance of taking 

time, total sessions, delay, jitter packet delivery radio 

… etc. [6] An Chang et al proposed indoor/outdoor WLAN 

coexists streaming services over VoIP with different data 

rates. [7] Wei Wang et al investigated two major problems of 

low VoIP capacity in WLAN and unacceptable VoIP 

performance in the presence of coexisting video traffic from 

different user application. With each video stream requiring 

less than 10Kbps and IEEE 802.11. b requiring at 11Mbps 

support more than 500 no of VoIP sessions. [8] Gidlund et al 

proposed VoIP estilabhiment in as indoor coverage area in 

order to archived results from mesh connectivity throughout 

entry area. [9]  Panjwani et al described the methodology used 

to compute the coverage regions for multifloored buildings 

and discusses the effect of interference sources. The resulting 

system is expected to be useful in the specification of indoor 

wireless systems. [10] Nilanjan Banerjee et al examined in the 
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undesirable delay and packet loss coexisting with 

heterogeneous IP based network and also achieved  good 

quality of services in application layered SIP protocol. 

3. SIMULATION RESULTS 

Table I parameters for simulation Evaluation 

Parameters IEEE 802.11.a/g IEEE 802.11.b 

Data rate 12 Mbps 24 Mbps 

No of Nodes 12 12 

Application VoIP (H.323) VoIP (H.323) 

Routing Protocol Bellmen ford DSR 

Traffic Type RTP (UDP) RTP (UDP) 

Running Time 300s 320s 

File Name Terminal alias 

address file 

(.endpoint 

Terminal alias 

address file 

(.endpoint 

Simulation area 900×900 m2 1000×1000 m2 

Coverage area Indooe (15-50)m Outdoor (100-150- 

m) 

 

 

Fig 1 Snapshot of IEEE 802.11.b for H.323 transmission 

via VOIP in Qualnet simulator 

We use an qualnet simulator as our performance analysis 

platforms various evaluation parameters include the time 

between 1st and last packet, no of packets, Average packet 

size, and throughput of the simulated scenario. The simulation 

parameters are summarized in table1. We designed the 

infrastructure networks Setup containing 12 no of nodes. We 

are compiling the all nodes with video traffic in VoIP 

transmission between the source and destination nodes. Our 

work is investigating voice quality of metric values of an 

indoor to outdoor coverage area, enterprise warehouse under 

mobility nodes scenario The qualities of metrics are analysed 

in the video established between two different VoIP users in 

an IEEE 802.11. a/g and IEEE 802. b WiFi standards. Video 

traffic applies between 2/3 and 4/5 respectively. The two 

applications layered protocols are used in voice transmission 

SIP and H.323 respectively. The transport layer is generating 

traffic in RTP/RTCP protocol services. We analysed average 

jitter, average delay, Round trip time (RTT) , VoIP initializes, 

establishment, receiver parameter are taken into H.323 

application layered protocols 

 

Fig 2 Number of mobility nodes corresponding with an 

average delay in VoIP Initiator and receiver nodes 

 

Fig 3 Number of mobility nodes corresponding with an 

average jitter in VoIP Initiator and receiver nodes 

 

Fig 4 Number of mobility nodes corresponding with 

Transit time in VoIP Initiator and receiver nodes 

The above figure 2-4 shown the video transmission packets 

occurred in mobile nodes in order to archived quality of 

metric values (QOM) . It can be following parameters as VoIP 

initiators in the source nodes 4 and 5 respectively, similarly 
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VoIP receiver in the destination nodes 3 and 5 respectively, 

Voice transition time period established in source and 

destination nodes and also analysed jitter , delay in between 

the traffic path between source and destination nodes. 

 

 

Fig 5 Number of mobility nodes corresponding with the 

quality of the metric  of the transport layer ( RTT ) 

From the figure 5 represent as quality of metric values is 

represented in the transport layered protocol. The quality of 

voice and video transferring through retransmission transport 

protocol (RTP) in between the source and destination mobility 

nodes. In the data packets (voice/video) transferring indoor 

coverage extended to outdoor coverage location IP based 

transmission between nodes hence the result of transmission 

data packets are degraded by in terms of jitter and delay. The 

outdoor coverage area data congestion delay occurred in 

smaller and nearest value in between nodes. 

 

 

Fig 6 Number of mobility nodes corresponding with 

Average round trip time (RTT)  of the transport layer       

( RTCP) 

From the figure 6 represent the average round trip time 

occurred in the retransmission transport layer protocol. It is 

one of the packet transmission controlled protocol. The round 

trip time is the length of time it takes for a signal to be sent 

plus the length of time it takes for an acknowledgment of that 

signal to be received. This time delay therefore consists of the 

transmission times between the two points of a voice signal. 

The large amount of RTT in the traffic path between nodes in 

order to degrade bandwidth and delay in traffic pattern. 

 

Fig 7 Number of mobility nodes corresponding with quene 

packets (Strict Priority Scheduler) 

 

Fig 8  Number of mobility nodes corresponding with 

dequene packets (Strict Priority Scheduler) 

In the above two figure 7-8 represented as the real time packet 

transmission over the scheduling round robin algorithm. In 

order to obtain minimum guaranteed transmission rates for all 

active flows with the respect to their priorities and to provide 

a fair share of the additional bandwidth. 

 

Fig 9 Number of nodes corresponding to IP Delivers TTL 

sum of packets sent  in ISAKMP protocol 

In the above figure 9  shown   the number of mobile nodes 

represented as initialized cipher key phase factor with user 

specified delay after phase one completed. It is also possible 

to start phase two in authentication when some data packet 
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comes at ISAKMP server and it doesn’t find any IPSec SA for 

that packet's source and destination networks. The ISAKMP 

protocol for creating cookies, generating keys and nonce is 

being simulated by some simple stub functions. The severs 

nodes established Security Associations (SA) in the wireless 

links are bidirectional, that is same SA is used for both 

inbound and outbound packets. 

4. CONCLUSION 
We experimentally investigated application layered protocols 

to the quality of metric values of H.323 protocol video 

streaming transmission over peer to peer link in wireless 

scenario. Video transmission through VoIP from source to 

destination node in the overall scenario investigate 

throughput, average delay, jitter, VoIP analysed video traffic 

from source to destination node and also can be analysed the 

quality of metric values of  traffic pattern in transport layered 

protocol. Hence we propose inter-coverage area in warehouse 

application. We are investigating streaming transmission 

outdoor coverage is   better suited to VoIP than indoor 

coverage area. 

5. FUTURE ENHANCEMENT OF WORK 
We will discuss security matters of contention and 

demanding of new streamonix architecture setup for (5G) fifth  

invention IP video surveillance streaming connectivity in peer 

to peer radio links particularly MANET transmission. The 

analysed and comparison of application layered protocol 

H.323 and SIP protocols with respect to security attacks then 

work will extend for mobility nodes in VMANET 

architecture. 
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