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Abstract - This paper investigates solutions to improve VoIP capacity in IEEE 802.11 WLAN. VoIP over WLAN is an important Internet application. However, two major technical problems that are low VoIP capacity in WLAN and unacceptable VoIP performance in the presence of coexisting traffic from other applications. We propose a clique-analytical call admission scheme, which increases the VoIP capacity by 52 percent from 1.63 to 2.48 sessions per AP in 802.11b. For 11g, the call admission scheme can also increase the capacity by 37 percent from 10.34 to 14.14 sessions per AP.  Three orthogonal frequency channels available in 11b and 11g are used to reduce interferences among adjacent WLANs. This paper examines coarse-grained time-division multiple access (CoTDMA) in conjunction with the basic 802.11 CSMA to eliminate the performance-degrading exposed-node and hidden-node problems in 802.11. We find that CoTDMA can further increase the VoIP capacity in the multi-WLAN scenario.

Index Terms – VoIP, multiple WLANs, CSMA, coarse-grained time-division multiple access, clique-analytical call admission control.

I. Introduction
VoIP stands for Voice over Internet Protocol. As the term says VoIP tries to transfer voice (mainly human) using IP packets over the Internet. The application of Voice over-IP (VoIP) over WLANs has drawn a lot of attention from both industry and academia. Currently, the highly dense deployment of WLANs results in that the number of stations in a Basic Service Set (BSS) increases quickly, and thus the work on the capacity for VoIP is becoming a new research hot point.

Voices over IP (VoIP) applications are gaining an ever increasing popularity in the Internet community, favored by the massive deployment of wireless access technologies. For instance, more than eighty million users have already subscribed to Skype, the most popular VoIP commercial application for personal use, roughly 10% of which are estimated to be simultaneously online at any time. A hurdle, however, is the low number of voice conversations that can be supported. As shown in previous investigations, theoretically, [9] many voice sessions can be supported in an 802.11b WLAN based on simplistic raw bandwidth calculation, in reality, only less than 12 can be accommodated [8]. The motivation behind our work is WLAN can support a large number of VoIP sessions theoretically support 200 sessions in 802.11b network and 900 sessions in 802.11g network[10] but in Practice Only few can be supported (12 in 802.11b, 60 in 802.11g)*. This paper is a first attempt to examine the VoIP capacity in the “multicell” environment in which many infrastructure WLANs are deployed in the same geographical area. We find that the VoIP capacity is further decreased in the multicell scenario. For example, our NS2 simulations show that the capacity of a 5 x 5, 25-cell WLAN is only 1.63 VoIP sessions per access point (AP) in 802.11b and 10.34 sessions per AP in 802.11g. We identify the mutual interferences of the CSMA operation of adjacent cells as the major culprit for this dismal performance and provide solutions to lighten the problem. we set up a framework for call admission control to better manage the mutual interferences.

A major contribution of this paper is the proposal of a coarse-grained time-division multiple-access (CoTDMA) approach to lighten multicell mutual interferences. In CoTDMA,[8] the time dimension is divided into multiple coarse time slots. Each VoIP session is assigned a coarse time slot, and it makes use of the basic 802.11 CSMA protocol to contend for channel access with other VoIP sessions assigned to the same time slot. To isolate inter cell interference, VoIP sessions of adjacent WLANs that interfere with each other are assigned different time slots. The theoretical call admission control framework of CoTDMA corresponds to a new class of graph-coloring problem that is distinct from that of the classical graph coloring problem. With only three coarse-grained time slots, VoIP capacity per AP can be boosted to 10 and 58 sessions in 802.11b and 802.11g, respectively. VoIP-connections are based on UDP-agents. They offer a constant flow of packets and are not affected by loss of packets in terms of traffic generation, i.e. there are no retransmissions and no adjustment of packet send rate.
II. Background
Although originally designed for data services, the Internet can also support real-time traffic such as voice and video. The technology of voice over Internet Protocol (VoIP), also known as Internet telephony, IP telephony, or packet voice, enables real-time voice conversations over the Internet. It has attracted much interest from academia and industry because of the following facts: 

VoIP has much lower cost than traditional telephone service. The universal presence of IP makes it convenient to launch VoIP applications. There is increasing demand for networks to interact with end users having real-time data, voice, and video images, leading to the requirement for integrated voice, data, and video services. The emerging digital signal processing (DSP) and voice coding/decoding techniques make VoIP more and more mature and feasible. Therefore, VoIP is anticipated to offer a viable alternative to traditional public switched telephone network (PSTN). To provide person-to-person (instead of place-to-place) connections anywhere and anytime, the Internet is expected to penetrate the wireless domain. One very promising wireless network is the wireless local area network (WLAN), which has shown the potential to provide high-rate data services at low cost over local area coverage. Working in the license-exempt 2.4 GHz industrial, scientific, and medical (ISM) frequency band, the IEEE 802.11b WLAN offers a data rate up to 11 Mb/s, while IEEE 802.11a WLAN and European Telecommunications Standard Institute (ETSI) HIPERLAN/2 can support data rates up to 54 Mb/s at the 5 GHz frequency band. As a wireless extension to the wired Ethernet, WLANs typically cover a small geographic area, in hotspot local areas where the traffic intensity is usually much higher than in other areas. Factor that affect VoIP performance
1. Delay

2. Packet Loss
3. Jitters
4. Echo
VoIP capacity is severely limited due to various inherent header and protocol overheads. UDP is used in VoIP to carry the actual VoIP traffic. If TCP were utilized for VoIP leads waiting for ACK and retransmission would render voice quality unacceptable.

III. Related Work

M-M Scheme IDEA: Combine the data from several downlink streams into a single packet for multicast over the WLAN to their destinations. The mux replaces the RTP, UDP, IP header of each packet with a compressed mini header. In mini header, there is an id used to identify the session of the VoIP packet. The demux at the receiver restores the original RTP header and necessary information. m-m scheme can reduce the large overhead when VoIP traffic is delivered over WLAN improve the bandwidth efficiency.[9]

A. Access Mechanisms
There are two access mechanisms specified in the IEEE 802.11 standard: 1) distributed coordination function (DCF) and 2) point coordination function (PCF)[9]. PCF is a centralized mechanism, where one central coordinator polls other stations and allows them free access to the channel. However, PCF is an option not supported in most commercial products. Previous work on VoIP over WLAN can be classified according to which access mechanism, DCF or PCF, is used PCF is not supported in most 802.11 products so DCF are widely used. DCF is a technology that has been well tested and proven to be robust in the field.

For example, when there are two overlapping WLANs using the same frequency channel, DCF will continue to work while PCF will not work. DCF and PCF - The IEEE 802.11 WLAN (both a and b) have two different channel accessing mechanisms, namely, the distributed coordination function (DCF) and point coordination function (PCF). DCF is based on the carrier sense multiple access with collision avoidance (CSMA/CA) channel accessing mechanism, while PCF is based on the polling technique. The DCF operation mode consists of two techniques for packet transmission. The default scheme is a two-way handshaking technique where a positive acknowledgement is transmitted by the destination station upon successful reception of a packet from a sender station. Another scheme involves a four-way handshaking technique known as request to send / clear to send mechanism (RTS/CTS). By this scheme, the sender first sends RTS to reserve the channel before its transmission, and upon receiving CTS from the receiver, the normal packet transmission and the ACK response proceeds. In IEEE 802.11 networks, the DCF mode is the fundamental channel access method and coexistence between DCF and PCF is required. The period in which the system operates in PCF mode is called contention free period (CFP), while the period in which the system operates in DCF mode is called contention period (CP). Moreover, using just PCF presents the following inefficiency: If every wireless station connected to an AP are polled regardless of whether it has data to transmit or not may result in considerable polling overhead.

IV. Proposed System

This paper proposes call admission scheme, which increase VoIP capacity to2.48 sessions per AP from 1.63 in the case of 5x5, 25-cell 802.11b WLAN. This constitutes a 52.1 percent improvement. In the 5x5 802.11g WLAN, this call admission scheme increases the per-AP capacity by 36.75 percent from 10.34 to 14.14 sessions.
A. Clique-Analytical Call Admission Control
· We set up a framework for call admission control to better manage the mutual interferences.

· Call admission control decide whether to admit a call or reject a call.

· Predict if a new VoIP session can be admitted without causing performance problem
· Keep all clique sizes not larger than a predefined maximum clique size, Cmax 
· For every new call request, calculate the largest clique size (if >Cmax, reject the new call request).
· We calculate CAP_D, the per-AP capacity in a DxD multicell WLAN, defined as follows:



CAP_D = CD x D/D x D 
Where, 
CAP_D = per-AP capacity in a D x D multicell WLAN

C D x D = total number of VoIP sessions that can be supported in D x D multicell topology


Fig 1call admission control block diagram
Where

kvi    =    The set of all cliques to which vi  belongs 

mvi   =    The size of the largest clique to which vi  belongs 

Cmax =   The predefined maximum clique size allowed

A. Clique-Based Call Admission Control Algorithm
Procedure A

Keep a copy of current state ( kvj , mvj ) v vj

If  vi  request to add

Go to

Procedure B

Update ( kvj , mvj ) v vj

If  m vj > c max

Reject vi restore original state

If  m vj < c max

Go to

Procedure C

Accept vi
Calculate kvi , mvi

end
B. Basic idea of Co-TDMA


In Fig. 2, each cell is divided into six sectors and assigns a distinct time slot to each sector. The shaded cells use the same frequency channel and the stations within each sector use the same time slot; the number in each sector indexes the time slot assigned to that particular sector. The frequency and time-slot assignments in Fig. 2 are such that different sectors do not interfere with each other because they are either active in different time slots, in cells of different frequencies, or sufficiently far apart from each other. Note that within each sector (time slot), there may still be multiple stations and the original 802.11 CSMA scheme is used to coordinate transmissions among these stations. We can shorten the CSRange to dmax, the distance from the AP located at the center of each cell to the farthest corner in the cell. The nearest station with the same frequency and time-slot assignment in neighboring cells is at least 2dmax away, which is larger than both the CSRange and IRmax 
[image: image1.emf]
Fig: .2. Six time slot assignment in multiple wlan

Therefore; the co-channel interference from neighboring cells is completely isolated. In the best-case scenario, the VoIP capacity per AP in multiple WLANs can be the same as that in the single isolated WLAN case. To see this, consider 802.11b: if each sector has exactly two stations which are the maximum stations for each time slot then we can have a total of 12 VoIP sessions per AP. This example is merely for illustration purposes. In real implementation, no sectors would be divided in the cell and the time-slot assignment is not based on the location of the VoIP sessions Although the sectorized cells in Fig.2 illustrate the concept of CoTDMA, it has two implementation difficulties: 1) time-slot assignment requires the knowledge of the locations of the individual stations and 2) if the stations are not evenly distributed across the sectors, then it will not be as effective as the best-case scenario mentioned above 
V. Simulation Steps
The proposed algorithm is implemented in NS2 [7].VoIP packets are streams of packets containing encoded voice signals. There are different codecs for encoding voice signals Take GSM 6.10 as an example. The voice payload is 33 bytes, and 50 packets are generated in each second. After adding the 40-byte IP/UDP/RTP header, the minimum channel capacity required to support a GSM 6.10 voice stream in one direction (uplink or downlink) is 29.2 Kbps. An 802.11b WLAN in theory can support nearly 200 VoIP sessions (divide 11 Mbps by two times of 29.2 Kbps) and an 802.11g WLAN; more than 900 sessions (divide 54 Mbps by two times 29.2 Kbps). However, prior investigations have shown that the actual VoIP capacity is severely limited due to various inherent header and protocol overheads. With the GSM 6.10 codec, for example, only 12 (60) VoIP sessions can be supported in an 802.11b (802.11g) WLAN [1], [2].Besides GSM 6.10, other advanced VoIP codecs may help to increase the VoIP capacity over single isolated WLAN with techniques such as silence compression and packet loss concealment. However, these codecs do not tackle the issue of co-channel interference, which arises when multiple WLANs are in the vicinity of each other. 
Voice signals could also be encoded with either constant bit rate (CBR) or variable bit rate (VBR) at the source. VBR takes advantage of silence periods in conversation to save bandwidth. Although VBR can support more VoIP sessions, 
the large capacity penalty when VoIP operates over multiple WLANs remains. We will investigate this penalty for both VBR and CBR in this paper. For explanation of concepts and solutions proposed, however, we mainly focus on CBR. In the case of VBR, the main ideas of our solutions do not change except that we have to add a probabilistic model into our solutions to take advantage of bandwidth conservation in VBR. In this paper, we assume the allowance of 3 percent packet loss rate. The exact tolerable packet loss rate depends much on the codec used. Commercial products typically claim that their VoIP packet loss rate can be kept within 1-5 percent, and even less than 1 percent [10]. Codecs with packet loss concealment can tolerate larger packet loss rates. Loss rate of 3 percent is a common requirement for voice transmission [11]. Given the 3 percent loss allowance, the minimum channel capacity requirement is 28.32 Kbps for GSM 6.10 codec. If both the uplink and downlink of a VoIP session can have throughputs exceeding this benchmark, we say that the VoIP session can be supported in the WLAN. 
A. Simulation Specification

· Basic mode of IEEE 802.11b and g

· Codec used GSM 6.10
· 29.2Kbps channel capacity for one stream

· Allow 1% to 3% packet-loss rate
· D-by-D multi-cell WLAN
· APs at centers of cells

· Clients inside the cell associate to AP

·  Transmission (TXRange): 250m = dmax 
·  Carrier Sensing (CSRange): 550m 
Simulating in ns2 we got trace file then we parse the trace file with Perl script and gawk and we got throughput, delay time, packet flow .Using these experimental results we plot xgraph for no of VoIP session vs. packet delivery ratio , number of cells vs. per access point capacity.
VI. Performance Evaluation
We tested in multicell topology such as 5, 10,15,20,25 cell and we plot the graph for the different cell using xgraph with help of NANS (Network analyzer for network simulator).we observed many results with different parameter setting in NS2 for WLAN. We observed that number of VoIP session per access point reduced in multicell topology when compare to single cell scenario.
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Fig.3. No of VoIP session vs. throughput
[image: image3.emf]
Fig.4. No of VoIP session vs. Packet delivery ratio
[image: image4.emf]
Fig.5.Per-AP capacity of D x D multicell WLAN.
VII. Conclusion
This paper investigates two critical technical problems in VoIP over WLAN: 1) low VoIP capacity in a WLAN and 2) unacceptable VoIP performance in the presence of coexisting traffic from other applications. In setting out to find solutions to these two problems, we set a performance target of: 1) no more than 1% VoIP packets can be lost and 2) no more than 1% of the VoIP packets can experience more than 30 ms overall delay within the WLAN equipment and components introduced by our solutions. A salient feature of all the proposed schemes in this paper is that the MAC protocol at the wireless end stations needs not be modified, making them more readily deployable over the existing network infrastructure.

· We show that a clique-analytical call admission control algorithm improve the VoIP capacity in a 25-cell 802.11b WLAN by 52.1 percent from 1.63 sessions to 2.48 sessions per AP. The improvement is 36.8 percent in 11g.

· From our simulation experiments, we find that CoTDMA could improve the VoIP capacity meaningfully. Our results indicate that with a small number (3-4) of coarse time slots in CoTDMA, the per-AP VoIP capacity can be increased to 10 sessions in 802.11b and 58 sessions in 802.11g
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