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Abstract 

 
Wireless IP telephony is becoming very popular 

between the users of large Wireless Local Area 
Networks (WLANs). This increment has been mainly 
caused because it allows cost savings. Although, large 
WLANs use to provide high availability and 
redundancy, WLANs lack on the available throughput 
when there are many IP telephony users. In this paper 
we will present a system that reallocates IP telephony 
devices when the system detects that an AP is 
overloaded. The algorithm and the frames used for our 
proposal are described. Measurements taken show 
how the bandwidth consumed is transferred from an 
access point to another when our proposal is running. 
Finally, we will show the time needed to re-associate 
remainder users.  
 
1. Introduction 
 

In last years, WLANs are reaching much popularity 
by their main advantages: mobility, low cost 
technology and large scalability [1]. When the 
appeared, users only transmitted best effort 
information. But, now, WLANs are used for many 
types of traffic such as: data traffic, multimedia traffic, 
telephony traffic, etc. 

When we talk about telephony traffic in WLAN, we 
identify this traffic with VoIP (Voice over Internet 
Protocol) or IP telephony. IP telephony is defined as 
transmission of voice and fax phone calls over a 
packet-based IP data network [2]. This service is a 
substitute for the fixed-line telephony service which 
has become a commodity.  

There are two fundamental attributes for users: 
price and quality of service. These features are basics 
to compete with fixed-line telephony. 

Nowadays, IP telephony subscriber numbers don’t 
stop increasing, 120% from 2005 to the first half of 
2006, reaching to 155,401 users in June 2006 and so 
on [3]. But most of IP telephony users are still more 
innovative than potential users.  

Although, this kind of telephony will be the most 
used in the future, there is needed to improve some of 
its features (e.g. the quality of service because the 
delay is very critical in voice services). 

In this work we will analyse the need of 
reallocating remainder users that sometimes may exist 
in large WLANs. Then, we will describe our proposal 
and how it performs. We will show the evaluation of 
our proposal in the WLAN of the Polytechnic 
University of Valencia. 

The remainder of the paper is structured as follows. 
Section 2 describes some related works. The section 3 
formulates the problem that we have when there are a 
lot of users connected to an unique access point and it 
is required a bandwidth to initiate an IP call. Our 
proposal is explained in section 4. The performance 
evaluation and the measurements of the system are 
shown in section 5. Finally, in section 6, we conclude 
the paper giving the benefits of our proposal. 
 
2. Related works 
 

Today, there are many works where the authors talk 
about wireless IP telephony as a system that improves 
the communications between users [4]. The IP 
telephony and VoIP concepts are closed. In many of 
the papers that we are going to see, the authors write 
about VoIP, but the voice transmission mechanism 
presented is used by the IP telephony. 

When we talk about IP telephony and WLAN, first 
we need to know whether it is possible the use of IP 
telephony on IEEE 802.11 b/g wireless networks. 
Theoretical studies shown in [5] [6] give that in most 
cases these types of wireless networks meet the 
requirements of IP telephony. On the other hand, there 
are some practical studies. Dutta et al. in [7] checked 
the performance of wireless Internet telephony in 
depth. In this work we observe the behaviour of the IP 
telephony when there is another type of traffic in the 
network. 

In [8], Hederson et al. presented a study about data 
traffic in a wireless network of 550 access points and 
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7000 users. In this paper we can see the increase of 
VoIP traffic on WLAN in last years. The authors have 
also studied the mobility of users and noted that the 
user does not depend on a fixed position. In addition, 
they did a study about the amount of corporative 
network ingoing and outgoing VoIP traffic, average 
length of calls, total VoIP traffic, etc.  

These communication systems operate properly via 
Internet when there is a control of users connecting to 
the network. One way to perform this task is the 
admission control. Reference [9] presents an admission 
control system of IP calls to obtain a QoS adequate. In 
[10] there is a similar work but in this case there is a 
system of VoIP over ADSL. 

These systems must keep always the user 
connected. When the system discards a user in the 
admission control when the user is trying to connect to 
an access point (AP), it must be reassigned to another 
AP. In [11] the authors present a study of the access 
selection problem in a multi-access wireless network. 
They propose an access selection solution, in which 
the arriving users as well as a few ingoing users are 
reassigned according to the new systems’ conditions. 
This solution selects candidate users to a vertical 
handover and anticipates the user context transfer. 

We have not found any work where there is a 
system of balance of users to improve the wireless IP 
telephony. Because of it, in this work we submit a 
user-balanced system that improves the performance of 
the network when we have a sensitive communications 
that need to have a QoS adequate end to end. 
 
3. Problem formulation 
 

One of the main drawbacks of the WLANs in the 
2.4 GHz band is their bandwidth when it is compared 
with wired networks. Since their appearance, the 
available bandwidth has been increased continuously 
as new coding techniques have been applied. It has 
gone from 1 Mbps up to 108 Mbps (currently offered 
by some specific vendors when an extra codification is 
applied). 

The bandwidth of the deployed WLANs is shared 
by different type of users with specific bandwidth 
requirements [8].  

The Polytechnic University of Valencia is 40 years 
old. It is currently formed by 3 campuses and the main 
campus has around 50 buildings spread out in 2 km2. 
There are around 4,000 researchers and educational 
personnel, around 1,500 staff and around 35,000 
students in the three campuses. 

The WLAN of the Polytechnic University of 
Valencia [12] is formed by 575 access points (AP), 33 
APs are in the Campus of Gandia, 42 APs are in the 

Campus of Alcoy and 500 APs are in the main Campus 
(Campus de Vera). 

In the WLAN of our university the type of traffic 
going through the access points is mainly: 

• Http. 
• Smtp, Pop3 and Imap4. 
• Chat protocols. 
• File transfers protocols. 
• Multimedia streaming. 
• VoIP and IP telephony protocols. 
• Other traffic. 
Figure 1 shows the evolution of the number of users 

during 500 hours in a regular indoor access point of 
the Polytechnic University of Valencia. It gives the 
number of users use to vary from 0 to 149. The 
average value during this time was 9 users.  

The most critical protocols are the VoIP and IP 
Telephony protocols, because there has not to be 
packet loss and delays between packets. The 
bandwidth requirements for the G.711 coding are 64 
Kbps bitstream for a signal sampled at 8 kHz [13]. 
Moreover, at this bitstream we must add the control 
traffic that H.323/SIP introduces in the network. 

Because the available bandwidth of an access point 
is shared between the devices connected to it, there 
may not be enough available bandwidth to offer the 
required Quality of Service for the IP telephony 
devices. In order to avoid this problem, it is needed a 
system to avoid having too much IP telephones on the 
same access point.  

We propose to establish a minimum throughput 
threshold and when the number of devices connected 
to the access point makes to achieve this threshold an 
IP telephony devices has to be thrown from the access 
point. This IP telephony device will be reassociated 
automatically to another access point balancing the 
load of the whole system.  
 
4. Proposal 
 

Our proposal is based on the network architecture 
shown in Figure 2. This network is formed by IP 
telephony devices connected to the access points. 
These APs are connected to the wired network through 
switches. Finally, there is a server which is responsible 
for managing the number of users that are associated 
with each access point. 

In the proposed user-balanced system, the IP 
telephony devices used WPA instead of WEP (as 
security protocols) because it prevents the user having 
to do the re-association and validation process every 
time it leaves an access point. In WPA these processes 
are automatic. 
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Figure 1. Number of users in an AP during 500 hours. 
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Figure 2. Network architecture of our user-balanced system. 

Router(config)#dot11 association mac-list 770 
Router(config)#access-list 770 deny $mac-list  
0000.0000.0000 
Router(config)#access-list 770 permit 0000.0000.0000   
ffff.ffff.ffff 
Router(config)#exit 
Router#clear dot11 client $mac-list 

Figure 3. Code to throw an IP telephony devices. 

The server is constantly receiving SNMP traps from 
the APs and the switches, and thus it knows how many 
stations and IP telephony devices, and their signal 
level, are in each AP. On the other hand, the server can 
calculate the available throughput in every AP. Then, 
when the available throughput of an AP has reached a 
minimum threshold in this AP, the server selects an IP 
telephony device to move to another AP. It is based on 
the signal level reported by the APs for each client (it 
is given by the command “show dot11radio 
associations all-clients” in an Cisco Aironet Access 
Point). A very high signal level means that the phone 
is very close to the AP and it is probably not in the 
roaming range, so we select an IP phone with a signal 
level less than a threshold value. A very far client 
could mean that this access point is the most close and 
the last one to be associated. So, our algorithm selects 
those phones that are in the middle range. 

In order to move an IP telephony device, named A, 
from an AP, named i, the server selects the MAC 
address of the IP telephony device A in the APi, then it 
sends an message to the access point to throw that IP 
telephony device. It doesn’t allow the IP telephony 
device to associate again to that access point. It is done 
by creating an access mac-list which doesn’t allow that 
MAC to associate to APi. Then it is disassociated the 
IP telephony device A from APi. The phone will 
reassociate to another AP in its coverage range 
automatically. The code used in a Cisco Aironet access 
point to perform these tasks is shown in figure 3. 

Maybe the IP telephony device A can’t associate to 
another AP. In order to take into account this, the sever 
enquiries neighbouring APs to know if the IP 
telephony device has associated to anyone of them. In 

case of an affirmative response, the IP telephony 
device A will remain in that AP. If not, the algorithm 
waits 2 seconds and clears the access mac-list from the 
APi letting the IP telephony device A reassociate and 
the IP telephony device will be marked in the server 
database as unmovable for next rounds. 

Our algorithm has three main processes. These are 
the following: 

• Association process: When a client comes 
online, it broadcast a probe request. All APs 
that receive this request will respond with 
information about the AP such as RF hops to 
the backbone, load, and so on. If more than one 
AP replies, then the client will decide which 
AP to associate with, based on the information 
returned from the AP. In order to maintain the 
association, APs broadcast ‘beacons’ at 
periodic intervals. A beacon contains details 
similar to that in the probe response. The client 
listens to all APs in their coverage area and 
builds an information table about the APs. The 
association process is illustrated in figure 4. 

• IP telephony device maintenance decision: 
Using SNMP, the AP informs the server about 
its associated clients, so the server registers the 
new clients in its database. The server 
maintains a database of the clients associated to 
each access point related with their signal 
strength and their signal quality. When the 
server registers an IP telephony device and 
calculates that the throughput of that AP 
reaches a threshold, it looks for the IP 
telephony device in the middle coverage range 
and throws it from this access point using the 
code shown in figure 5. 

• Re-Association process: When an IP telephony 
device is threw from an AP, it will try to 
authenticate to a new AP automatically. The 
reassociation process is shown in figure 6. If 
the server doesn’t find its MAC address in any 
neighbouring access point for 2 seconds, it 
erases the access mac-list from the AP.  
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Figure 4. Association process. 
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Figure 6. Re-association process. 

5. Deployment and measurements 
 
5.1. Test bench 
 

In order to show the performance of our proposal, 
we made several types of measurements. The devices 
used in our test bench were Cisco Aironet access 
points series 1100 and Cisco Catalyst 2950T-24 
switches with 100BaseT links. We separated part of 
the real network in order to take the most accurate 
measurements in a closed environment without the 
interference of external devices and to avoid variations 
due to external factors. We used Asterisk [14], an 
Open source PBX, in order to register the IP telephony 
devices. The number of IP telephony devices and the 
test procedure is described in the next subsections. 
This system is designed to be executed even when a 
conversation is running. This situation is the most 
critical, for this reason the following measures are 
made when there are several conversations running. 

 
5.2. Re-association time measurements. 
 
5.2.1. In different Access Points. 
 

This section gives the time taken by an IP telephony 
device to reassociate to another access point. We have 

measured just a unique IP device to know the effect of 
our proposal. In figure 7 it is shown that IP telephony 
device starts to transmit in the fourth second. In the 
second 15 the device is threw of the AP. The peak 
indicates the disassociation process. The peak has a 
value of 25 KB/s approximately. Then we observe that 
there is an interval of 3 seconds where there is not data 
transmission, this is due to the re-association process. 

In the figure 8 obtained the same measurement for 
the process described in figure 7. In this case we got 
the number of packets per second. The change of AP 
implied a peak of around 300 packets per second. 
 
5.2.2. In the same Access Point. 
 

This section shows the time needed by an IP 
telephony device to reassociate to the same AP. The 
procedure is the same of the last section, but this time 
the access point lets the device to reassociate to it. 

In the figure 9 we can observe that in the 15th 
second there is a reassociation. When the reassociation 
is conducted in the same AP, there is only needed 2 
seconds to reassociate. Comparing these measurements 
with the ones given by figure 7 we see that when the 
reassociation process is conducted between different 
APs, there are more delay and more control traffic. 
Figure 10 shows the same behaviour, obtaining a peak 
of 41 packets per second. 
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Figure 5. User-balanced algorithm
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Figure 7. Bytes/s in the network. 
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Figure 8. Packets/s in the network. 
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Figure 9. Bytes/s in the network. 

0

5

10

15

20

25

30

35

40

45

0 10 20 30 40 50 60
Seconds

Pa
ck

et
s/

s

 
Figure 10. Packets/s in the network.

5.3. Bandwidth measurements.  
 
5.3.1. When the IP telephony devices are in the 
same AP. 
 

Then, we measured the traffic in a network where 
there were 7 IP telephony devices, connected to an 
AP1, talking with 7 IP telephony devices that were 
connected with AP2. In this case we connected an IP 
telephony device every 5 seconds and, when all of 
them were working, we waited 1 minute to see how the 
network performed. 

In figure 11 we observe that every 5 seconds the 
bandwidth used increases due to the connection of the 
devices. When the system converges (in the 31th 
second) we obtain an average load of 53326.4 Bytes/s. 
The average number of packages obtained in figure 12 
when the network converges is around 94.5 packets/s. 
 
5.3.2. When there are AP re-associations. 
 

This subsection shows how involves the traffic 
when there are 7 IP telephony devices calling while 
our proposed system is running. They start the call 
every 5 seconds sequentially. The 7 IP telephony 
devices are joined to an access point and they try to 
call to 7 IP telephony devices in a second access point. 
The system throws some of them as they appear in the 
network in order to balance dynamically the load. The 
system makes the IP telephony devices join the second 
access point in order to join the first one. In figure 13 
we can see that the bytes/s in the backbone is quite 
lower than the one obtained in the previous section. 

When the network has converged, there are around 
26251.7 Bytes/s.  

Figure 14 shows the number of packets per second 
while our proposed system is running. When the 
network has converged, there is an average value of 
49.3 packets per second although there are sporadic 
peaks due to IP telephony protocol issues. 

 
6. Conclusions 
 

In this paper we have proposed a new user-balanced 
system for wireless IP telephony. It is currently used in 
the Polytechnic University of Valencia WLAN. This 
system is based on collecting information on a server 
from the various IP telephony devices. With this 
information, the system is responsible for associating 
the IP phones to the APs who possess best features. 

Then we have made measurements to check the 
system operation. The measurements show that the 
system has a good behaviour. When the IP telephony 
device performs a reassociation process among APs, 
the time since the disassociation until the proper 
functioning of the application is 3 seconds. When the 
device is disassociated and becomes associated with 
the same AP only spend 2 seconds. On the other hand, 
our measurements show that there is less traffic in the 
backbone when the system is running.  

As the system is based on the devices of the 
network rather than on the IP Telephony software or 
even on the IP Telephony devices, the same results 
will be obtained in our system when an access point 
fails down. 
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Figure 11. Bytes/s in the network. 
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Figure 12. Packets/s in the network. 
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Figure 13. Bytes/s in the network. 
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Figure 14. Packets/s in the network. 

One of our future works is create a rule to calculate 
the number of IP telephony devices when this system 
is running.  

Currently we are improving the system, to be able 
to link the device according to a Wi-Fi positioning 
system such as the one developed by the same authors 
in reference [15]. On the other hand we have 
implemented the same type of handoff for regular 
devices when they cause too much load on one AP. 
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