
I. INTRODUCTION  
Over the last few years, wireless mesh networks that 

provide WiFi services over large areas, including entire 
municipalities have been successfully deployed. Many vendors 
have proposed products and solutions to provide wireless 
broadband connectivity over extended areas. 
[4][16][17][18][21] 

The mesh network is composed of three basic elements: an 
802.11 WiFi client, such as a laptop or VoIP phone, for the end 
user to connect to the network; an access point (AP) for the 
client to attach to; and some mesh routers form the backhaul of 
the mesh network (see Figure 1) 
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Figure 1. Metropolitan Wireless Mesh Network 
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Metropolitan wireless mesh networks are seen as a potential 
disruption to cellular operators, by providing VoIP services to 
mobile handsets ubiquitously in a wide city-area. As such the 
performance of VoIP connections is critical to the commercial 
success of these mesh networks. 

Despite all the movement and enthusiasm created by the 
deployment of these networks, they are still to be proven 
commercially successful. Moreover, in regards of the 
feasibility of using them as an alternative for voice services is 
very doubtful with the current deployment node density. 
Current rule of thumb for metropolitan wireless mesh network 
deployments state that an average of 30 access points is 
required to cover a square mile (2.56 square kilometers). Thus, 
if all access points cover a circle of equal size, and are placed 
in the plane according to the triangular paving (hexagonal cell 
coverage) then each coverage disk is about 166 meters apart. 
Research in [2][20] show that this current rule of thumb is not 
adequate and is unable to provide signal coverage, and that it is 
possibly a consequence of the 100,00USD common cost per 
mile budget. 

In order to provide VoIP services, the WiFi signal must 
have a signal to noise ratio above 18dB and preferably above 
25dB. Otherwise, the link quality is not good for VoIP services 
due to the increase in packet loss. In order to provide such 



started the call outdoors and moved indoors, or if it started the 
call in the wireless mesh network and moved to an area without 
enough coverage. With Mobile IP, the VoIP call can be 
transferred to one of the newly available networks and thus 
enable VoIP continuity. If there is a known Home Agent in the 
Internet and the VoIP handset has a configured Mobile IP 
client, the Mobile IP procedure in a VoIP call would be as 
follows: (1) Clients register to a VoIP server via the Internet 
using their home IP addresses (IP A & IP B); (2) Clients can 
call each other using the Internet; (3) The mobile Client moves 
from one wireless network to another and gets a new IP 
address A* (e.g. WiFi to 3G); (4) The mobile client informs the 
Home Agent that he has been assigned new IP address A*; (5) 
The Home Agent traps the packets sent to IP A and forwards 
them to IP address A* instead. It must be noted that the Mobile 
IP solution has a drawback. Since all traffic is forwarded via 
the Home Agent, the location of the Home Agent can cause 
additional delays since the route in which traffic traverses the 
Internet might not be optimal. 

A limitation of WiFi networks is that even when they are 
sometimes free, they usually require a log in procedure. In 
order for the above use case to work seamlessly, access to WiFi 
networks should be as easy as possible, without user 
authentication, or by requiring authentication as seldom as 
possible. The Google network in Mountain View for example 
requires login only once every two weeks if cookies are 
enabled [10]. If the user is required to login every time he 
moves within the coverage area and tries to access the Internet, 
mobility will not be seamless and the calls will still be dropped. 
For this reason, we have omitted the use of hot spots from this 
use case as well, since almost all hotspots require logging in 
every single time. This issue is also a problem with the UMA 
solution. 

IV. METHODOLOGY AND TEST ENVIRONMENT 
The test methodology consisted of mobility tests during 

VoIP calls carried out using a commercial 3G network in 
Finland and a local WiFi link connected to the Internet.  

To enable interworking across networks, we purchased a 
Mobile IP client from Birdstep [5]. The client is easily 
configured and allows prioritization of different networks to 
which the client can roam. For the tests, we used the Home 
Agent service provided also by Birdstep, which is located in 
Scandinavia. 

The VoIP client was the default VoIP client preinstalled in 
the Nokia N Series and E Series devices. The moving terminal 
used was a Nokia N80ie. Although we would have liked to 
carry out the tests using high speed 3G (HSDPA), there was no 
commercial handheld Mobile IP client for that device (Nokia 
N95). Therefore our tests show mobility between ordinary 3G 
(WCDMA) at 384/384kbps and WiFi. The static terminal was 
a Nokia N95 also using the preinstalled VoIP client. Packet 
traces were taken from the static end (N95) and later analyzed 
with Wireshark software [22]. 

The VoIP server was provided by Gizmo VoIP [8][9]. 
Gizmo VoIP is a service that when registered, it provides a file 
that configures the Nokia VoIP client to the correct settings to 
use the Gizmo VoIP service. Gizmo VoIP provides free calls 

between Gizmo VoIP clients and cheap per minute prices to 
fixed and mobile numbers. Gizmo is based on open standards 
and the server location is in the United States. [8] 

The access point was a Belkin WiFi AP (802.11b/g). To get 
the best possible mobility performance, we locked the 
transmission rate in the access point to only high modulations 
(24Mbps or above). In addition we configured the Mobile IP 
client in such a way that it attempts to roam to WiFi whenever 
the signal strength is high.  

To determine the exact audio break in the application layer, 
we generated an audio stream on the mobile side and recorded 
the received audio on the static side. By doing so, we can 
evaluate what is the effect in the perceived user experience 
during mobility and the approximate break in the audio. 
Further, since VoIP clients and some codecs utilize techniques 
to conceal packet loss, we used three different audio sources. 
The first source was a continuous dial tone, the second, a 
number count, and the third, a text from a newspaper. Figure 3 
shows the test environment and methodology. 

 
Figure 3. Mobile IP Test Environment and Methodology 

 

A limitation of our study is obviously that, since we used 
commercial networks and equipment, we were unable to take 
packet traces from some of the main elements, such as the 
Home Agent. Traces from the Home Agent would clarify what 
is the exact behavior in the Mobile IP implementation, and in 
particular it would show exactly was is the data outage when 
changing from one network to the other. Also, the Home Agent 
might have mechanisms which we are unaware of, for 
example, it could send duplicate packets over both links to 
improve the mobility performance. Regardless of these 
limitations, the conclusions in our study still hold valid and 
provide an insight of the actual performance in the field. 

V. ANALYSIS AND RESULTS 
The packet traces from the static end reveal that the change 

from one network to another disrupts the packet flow. When 
the mobile end remains on the same network, the signaling 
flow in the static end is continuous and very stable. The 
message flow intervals between UDP packets are roughly 25ms 
and 5ms. This interval continues until the mobile end begins a 
handover to a different network. During mobility, the message 
flow shows a period in which messages have an increased 
delay between packets. This period lasted in average 325ms 
when moving from WiFi to 3G, and 140ms when moving from 



3G to WiFi. After this period of time, the continuous and 
steady message flows with intervals of 25ms and 5ms come 
back to normal and remain that way until intersystem mobility 
starts over.  

Unfortunately, it is hard to know which messages were 
originated by each access since the Home Agent conceals the 
mobile end IP address to the static end. To the static end, all 
messages appear to originate form the same IP address. 
However, what these traces reveal though, is that mobility is 
quite fast and in the order of a few hundred milliseconds. 
Likewise, the increased period of uncoordinated messages and 
increased delay on the WiFi to 3G direction is quite natural. 
Since 3G has a higher wireless delay (~200ms round trip time), 
it will take longer to execute the required signaling with the 
Home Agent during mobility. 

The second part of measurements results show the 
approximate audio break during mobility (see Figure 4 and 
Figure 5). The results also confirm that mobility from WiFi to 
3G results in a longer break (~600-700ms) than mobility from 
3G to WiFi (~100ms). What is most notable in the results is 
that the audio break in the application level is in fact at a very 
reasonable level. The audio break reveals that for the perceived 
end user experience, one to two words are lost when roaming 
to WiFi form 3G, and three to four words are lost when moving 
from WiFi to 3G. These results are similar to the simulations in 
[7]. In their algorithm for the simulation, a wireless link with 
20ms delay (e.g. WiFi) would result in ~100 to 150ms 
disruption time depending on the handoff mechanism. 
Likewise, a wireless link with of 200 ms (e.g. 3G) would result 
in 600-800ms. This algorithm is remarkably close to our 
measurements. On the other hand, our results differ from the 
seamless mobility in the measurements provided by [11]. 
Likewise, such measurements did not use actual VoIP audio. 
The measurements in [11] also showed some tests with breaks 
of 2.5 seconds when radio resources were not available and a 
cell state change in the cellular system was triggered. In our 
measurements, the cell state change does not play a role in the 
audio break, since the handset connects and sends packets over 
the 3G wireless link before it attempts to switch from WiFi. 
Therefore, by the time the intersystem handover is executed, 
the packet data connection with the 3G service is already active 
and in the CELL_DCH state. 

 

 
Figure 4. Mobility Test Example 1(Dial Tone) 

(1) WiFi to 3G & (2) 3G to WiFi 
 

 
Figure 5. Mobility Test Example 2 (Dial Tone) 

(1) WiFi to 3G & (2) 3G to WiFi 

Even though the audio break is considerably higher than 
typical GSM inter-BSC handovers (120-220ms) [1], they are 
still similar to those encountered in WiFi deployments when 
WPA encryption is used (700ms-1000ms). We assume that if 
full scale enterprise VoIP over WiFi services using WPA 
encryption have been deployed, and in which employees are 
able to get used to such breaks during mobility, under a right 
business model, end users could cope with the breaks resulting 
from WiFi to 3G mobility as well. Table 1 summarizes our test 
results. 

Table 1. Mobile IP Tests Summary 

Handover Audio 
Break 

Perceived 
End User 

Experience 

Abnormal 
Message 

Flow 

WiFi-to-3G ~600-700ms Several 
words lost 325ms 

3G-to-WiFi ~100ms 1-2 words 
lost 150ms 

 

Furthermore, if we model evolved 3G wireless radio links 
(HSDPA, HSUPA, and HSPA+) with the algorithm in [7], we 
notice that the performance can improve considerably (see 
Table 2). Likewise, these wireless access technologies can 
provide much better VoIP quality than ordinary 3G due to the 
lower round trip time. We assume the algorithm for the 
estimations to be representative due to its close results to our 
measurements. 

Table 2. Mobile IP Audio Break Estimations based on [7] 
Algorithm for Future 3GPP Releases 

Handover Wireless Link Delay Audio Break 

WiFi-to-HSDPA 85ms (HSDPA) ~275-450ms 

WiFi-to-HSUPA 65ms (HSUPA) ~225-350ms 

WiFi-to-HSPA+ 45ms (HSPA+) ~175-275ms 

 

In outdoor scenarios, it is important to emphasize that if the 
VoIP service and access to the metropolitan wireless mesh 
network is not considerably cheaper than cellular, end users are 
likely to prefer traditional cellular voice services due to its 
better quality. We also believe that VoIP in wireless mesh 
networks is not a replacement for cellular connectivity, 
especially due to the lack of wireless mesh coverage [2][20] 
Instead, VoIP is an alternative solution that by using Mobile IP, 
it can be available in most places where users are likely to start 
a conversation (home, office, main streets) via one of the 
different wireless access networks. Likewise, VoIP quality 
over cellular networks is still far from optimal. This is mostly 
due to the large wireless link delay when compared with WiFi. 
WiFi deployments usually have round trip times between 5 and 
25ms depending on the signal conditions [2]. Contrastingly, 
cellular networks have roughly 200ms for Release 99 
(WCDMA), 85ms for Release 5 (HSDPA) and 65ms for 
Release 6 (HSUPA). The wireless link delay is not the only 
source of delay, in addition encoding / processing delay 
accounts for roughly 200ms and the jitter buffer 



implementation for more than a 100ms. While these client 
dependent delays are lower when using laptops, the main use 
case for VoIP services is with handsets, not laptops. 

This means that for example, 3G cellular coverage can 
provide mobility and avoid dropping calls whenever WiFi 
coverage is not available. However, the quality of VoIP over 
current cellular network is considerably lower than over WiFi. 
Therefore, using WiFi for VoIP should be preferred from VoIP 
over cellular due to its lower delay. As 3G networks are 
upgraded to later releases (HSDPA, HSUPA, HSPA+), the 
performance gap will be reduced and quality for VoIP in 3G 
should no longer be an issue.  

For the above reasons, the main motivation for using VoIP 
instead of traditional voice services is still mainly price 
oriented. Therefore, the price must be considerably lower than 
ordinary cellular voice calls (e.g. Skype or Gizmo) in order to 
encourage users to use this kind of solutions over ordinary 
cellular voice.  

Another benefit of using Mobile IP is that the user’s VoIP 
identity is always reachable. Also, some other scenarios exist in 
which Mobile IP brings further improvements. For example, in 
Finland public transportation buses provide in-bus WiFi 
connectivity and use FLASH-OFDM technology as backhaul. 
FLASH-OFDM is a particular wireless technology with very 
low delay (around 30-50ms) and can carry VoIP services with 
good performance. In cases like this, users can benefit of the 
additional WiFi coverage also on mobility scenarios. 

VI. CONCLUSIONS 
Multiple measurements were carried out to evaluate the 

performance and feasibility of using Mobile IP as an enabling 
technology for VoIP services in wireless mesh networks.  The 
measurements show that in overall VoIP continuity is achieved 
at a reasonable level with Mobile IP. However, the application 
audio break is not seamless in both directions. In addition, the 
VoIP quality over cellular is still far from optimal. However, if 
the price for the service and wireless access is considerably 
cheaper than cellular voice, it will be possible to encourage 
users to use the service despite the performance limitations. As 
3G networks are upgraded to later releases (HSDPA, HSUPA, 
HSPA+), the performance gap will be reduced and quality for 
VoIP in 3G should no longer be an issue. In regards to home 
scenarios, VoIP over WiFi already works, but Mobile IP will 
improve it by enabling VoIP continuity from the home 
environment to outdoor networks such as wireless mesh or 
cellular. 

In what regards to client installation and provisioning, the 
easy setup, installation and configuration of services such as 
Birdstep Mobile IP and Gizmo VoIP, make Mobile IP an 
interesting possibility to improve performance in metropolitan 
wireless mesh networks. 

Future work, includes a performance evaluation with own 
network elements, as well as packet traces from the Home 
Agent to uncover the missing pieces from the research in this 
paper. In addition, since 3G networks are unable to provide 

high quality VoIP, we will extend the measurements for 
mobility between HSDPA (or HSUPA) and WiFi once a 
Mobile IP client for a handset device with VoIP is available 
and characterize the performance improvement. 
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