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Abstract— We performed a simulative evaluation of Mo-
bile IPv6 via ns-2 for a scenario comprising up to three
access routers and 30 mobile nodes that communicate in
accordance with the IEEE 802.11 wireless LAN standard.
We compare basic MIPv6 to a fast handoff procedure and
analyze route optimization issues. We present results with
respect to handoff latency, packet loss, end-to-end delay, sig-
naling load, channel utilization, and bandwidth per station,
and show how various traffic types like UDP CBR, VoIP, and
TCP are affected by the handoffs. While some simulation
results corroborate the intention of the protocol specifica-
tion, other results give insights not easily gained without
performing simulations. E.g., we learned that j) the fast
handoff mechanism almost fully eliminates packet losses but
only improves handoff latency in specific cases, ii) the sig-
naling load introduced by MIPv6 does not severely affect
the performance, and i) in a shared environment like IEEE
802.11, traffic type can affect the handoff rate since in high
load situations router advertisements might get lost more
frequently thereby ‘irritating’ the handoff decision mecha-
nism. As a challenge for future simulations we have identi-
fied the design of a random mobility model that allows good
control of the handoff rate.

Keywords— Mobile IP, IPv6, handoffs, simulations, perfor-
mance evaluation, ns-2

I. INTRODUCTION

The Internet goes mobile and cellular systems are em-
bracing IP technology. This trend has stimulated work on
protocol design for IP-based mobility management during
the last few years. The IETF working group on Mobile IP
is proposing Mobile IPv4 [1] and Mobile IPv6 [2] as the
main protocols for supporting IP mobility. In order to im-
prove the ‘QoS experience’ of a mobile user who hands over
from one access router to another one as well as to reduce
signaling load on the network, a large number of exten-
sions to Mobile IP for localized mobility management and
fast/seamless handoffs have been proposed, see for exam-
ple [3], and discussed heavily on the IETF Mobile IP and
Seamoby mailing lists. Main discussion items are scalabil-
ity, handoff latency and signaling overhead of a protocol.
However, it is not an easy task to predict a protocol’s per-
formance only studying the protocol specification. For a
deeper understanding as well as for assessing more general
system aspects, simulation is the most important tool.

In this paper we present a simulation study on the ef-
fects of handoffs and on route optimization in Mobile IPv6.
Our main interest has been to assess latency and packet
losses introduced by ‘standard’ as well as ‘improved” MIPv6
handoff procedures, the effect of route optimization on end-
to-end delay, and associated signaling costs. Moreover, the
impact on channel utilization and bandwidth per station

has been studied. Clearly, simulation results depend on the
scenario used and, thus, the question of ‘what is the right
scenario’ arises immediately. A trade-off has to be made
between how general or system-specific the simulation re-
sults should be. We have chosen a basic scenario consisting
of up to three access routers and 30 mobile nodes that com-
municate in accordance with the IEEE 802.11 wireless LAN
standard. We focus not solely on MIPv6 protocol perfor-
mance but on system performance including the impact of
a shared link on the performance parameters. The scenario
can also be used to form more complex, e.g., hierarchical,
settings. As mobility pattern for the mobile node, the ran-
dom waypoint mobility model [4] is used. As data traffic
types we studied UDP CBR (constant bit rate), VoIP, and
TCP. The simulation code used for the experiments was
designed on top of Thierry Ernst’s MIPv6 [5] for ns-2 [6]
implementation.

Previous work on simulative evaluations of Mobile IPv6
exclusively dealt with the case of IPv4 networks. Perkins
and Wang [7] have used ns-1 to analyze the effects of route
optimization and buffering (‘smooth handoff’). Caneel and
Lamprecht [8] have designed ns-2 modules for Cellular IP,
HAWALII, and THEMA. The Columbia IP Micro-Mobility
Suite [9] comprises ns-2 modules for Cellular TP, HAWATI,
and Hierarchical IP. An evaluation of Cellular IP is pro-
vided by Campbell et al. in [10].

The paper is structured as follows. Section II recalls the
basics of Mobile IP. In Section IIT we describe the simu-
lation scenario in detail. The performance aspects subject
of interest are given in Section IV. Simulation results are
provided in Section V. Finally, Section VI presents some
hints for future work and the summary.

II. MoBILE IP

In this section we will briefly describe the features of
Mobile IPv6 in comparison to Mobile IPv4. For Mobile
IPv4, the reader is referred to [1]. Route optimization is
an integral part of Mobile IPv6: when a correspondent
node (CN) is aware of the current care-of address (coa) of
a mobile node, the CN can send packets directly to this
care-of address, thus, triangle routing is eliminated. Only
if the CN is not aware of a current coa, packets are first
sent to the home address of the mobile node and then tun-
neled by a home agent (HA). Since both, CN and HA,
maintain lists of coas (binding cache), a common message
format called ‘binding updates’ is used to inform CN and
HA about changes in the point of attachment. Binding up-



dates (BU) can be acknowledged by BU ACKs. In contrast
to MIPv4, all signaling is done in extension headers that
can also be piggybacked on ‘regular’ traffic. In order to
avoid the ingress-filtering problem, the mobile node uses
its coa as source address and attaches its home address in
a ‘home address option’. To acquire a coa, a mobile node
can build on IPv6 stateless and stateful auto-configuration
methods. For more details see [2].

III. SIMULATION SCENARIO

In order to study the performance of Mobile IPv6, a basic
scenario is necessary in order to analyze various aspects
separately. The studied scenario (see Figure 1) is composed
of a group of correspondent nodes, one for each mobile
node, connected to one central router (CR) through the
‘Internet’, the access routers (AR) —each one representing
a different IP subnet— connected also to the CR, and ten
mobile nodes (MN) per AR in the initial setup. The home
agent of each mobile node is located on the access router
closest to the mobile node when the simulation starts.

The distance between the access routers is 450 meters
and the transmission range 250 meters. Thus, the cov-
erage areas of the access routers overlap and the mobile
nodes always move randomly within the total coverage
area. As mobility pattern we use the random waypoint
mobility model [4]. This model has been previously used
mainly for ad hoc network simulations. With this model,
node movements are piecewise linear movements. As pa-
rameters one can set the average speed of the nodes as well
as the number of changes of directions per minute. As ex-
plained later, these parameters have to be tuned in order
to force specific handoff rates.

A 2Mbps Wireless LAN 802.11 [11] with DCF is simu-
lated in the wireless medium. The number of mobile nodes
has been chosen with the aim of working close to the satura-
tion throughput assuming sources sending about 75kbps?.

The default link delay (Id) between the CR and the ARs
is 1.8ms. The link delay between the CR and CNs is fixed
to 10.8ms for all simulations. In the simulations we have
varied the ld value to model various ‘distances’ between the
ARs and between CNs and MNs.

In this study when differentiation between the kind of
handoff (home link to foreign link, foreign to foreign link) is
needed three access routers have been simulated, otherwise
two access routers are considered.

While moving within the overlapping area, the mobile
nodes are able to send/receive data only via the access
router that corresponds to their current care of address.?

In each access router five mobile nodes receive data from
five correspondent nodes and the other five mobile nodes

IThe transmission range in the simulator is 250m and the interfer-
ence range is 550m. Therefore, when two access routers are used, 20
mobile nodes sending or receiving 75kbps via the wireless medium,
the saturation throughput for both access routers is around 1.5 Mbps
since their transmission and interference range overlap

2Technologies like TEEE802.11 allow the mobile nodes gathering in-
formation about the neighboring access routers but do not allow to
receive IP flows with different destination addresses simultaneously
from two access routers except of particular cases like having an ad-
ditional wireless interface.

IEEE-802.11

Fig. 1. Simulations scenario

send data to another five correspondent nodes. The sce-
nario has been chosen to simulate a realistic case where
a mobile node will receive packets from the shared access
router queue and where a mobile node will also compete
with other mobile nodes and with an access router to ac-
cess the channel. The correspondent nodes sending to the
mobile nodes introduce delay in the access router queue
and the mobile nodes sending to the correspondent nodes
introduce delay in the wireless link.

It is important to note the following fact that results
of using a shared access: whenever we work close to the
maximum throughput of the channel, the stations that will
experience first a reduction in their throughput will be the
ones receiving from the correspondent nodes. The reason
is that these stations receive all the packets from the same
station, the access router, sharing the access queue to the
wireless channel, while the other mobile nodes sending to
the correspondent nodes do not share their access queue to
the channel.

In our simulations different types of traffic will be simu-
lated. UDP CBR sources provide constant traffic where no
acknowledgments are required. This kind of traffic is usu-
ally generated by real-time applications. In the study we
will simulate traffic sources sending at the following rates:
40, 50 and 75kbps. In the case of 40 or 50kbps the load
in the channel is below the saturation throughput while
in the case of 75kbps the load in the channel is close to
the saturation throughput in a scenario with two access
routers.

TCP is the most widely used transport protocol. We will
simulate endless FTP sources to understand the impact of
TP mobility on congestion control mechanism of TCP.

One of the applications expected to be used with MIPv6
is VoIP. We have implemented a VoIP model based on [12].
The model assumes silence suppression and models each
voice source as an on-off Markov process. The alternat-
ing active on and silence off periods are exponentially dis-
tributed with average durations of 1.004 and 1.587 s. As
recommended by the ITU-T specification for conversational
speech [13], an average talk spurt of 38.57% and an average
silence period of 61.47% is considered. A rate of 88 kbps®

3 Assume 8KHz 8 bits/sample PCM codec was used with 20 s frame



in on periods and 0 kbps in off periods is assumed for a
voice source that generates CBR traffic.

IV. ASPECTS TO BE STUDIED

We analyze handoff performance of Mobile IPv6 with
respect to handoff latency, packet losses during handoffs,
signaling load, channel utilization and obtained bandwidth
per station. These parameters are explained in more de-
tail below. Furthermore, we investigate how a fast handoff
mechanism improves above mentioned measurements. We
have implemented a fast handoff procedure inspired by [3].
We use stateless address auto-configuration and send the
BU (to HA in the case of a home link to foreign link hand-
off and to HA, previous AR and CN in the case of a foreign
to foreign link handoff) with the newly formed care of ad-
dress via the old access router instead of via the new one.
By doing this, redirection of the traffic to the MN will be
processed directly at the receiving access router. The MN
then switches to the new access router and waits for the
redirected packets to come.

In addition, we study route optimization, which is em-
bedded in MIPv6 while it is only an extension in MIPv4.
The avoidance of triangle routing by route optimization is
a clear advantage of using route optimization with respect
to end-to-end delay. However, the increase in the signaling
load produced by route optimization as well as the increase
in the performance only of some parameters under specific
circumstances let the question arise whether the price in
signaling load is worth to pay.

In the following we define the parameters investigated in
the simulations:

Handoff Latency

Handoff latency is defined for a receiving MN as the time
that elapses between the last packet received via the old
route and the arrival of the first packet along the new route
after a handoff. Latency is an important parameter for
delay sensitive applications like VoIP that could suffer from
a period with a higher rate of packet drops due to a long
latency time. This packet drop period would result in a
noticeable disruption in the voice transmission. We study
handoff latency for various values of link delays Id as well
as for home link to foreign link (HL-FL) and foreign to
foreign link (FL-FL) handoffs. A differentiation between
the latency due to a handoff between the home link and
a foreign link and the handoff between two foreign links is
needed. When performing a handoff between the home link
and the foreign link the mobile node does not send a BU
to the CN since in our implementation the entry in the BU
list for it will be introduced when an encapsulated packet is
received. The first packet received from a CN to a mobile
node after a home link to foreign link handoff will produce
a latency proportional to the round-trip time necessary by
a BU to arrive from the foreign link to the home link. The
foreign link to foreign link handoff case differs in that the

per packet. With 12 byte RTP header, 8 byte UDP header and 40 byte
IP header, the size of each voice packet is 220 bytes. The bandwidth
required will be (220 x 8)/20=88kbps

latency is proportional to the minimum time required by
a BU to arrive either at the previous access router, HA or
the CN.

Packet Loss

Packet loss is defined for a receiving MN as the num-
ber of packets lost during the handoff. While usually one
assumes that packet losses are directly proportional to la-
tency, it will be made clear that this is generally not true,
particularly not for the fast handoff procedure. We study
handoff latency for various values of link delays Id as well
as for home link to foreign link and foreign to foreign link
handoffs.

Signaling Load

We study the signaling load due to sending of BUs and
BACKs. The number of BUs and BACKSs sent will be
the same for MIPv6 and the fast handoff procedure and
different for MIPv6 with/without route optimization. We
study the signaling load for various handoff rates (number
of handoffs per minute).

Channel Utilization

We measure the channel utilization in order to see the
effects of mobility, i.e., the handoff signaling, on the overall
throughput. We study the impact of mobility on channel
utilization for different traffic source types under increasing
mobility of the mobile nodes.

Bandwidth per Station

We study the probability to obtain the required band-
width and the corresponding expected variance for an in-
creasing number of handoffs, various traffic types, and by
using/not using route optimization or the fast handoff pro-
cedure.

End-to-End Delay

To assess the effect of route optimization, we measure the
end-to-end delay between CNs and MNs for MIPv6 with
and without route optimization.

V. PERFORMANCE EVALUATION AND DISCUSSION OF
RESULTS

Based on the general scenario outlined in Section IIT we
build two sub-scenarios, one for measuring aspects from
a single node’s perspective and another one for measure-
ments concerning the overall system.

Sub-Scenario 1 (§51): The MN for which measurements
are taken follows a deterministic path through the cover-
age area while all other nodes follow the random waypoint
mobility model.

Sub-Scenario 2 (552): All MNs follow the random way-
point mobility model.

Both sub-scenarios, SS1 and SS2, might be used with
either 2 or 3 ARs and 20 or 30 MNs, respectively.

Three access routers are only simulated when differenti-
ation between the type of handoff is needed otherwise two
access routers are simulated for computing time reasons.



The mobile nodes move according to our modified ns-
2 random way-point model. The ns-2 random way-point
model has been modified in two ways: i) the mobile nodes
do not perform a change of direction and speed all at the
same time after a fixed amount of seconds but according
to a uniform random value distributed between 1 to 60
seconds, i) this value is not the same during the whole
simulation but recomputed for each change of direction and
speed. This modification has been introduced in order to
de-correlate the changes of direction and speed between
the mobile nodes. When no other value is indicated all
the simulations have been performed with a speed limit of
5m/s.

All simulations have a duration of 125 seconds with a 5
seconds warm-up phase and the option of sending a BU to
the previous access router is always set.

Averages in the following graphs represent the average of
100 simulations. In the case of bandwidth histogram per
mobile node graphs, they have been obtained after per-
forming 1000 simulations.

A. Basic MIPv6
A.1 Latency

For handoff latency evaluation we have chosen sub-
scenario SS1. The single MN following a deterministic path
performs a handoff from home link to a foreign link and
from a foreign link to another foreign link. In total, we
employ 3 ARs and 30 MNs. Moreover, the data traffic in
this simulation has to be continuous in order to obtain the
whole latency time. The data rate of the UDP CBR sources
has been chosen taking in account the interference range
of 550m. The access router in the center interferes and is
interfered by two access routers. Thus, to obtain a signifi-
cant traffic load value but below the saturation throughput
we have chosen a data rate of 40kbps.

In Figures 2 and 3 the instantaneous bandwidth for two
different link delay values (1.8ms and 1000.8ms) between
the ARs and the CR are represented comparing the re-
sults for the above mentioned scenario with the one for a
static ‘mobile node’. The integration time to compute the
instantaneous bandwidth was set to 200ms. Note that a
smaller integration time would increase the ‘variance’ of the
measurements while a larger value would make the curve
smooth such that details (like the spike in Figure 2) would
not be seen anymore.

When the transmission time of a BU between the MN via
the new AR to HA and/or CN has a lower value than the
inter-arrival packet time, the latency is nearly not percepti-
ble as it can be seen in Figure 2. On the other hand, when
the transmission time is above the inter-arrival packet time
then the gap is noticeable (see Figure 3). The first latency
is produced due to a home to foreign link handoff and the
second one due to a foreign to foreign link handoff. The
difference between the instantaneous bandwidth received
while the mobile node moves in the home link and the one
after performing a handoff is due to an encapsulated packet
or the routing header.
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Fig. 3. UDP CBR latency,1000.8ms link delay

In Figure 4 we can observe the variation of the latency
depending on the link delay between the AR and the router
for both kinds of handoffs.

From the graph we can deduct for our scenario that the
HL-FL handoff will always result in a higher or similar la-
tency value compared to the FL-FL case. This is because
in the case of a HL-FL handoff the mobile node will only
send a BU to the HA and not to the CN. This will result
in a higher latency time than in the case of FL-FL be-
cause from MN’s perspective at the foreign AR, the HA is
a ’link delay’ farther away than the CN. The consequence
is clear observing the last points in Figure 4. What we
can observe from the graph as well is that the latency time
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remains almost constant until the link delay reaches the
value of 10ms. This means that the wireless delay is much
bigger compared to the wired one until this point, so any
improvement that we could do to decrease the wired delay
will nearly not affect in scenarios where the wired delay is
below this value.

A.2 Packet loss

When we consider the experiment for handoff latency
evaluation (Section V-A.1), what will be the corresponding
packet loss? With the 40kbps UDP CBR traffic, a packet
is sent every 200ms. Figure 5 presents the number of pack-
ets lost because of the handoffs. The result shows that
for a link delay value below 100ms we can expect an aver-
age number of packet losses per handoff below or around 1
mainly depending on the difficulty in accessing the wireless
medium. For higher link delay values the packet losses in-
crease significantly due to the increase in latency. We see
that there are nearly no differences with respect to packet
losses for the HL-FL and FL-FL handoff cases despite the
differences in latency. In both cases, the packet losses are
proportional to 2 -Id. This becomes clear when one notes
that an amount of packets proportional to one link delay is
lost while the new BU travels from the new AR to the CR.
When it arrives there, there is another amount of packet
proportional to the link delay on the link between CR, and
old AR. All these packets will be lost as well.
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A.3 Channel utilization

For the analysis of channel utilization we use sub-
scenario SS2 with 2 ARs and 20 MNs. We study the impact
of the number of handoffs on channel utilization with dif-
ferent traffic sources and under saturation or no saturation
conditions of the wireless channel. UDP CBR sources are
studied in order to determine the impact of handoffs over
a continuous data flow with no required acknowledgment.
The behavior of bursty sources under an increasing num-
ber of handoffs is examined. Endless TCP FTP sources
are simulated to investigate the result of handoffs over the
congestion control mechanism. UDP CBR sources sending
at a rate of 75kbps and endless TCP FTP sources represent
the saturation case. The no saturation case is represented
by the 50kbps UDP CBR and VoIP bursty sources.
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Fig. 6. Channel utilization

In order to vary the average number of handoffs per
minute we vary the maximum speed of the nodes. A dis-
cussion on the relation between maximum speed and av-
erage number of handoffs for the various traffic types is
presented below. In Figure 6 we observe that channel uti-
lization is almost not affected by an increasing number of
handoffs in the case where the traffic load of the channel
is below the saturation throughput. On the other hand, in
the saturation case the impact of the handoffs on the ex-
perienced throughput is quite significant since from an ex-
pected overall throughput of 1500kbps, for the case of UDP
CBR 75kbps, we experience a maximum around 1400kbps.
Thus, the increase in mobility and signaling on top of an
already saturated channel leads to significant performance
penalties.

Endless TCP FTP sources always have a packet to trans-
mit. For a small number of handoffs per minute the con-
gestion control suffers the well-known problem of TCP not
being adapted to the wireless medium and achieves a chan-
nel utilization quite below the saturation throughput. On
the other hand, when the number of handoffs increases,
TCP increases the achieved bandwidth as well. Probably
TCP takes advantage of the higher leftover bandwidth due
to the increase of mobile nodes having latency time reduc-
ing the impact of the number of handoffs over the channel
utilization thanks to the congestion control that adapts the
rate to the channel conditions.

To better understand the above mentioned results, we
have to show the dependencies between maximal speed of
the nodes and the handoff rate for the various traffic types.
Figure 7 shows the relationship between the speed limit and
the average number of handoffs per minute per simulation
and considering different traffic sources. We can observe
that the number of handoffs per minute increases according
to an increase in the speed limit as expected.

The average number of handoffs per minute per simula-
tion changes depending on the traffic considered. A priori
we would expect minor differences but in Figure 8 we can
see that the differences are not negligible. The reason for
this difference is that loss probabilities of a router adver-
tisement (RAds) depend on the simulated traffic and rate.
When a mobile node enters into the overlapping coverage
area of two access routers, in some point of time it re-
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ceives a router advertisement from the new access router.
The mobile nodes maintain an AR list with the ARs from
which they received router advertisements. When a mobile
node enters or stays in an overlapping coverage area if it
receives a router advertisement from an access router that
it is not in the access router list the mobile node starts the
process to attach to the new access router. If the router
advertisement received is from an access router that is al-
ready in the access router list then the lifetime entry for
this access router is refreshed in the access router list. In
this way a handoff per each received router advertisement
from a different access router while the mobile node moves
within an overlapping coverage area is avoided. The prob-
lem arises when due to congestion in the wireless channel
some router advertisements are dropped. In this case the
loss of some router advertisements could lead to the situa-
tion of unnecessary handoffs due to the lack of refreshment
of the access router list. Figure 9 shows that a higher data
rate or bursty traffic produces a higher average number of
dropped router advertisements.

A .4 Bandwidth per station

The previous section has shown the handoff impact on
the channel utilization. In this section we study the handoff
impact over the achieved bandwidth per station which is
the impact that the user perceives. Using the same scenario
as in V-A.3 we have performed an experiment computing
the bandwidth achieved per station. The result of 1000
simulations are represented in Figures 10 and 11. The kind
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of representation chosen has been an histogram in order
to obtain an idea of the probability to obtain the desired
bandwidth. The right part of each histogram corresponds
to a higher number of handoffs compared to the left part.
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In Figures 10 and 11 we can observe that UDP CBR
75 kbps, TCP/FTP and VoIP sources result in a wider
histogram than UDP CBR 50kbps sources and therefore,
a more variable service. UDP CBR 75 kbps and VoIP
sources have a wider histogram due to their higher proba-
bility to suffer collisions. This higher probability to suffer
collisions in the case of UDP CBR 75kbps sources is due to
a global data rate close to the saturation throughput and
for the VoIP sources due to the produced bursty traffic.



TCP/FTP sources present a wider histogram due to the
rate adaptation to the channel conditions.

A.5 Signaling load

An increasing number of handoffs produces a higher sig-
naling load. Considering the same scenario as in section V-
A.3 the experiment shows the slope of this increment and
the relevance of the signaling load compared to the chan-
nel capacity. In Figure 12 we have plotted the amount of
signaling data sent over the air. The points in the graph
represent the total signaling load in the wireless channel
during the simulation. The computed signaling are binding
updates and binding acknowledgments. As we can see in
the figure, the signaling load over the air for our scenario is
lower than 10kbps for UDP CBR and bursty sources. The
TCP FTP case shows a signaling load below 20kbps. The
signaling load is higher due to the TCP acknowledgments.
Thus, mobile nodes sending to the CNs now receive also
TCP acks and therefore these mobile nodes have to send
BU/BACKs as well while in the case of UDP traffic this
is not necessary. However, even for a high mobility of the
mobile nodes and a large number of stations the signaling
load due to binding updates and acknowledgments remains
below 1% of the channel capacity in the worst case.
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B. Route optimization

An important feature of Mobile IPv6 is route optimiza-
tion. We analyze the possible pros and cons of using route
optimization by comparing measurements for the case of
no route optimization with the basic MIPv6 case.

B.1 Latency

When we perform the experiments of Section V-A.1 now
without route optimization, how will handoff latency be
affected?

The results for the scenario used in V-A.1 but without
route optimization is given in Figure 13. First of all, for
the HL-FL handoff there will be no difference since even in
the case of route optimization the MN does not maintain a
BU list for CNs while at home. However, we can observe a
difference in the Figures 3 and 13 that is due to the fact that
in a home to foreign link handoff, with route optimization,
there is a period of time where the MN receives the packets
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‘on the fly’ already sent to the HA and the new ones sent by
the CN directly. When the delay between the CN and the
HA is small this effect is not noticeable (Figure 2). On the
other hand, for the FL-FL link handoff we have in both the
same effect of receiving packets from two entities during a
short period of time. This is because even in the case of not
using route optimization the mobile node performing this
kind of handoff sends a BU to the previous access router
since previous access router forwarding is allowed.

Latency times for route and no route optimization for
various link delay values Id are presented in Figure 14. For
values of Id below 10ms there is no significant difference be-
tween route optimization and no route optimization. How-
ever, for larger values of ld route optimization outperforms
no route optimization in the FL-FL case. With route op-
timization, the latency is proportional to the minimum
round-trip time between the mobile node and its home
agent or its previous access router or its correspondent
node while without route optimization it is proportional
to the round-trip time between the mobile node and its
home agent.

Our simulations on packet losses directly correspond to
the HL-FL packet losses investigation of section V-A.2, so
we do not include the results here.
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Fig. 14. UDP CBR latency

B.2 End-to-end delay

The main purpose of route optimization is to reduce end-
to-end delay by avoiding triangle routing. With a SS2 sce-



nario with 2 ARs and 20 MNs we measured the end-to-end
delay between CN and MN for MNs that are attached to
a foreign link and analyze the effect of route optimization.
The results for various link delays ld are presented in Fig-
ure 15.

In the case of no route optimization, the end-to-end de-
lay is composed of the wireless delay plus the delay from
the CN to the HA and from the HA to the current AR.
In the graph we can observe that for delay values under
10ms there is no difference between route and no route op-
timization since the wireless delay is the dominating factor.
When the wired delay is much bigger compared to the wire-
less one, we have a direct relation between the link delay
and the end-to-end delay of three times the link delay for
the case of no route optimization and one link delay for the
case of route optimization.
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Fig. 15. RO Impact over the end-to-end delay

B.3 Bandwidth per station

The usage of route optimization introduces a small im-
provement in channel utilization terms especially in satura-
tion conditions as we have seen in the previous section. In
Figure 16 the enhancement can be observed with the fact
that both histograms have the same shape but the no route
optimization one is displaced to lower values of bandwidth
and therefore in average a user using route optimization
will experience a higher bandwidth. Again, the histogram
was obtained from 1000 simulations with a SS2 scenario
with 2 ARs and 20 MNs.
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Fig. 16. Bandwidth per station histogram

B.4 Signaling load

For the case of signaling load we can observe in Figure 17
that usually there is a higher signaling load for the case of
route optimization, as expected. The measurements were
taken from simulations with a SS2 scenario with 2 ARs and
20 MNs. However, the differences are not so significant.
As a side note we like to point out that access efficiency
will suffer when the number of signaling messages per data
packet is increased unless piggybacking is used.
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Fig. 17. UDP CBR Signaling load

C. Fast Handoff procedure

In this section we will evaluate the fast handoff procedure
explained in section IV by comparing it with basic MIPv6.

C.1 Latency

In Figure 18 we compare the latency obtained via the fast
handoff procedure(FHO) with the one obtained with basic
MIPv6 as explained in V-A.1 The result shows some ad-
vantage of using the fast handoff procedure. In the extreme
case of one second of link delay we save around two seconds
of latency for the HL-FL handoff. When the value of the
link delay increases, the importance of saving in the HL-FL
case two link delay in the round-trip time of the binding
update to the previous access router increases, t0o.

When we compare Figure 19 with 3 relative to the in-
stantaneous bandwidth we can observe the smaller latency
time.

C.2 Packet loss

With the fast handoff procedure, latency and packet
losses are fully ‘separated’. Since packet redirection takes
place when a BU sent by the MN reaches the MNs cur-
rent AR, there is almost no time to loose a packet (see
Figure 20).

In this way two wired ‘link delays’ are saved in order
to keep up to date either the HA or the previous access
router with the corresponding saving in packet losses due
to a forward to an outdated care of address. When the
wired delay increases, the packet losses decrease because
the transmission time necessary for a data packet to arrive
to the new access router is bigger and when the packets
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arrive the mobile node has had more time to complete the
handoff process.

C.3 Bandwidth per station

The introduction of the fast handoff procedure in basic
MIPv6 reduces the variance of the bandwidth achieved per
station. Figure 21 shows a narrower bandwidth per station
histogram compared to basic MIPv6 this results in a higher
degree of confidence in the expected service.

VI. SUMMARY AND FUTURE WORK

In this paper we presented an evaluation of the perfor-
mance of Mobile IPv6 in a WLAN-based cellular network
by means of simulation with ns-2. The employed simu-
lation scenario corresponds to the ‘real world’ case where
IEEE 802.11 access points are attached to various existing
IP subnets in a way that the WLAN cells overlap but the
various IP subnets might not be close to each other with
respect to ‘number of hops’. These distances have been
modeled as a single ‘link delay’ whose value is varied for
this study.

Main focus was on the evaluation of the handoff perfor-
mance of basic Mobile IPv6 in comparison with a fast hand-
off mechanism as well as investigating route optimization.
In particular, we showed that the fast handoff mechanism
clearly eliminates packet losses. In addition, we checked
other QoS-relevant parameters of the system (e.g. band-
width per station) and how they were affected by mobility.
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In addition to the quantitative results provided, the sim-
ulations taught us following insights: i) differences with
respect to latency between HL-FL and FL-FL handoff can
occur, #) handoff latency and packet losses might not be
directly related to each other, in particular i) the fast
handoff mechanism eliminates packet loss but does not im-
prove latency for the FL-FL handoff case, iv) traffic type
can have impact on handoff rate due to shared access, and
v) signaling load even with route optimization only con-
tributes a marginal part to the overall rate.

For future work, the study showed the need for a better
(e.g. analytical) understanding of a mobility model’s pa-
rameter’s relation with the resulting handoff rate. Further-
more, the fast handoff procedure can clearly be improved
by packet bicasting and an enhanced handoff decision algo-
rithm: for example, the MN can estimate the point in time
when the first packet will arrive at the new AR and —when
permitted by the MN’s position— stay with its current AR
until this point in time.
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