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Abstract. This paper proposes a location-based service for disseminat-
ing geo-localised information generated by and aimed at mobile users.
The service itself works in a self-organising manner. A piece of hovering
information is attached to a geographical point, called the anchor loca-
tion, and to its vicinity area, called the anchor area. It is responsible for
keeping itself alive, available and accessible to other devices within its an-
chor area. Hovering information uses mechanisms such as active hopping,
replication and dissemination among mobile nodes to satisfy the above
requirements. It does not rely on any central server. Previous results in-
volving a single piece of hovering information have shown the interest
of the concept. This paper reports on a series of simulations involving
multiple pieces of hovering information. Our goal is to investigate the
scalability of the technique up to 200 pieces in a small geographic area.
Two main replication algorithms for pieces of hovering information are
compared, an Attraction Point algorithm and a Broadcast-based one.
These replication algorithms are combined with two different caching
policies, Location-based and Generation-based, for discarding hovering
information pieces from mobile nodes buffer when memory is not enough.

1 Introduction

The last two decades were marked by a rapid evolution of computer and com-
munication related technologies available to the end-users. From the 300MHz
processors available in the late 80s, today we are above 4GHz, and from 56 Kbps
networks (modems), we have today home networks of more than 20Mbps. In a
similar way mobile storage capacities available to end-users have gone up from
1MB diskettes to 8GB memory sticks. The average end user today has more
wireless network, processing power and storage capacity available to a mobile
device, like PDA or smart-phone, than the semi-professional user of the late 80s.
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It is thus safe to assume that at the end of the 2010s the average user will have
a mobile device with more than 4GHz processing power, 100Mbps wireless net-
work connectivity and more than 1TB of local storage capacity, all supported by
powerful power supply, allowing him to have a continuous high bandwidth net-
work connection for periods longer than 24 hours. We can thus also anticipate
that the mobile available storage capacity of the end-users will be an impor-
tant percentage of the fixed storage capacity on the planet. Furthermore we can
expect that, mobile devices like phones and PDAs will be equipped with high
quality geo-localisation hardware (like GPS and Galileo chips).

Besides these technological advances, we have witnessed during the last few
years a new direction taken by the end-users in the creation of information. With
the available communication means, end-users are changing their behaviour from
information consumers to information producers. More and more information
created by end-users is becoming available on the internet, as it is observed by
the big success of sites like YouTube and FaceBook. We can thus anticipate that
for the next decade end-users will keep on producing even more content, making
it available to other users in different forms and under different means.

Considering the above predictions for the next decade, we can sketch a daily
scenario for the average user of the late 2010s. The user is equipped with a mobile
device through which he accesses location related information that was created
by him, friends, or even strangers. All this information is stored primarily into his
mobile device and may become available to other users without passing by a mo-
bile operator or a centralized server, instead setting up a mobile ad hoc network
and taking advantage of the vast amounts of mobile storage capacities available.
In this direction, we have defined the concept of Hovering Information, which
provides a promising solution by creating the basis and models for large-scale,
location related information management. Instead of accessing location-based in-
formation via a wireless network operator, the Hovering Information concept will
allow mobile devices to disseminate the information among them, thus relieving
the load of the wireless networks. Applications such as stigmergy-based systems,
traffic management over vehicle networks or mounting distributed information
systems on disaster areas could be implemented using hovering information.

This paper presents the hovering information concept, a replication algo-
rithm allowing single pieces of hovering information to get attracted to their
respective geographical related locations, called anchor locations; a broadcast-
based algorithm for comparing network and memory usage performances; and
two mobile nodes caching policies, Location-based and Generation-based, for dis-
carding pieces of hovering information when memory space is full. A complete
formal description of the hovering information model is described in [14].

2 Hovering Information Concept

This section describes the main concepts of a hovering information system: mo-
bile nodes, hovering information; and three main dependability requirements of
hovering information: survivability, availability and accessibility.
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2.1 Mobile Nodes and Hovering Information

Mobile nodes represent the storage and motion media exploited by pieces of
hovering information. A mobile node n is defined as a tuple:

n = (id, loc, speed, dir, T comm, buf f),

where id is its mobile node identifier, loc is its current location (a geographic
location), speed is its current speed in m/s, dir is its current direction of move-
ment (a geographic vector), Tcomm is its wireless communication range in meters
and buf f is its buffer (having a limited size) aimed to store replicas of the pieces
of hovering information.

A piece of hovering information is a piece of data whose main goal is to remain
stored in an area centred at a specific location called the anchor location, and
having a radius called the anchor radius. A piece of hovering information h is
defined as a tuple:

h = (id, a, r,n, data, policies, size),

where id is its hovering information identifier, a is its anchor location (geographic
coordinate), r is its anchor radius in meters, n is the mobile node where h is
currently hosted (hosting node), data is the data carried by h, policies are the
hovering policies of h and size is the size of h in bytes. Policies stand for hovering
policies stating how and when a piece of hovering information has to hover.

We consider that identifiers of pieces of hovering information are unique, but
replicas (carrying same data and anchor information) are allowed on different
mobile nodes. We also consider that there is only one instance of a hovering
information in a given node n, any other replica resides in another node.

A hovering information system is composed of mobile nodes and pieces of
hovering information. A hovering information system at time ¢ is a snapshot (at
time ¢) of the status of the system. We denote by A; the set of mobile nodes at
time ¢t. Mobile nodes can change location, new mobile nodes can join the system
and others can leave. New pieces of hovering information can appear (with new
identifiers), replicas may appear or disappear (same identifiers but located on
other nodes), hovering information may disappear or change node.

Figure 1 shows two different pieces of hovering information h; (blue) and hq
(green), having each a different anchor location and area. Three replicas of h;
are currently located in the anchor area (in three different mobile nodes no, ng
and n4), while two replicas of hy are present in the anchor area of he (in nodes
ng and mns). It may happen that a mobile node hosts replicas of different pieces
of hovering information, as it is the case in the figure for the mobile node ny that
is at the intersection of the two anchor areas. The arrows here also represent the
communication range possibilities among the nodes.

2.2 Properties - Requirements

Survivability. A hovering information h is alive at some time ¢ if there is at least
one node hosting a replica of this information. The survivability along a period
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Fig. 1. Hovering Information System at time ¢

of time is defined as the ratio between the amount of time during which the
hovering information has been alive and the overall duration of the observation.

Availability. A hovering information A is available at some time ¢ if there
is at least a node in its anchor area hosting a replica of this information. The
availability of a piece of hovering information along a period of time is defined
as the rate between the amount of time along which this information has been
available during this period and the overall time.

Accessibility. A hovering information is accessible by a node n at some time
t if the node is able to get this information. In other words, if it exists a node m
being in the communication range of the interested node n and which contains
a replica of the piece of hovering information. The accessibility of a piece of
hovering information h is the rate between the area covered by the hovering
information’s replicas and its anchor area.

The interested reader can refer to [14] for a full set of definitions.

3 Algorithms for Hovering Information

In [15] we studied the performances in terms of availability of a hovering informa-
tion system containing many replicas of only one piece of hovering information.
We assumed that each node had a buffer with an unlimited amount of memory
for storing replicas. Therefore, the proposed replication algorithms should not
have had to cope with buffer overflows problems when a new incoming replica ar-
rived. In this paper, we drop the assumption of unlimited memory and we study
a hovering information system containing multiple (distinct) hovering informa-
tion and their respective replicas. Instead of keeping an unlimited buffer size for
storing replicas, we limit the size of the buffer. The need for caching policies
becomes then important when it is time to insert a new incoming replica.

In this paper, we propose and study two different caching policies: Location-
Based Caching (LBC) and Generation-Based Caching (GBC). The LBC policy
decision to erase a replica is based on the proximity of that replica to its anchor
location and on the portion of the surface of the anchor area covered by the
communication area of the node hosting it. The GBC policy takes the decision
of removing a replica based on the generation of the replica, removing replicas
having the oldest generations.
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Assumptions. We make the following assumptions in order to keep the
problem simple while focusing on measuring availability and resource consump-
tion. Uniform size: All pieces of hovering information have the same size and the
caching algorithms do not take in consideration the size as a criteria when re-
moving a replica. Unlimited energy: All mobile nodes have an unlimited amount
of energy. The proposed algorithms do not consider failure of nodes or impossi-
bility of sending messages because of low level of energy. In-built geo-localization
service: Mobile nodes have an in-built geo-localization service such as GPS which
provides the current position. We assume that this information is available to
pieces of hovering information. Neighbours discovering service: Mobile nodes are
able to get a list of their current neighbouring nodes at any time. This list
contains the position, speed, and direction of the nodes. As for the other two
services, this information is available to pieces of hovering information.

3.1 Safe, Risk and Relevant Areas

In this paper we consider that all pieces of hovering information have the same
hovering policies: active replication and hovering in order to stay in the anchor
area (for survivability, availability and accessibility reasons), caching when there
is no free space to store a replica, and cleaning when too far from the anchor
area to be meaningful (i.e. disappearance). The decision on whether to replicate
itself or to hover depends on the current position of the mobile node in which the
hovering information is currently stored. Therefore, we distinguish three different
areas: safe area, risk area and relevant area.

A piece of hovering information located in the safe area can safely stay in the
current mobile node, provided the conditions on the node permit this: power,
memory, etc. This area is defined as the disc having as centre the anchor location
and as radius the safe radius (7qf¢)-

A piece of hovering information located in the risk area should actively seek
a new location on a mobile node going into the direction of the safe area. It is
in this area that the hovering information actively replicates itself in order to
survive and stay available in the vicinity of the anchor location. This area is
defined as the ring having as centre the anchor location and bound by the safe
and risk radii (74sk)-

The relevant area limits the scope of survivability of a piece of hovering
information. This area is defined as the disc whose centre is the anchor location
and whose radius is the relevant radius (r,ee). The irrelevant area is all the
area outside the relevant area. A piece of hovering information located in the
irrelevant area can disappear; it is relieved from survivability goals.

All these radii cope with the following inequality (where r is the anchor
radius):

Tsafe <717 < Trisk < Trele

The values of these different radii are different for each piece of hovering infor-
mation and are typically stored in the Policies field of the hovering information.
In the following algorithms we consider that all pieces of hovering information
have the same relevant, risk and safe radius.
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3.2 Replication

A piece of hovering information h has to replicate itself onto other nodes in
order to stay alive, available and accessible. We describe two replication algo-
rithms simulating two variants of the replication policies: the Attractor Point
and Broadcast-based algorithms. Both algorithms are triggered periodically -
each T (replication time) seconds - and only replicas of h being in the risk area
are replicated onto some neighbouring nodes (nodes in communication range)
which are selected according to the replication algorithm.

When replicas consider themselves too far from their anchor area and not able
to come back anymore, the cleaning mechanism periodically - each T¢ (cleaning
time) seconds - and for each node, removes the replicas that are too far from
their anchor location, i.e. those replicas that are in the irrelevant area. This
avoids as well the situation where all nodes have a replica.

Attractor Point Algorithm (AP) The anchor location of a piece of hovering
information acts constantly as an attractor point to that piece of hovering infor-
mation and to all its replicas. Replicas tend to stay as close as possible to their
anchor area by jumping from one mobile node to other. The number of target
nodes composing the multicast group that will receive a replica is defined by the
constant kg (replication factor).

Figure 2(a) illustrates the behaviour of the Attractor Point algorithm. Con-
sider a piece of hovering information h in the risk area. It replicates itself onto
the nodes in communication range that are the closest to its anchor location.
For a replication factor kg = 2, nodes ny and ng receive a replica, while all the
other nodes in range do not receive any replica.

Broadcast-based Algorithm (BB) The Broadcast-based algorithm is trig-
gered periodically (each Tg) for each mobile node. After checking the position
of the mobile node pieces of hovering information located in the risk area are
replicated and broadcasted onto all the nodes in communication range. We ex-
pect this algorithm to have the best performance in terms of availability but the
worst in terms of network and memory resource consumption.

Figure 2(b) illustrates the behaviour of the Broadcast-based algorithm. Con-
sider the piece of hovering information h in the risk area, it replicates itself onto
all the nodes in communication range, nodes ny to ns (blue nodes).

3.3 Caching

In this paper we assume that nodes have a limited amount of memory to store
the pieces of hovering information (replicas). As the number of distinct hovering
information increases, so will be the total number of replicas. The buffer of nodes
will get full at some point and some replicas should have to be removed in order
to store new ones. We present two different caching policies: Location-Based and
Generation-Based Caching. We compare these caching techniques with a simpler
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(a) Attractor Point Algorithm (b) Broadcast-based Algorithm

Fig. 2. Replication Algorithms

one which only ignores the incoming replicas as soon as there is no free space in
the mobile device buffer.

Besides these caching algorithms, it is important to notice that we only con-
sider the position and the generation of replicas. We do not take into consider-
ation caching policies such as the priority, the time-to-live or the replicas size
(since all replicas considered in this paper have the same size).

Location-Based Caching (LBC) At each node, this caching policy decides to
remove a previously stored replica from the node’s full buffer, and to replace it by
the new incoming replica based on their respective location relevance value. We
define the location relevance value of a replica, being this replica already stored
in the node’s buffer or being a new incoming replica, to its anchor location and
area as it follows:

relevance = « * area + (8 * proximity,

where area is the normalised estimation of the overlapping area of the nodes’
communication range area and the replica’s anchor area, proximity is the nor-
malised proximity value between the current position of the node and the anchor
location of the replica, a and 3 are real coefficients having values between 0 and
land o+ g3 =1.

Each time a new incoming replica arrives, the least location relevant replica
is chosen from all the replicas stored in buffer of the node. The location relevance
of the incoming replica is computed and compared to that of the least location
relevant replica, whatever the original hovering information they refer to. The
least location relevant replicas is removed from the buffer and replaced by the
incoming replica if the latter has a greater location relevance value. Otherwise,
the incoming replica is just discarded. In this way, the location-based caching
algorithm will tend to remove replicas being too far from their anchor location
or being hosted in a node covering only a small part of their anchor area.
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Generation-Based Caching (GBC) We define the generation of a replica
in the following way: the first replica created (normally by the user or user
application) of a piece of hovering information has a generation 0, when this
replica replicates itself then it creates new replicas having generation 1, and so
on. The generation of a replica gives us an idea of the number of replicas existing
as the process of replication follows an exponential growth. The generation-based
caching algorithm tends to remove replicas having a high generation number
as they are likely more replicas leaving around than a replica having a lower
generation number.

Each time a new incoming replica arrives, the oldest replica (the one having
the highest generation value) is chosen from all the replicas stored in the buffer
of the node. The generation of the incoming replica is retrieved and compared to
that of the oldest replica, whatever the original hovering information they refer
to. The oldest replica is removed from the buffer and replaced by the incoming
replica if the latter has a smaller generation value. Otherwise, the incoming
replica is just discarded.

4 Evaluation

We evaluated the behaviour of the above described replication and caching al-
gorithms under different scenarios by varying the number of pieces of hovering
information, each having many replicas of its. We also considered nodes hav-
ing a limited buffer size to store the different replicas. We have measured the
average availability, message complexity, replication complexity, overflows and
erased replicas over the total number of pieces of hovering information existing
in the system.

We performed simulations using the OMNet++ network simulator (distribu-
tion 3.3) and its Mobility Framework 2.0p2 (mobility module) to simulate nodes
having a simplified WiFi-enabled communication interfaces (not dealing with
channel interferences) with a communication range of 121m.

4.1 Simulation Settings and Scenarios

The generic scenario consists of a surface of 500m x 500m with mobile nodes
moving around following a Random Way Point mobility model with a speed
varying from 1m/s to 10m/s without pause time. In this kind of mobility model,
a node moves along a straight line with speed and direction changing randomly
at some random time intervals.

In the generic scenario, pieces of hovering information have an anchor radius
(r) of 50m, a safe radius (rsqre) of 30m, a risk radius (r,:s%) of 70m, a relevance
radius (rrere) of 200m, and a replication factor of 4 (kg).

Each node triggers the replication algorithm every 10 seconds (Tz) and the
cleaning algorithm every 60 seconds (T¢). Each node has a buffer having a ca-
pacity to store 20 different replicas. The caching algorithm is constantly listening
for the arrival of new replicas.
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Based on this generic scenario, we defined 5 specific scenarios with varying
number of pieces of hovering information: from 40 to 200 nodes, increasing the
number of pieces by 40. Each of this scenarios has been investigated with different
replication and caching algorithms, and with a different number of nodes.

We have performed 20 runs for each of the above scenarios. One run lasts
3’600 simulated seconds. All the results presented here are the average of the 20
runs for each scenario, and the errors bars represent a 95% confidence interval.
All the simulations ran on a Linux cluster of 32 computation nodes (Sun V60x
dual Intel Xeon 2.8GHz, 2GB RAM).

4.2 Results
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Figure 3 shows the average availability for the AP and BB algorithms using
LBC or GBC caching policies, or without using any (None). For this experiment
we used 200 nodes. We observe that both algorithms using LBC outperform
the cases using GBC or no caching policy (None). We can also notice that the
BB algorithm gets worse availability performances compared to AP. This is
explained by the nature of the BB algorithm which tends to overload the system
with an exponential growing number of replicas. As the buffer size at each node
has a limited size of 20 replicas, the overloading causes the buffer resources
to become badly shared by the pieces of hovering information, in particular
regarding their individual target anchor location. Consequently the availability
becomes lower. On the other hand, the AP algorithm controls the replication
process by limiting the number of replicas and by focusing on the anchor location.
When it is combined with the LBC caching policy, the system becomes scalable
keeping high availability rates (around 95%) as the number of pieces of hovering
information increases.

Figure 4 depicts the average availability of the AP replication algorithm using
the LBC caching policy, under several number of nodes. For a number of nodes
above 120, we notice that the availability is high enough (above 85%) and it
keeps quite stable as the number of pieces of hovering information increases.
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We confirm from this that the AP with LBC algorithms are scalable in terms
of absorption of hovering information (number of distinct pieces of hovering
information), since during the experiments with 120 nodes and more, up to 200
distinct hovering information pieces have been accommodated into the system
with an availability above 85%. In the case when the number of nodes is 40, we
can observe that the absorption limit, for this configuration, has been reached
as the availability starts decreasing after 80 pieces of hovering information.
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Figure 5 shows the average number of overflows generated by the different
replication and caching algorithms each time a new incoming replica arrives and
there is no free space to store it. We observe that the AP algorithm produces
at least ten times less overflows than the BB algorithm. We also observe that
the number of overflows of the BB algorithm starts growing fast and then it
gets stable after for 80 pieces of hovering information or more, this is again
a consequence of the overloading of the system which tends to lose pieces of
hovering information by not distributing the buffer resources in a fair way.

Figure 6 illustrates the average number of erased replicas from the buffer of
the nodes after an overflow. Again, the BB erases around 10 times much more
replicas than the AP algorithm to store a new incoming replica. We also notice
that the BB with GBC tends to erase too many replicas compared to the other
ones; this means that the generation-based caching policy combined with the
exponential replication behaviour of BB is not a good differentiation factor for
caching replicas since this combination of algorithms tends to insert and erase
replicas permanently.

Figure 7 shows the average number of sent messages for the AP algorithm us-
ing the LBC policy under several numbers of nodes. We notice that the message
complexity does not grow exponentially. Instead, it grows linearly of even log-
arithmically with the number of pieces of hovering information. This is a very
important issue as the feasibility of these algorithms depends strongly on the
messages complexity, especially when we will need to deal with the interference
channel for even more realistic network interfaces.
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Finally, figure 8 shows the average of the maximal number of replicas having
existed in the system for the AP using the LBC. It is interesting to see that it
decreases as the number of pieces of hovering information increases. It means
that the buffer resources are evenly shared among the different pieces of hovering
information, while the availability still remains at high levels (see Figure 4). We
conclude from this, that the AP with LBC succeeds to distribute the network
resource in a fair way among all the pieces of hovering information, and that
we probably observe an emergent (not coded) load-balancing of the memory
allocated to the different pieces of hovering information.

5 Related Works

To our knowledge, while there exist other information annotation/dissemination
works closely related to the hovering information concept, they do not take
the approach of offering a generic infrastructure-free location-aware information
dissemination service as hovering information does. The Hovering Data Clouds
(HDC) concept [16, 8], which is part of the AutoNomos project, is applied to
the specific design of a distributed infrastructure-free car traffic congestion in-
formation system. Although HDCs are defined as information entities having
properties similar to hovering information, the described algorithms do not con-
sider them as an independent service but as part of the traffic congestion al-
gorithms. The hovering information dissemination service is thought as a ser-
vice independent from the applications using it. The Ad-Loc system [1] is an
infrastructure-free location-aware annotation system and shares similarities to
hovering information. However, this approach does not focus on: studying prop-
erties such as the critical number of nodes or the absorption limits; or dealing
with self-organizing algorithms allowing the information to adapt its behaviour
according to the network saturation, the buffers’ size, the mobility pattern of
nodes or the number of replicas.

The opportunistic spatio-temporal dissemination service over MANETS [11]
is a car traffic centred application and does not encompass ideas such as re-
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combination of information. Similarly, works like Epcast [13] and Gossip [3] aim
to disseminate information based on epidemic and gossiping spreading models.
These works provide an interesting starting point for replication algorithms, but
do not offer a solution for ensuring the persistency of the information.

In the domain of location-driven routing over MANETS, we can mention
works such as GeoOpss [10], search and query propagation over social networks
like PeopleNet [12] and collaborative services such as collaborative backup of
the MoSAIC project [9,2].

Finally, the virtual infrastructure project [4-7] aims to set up a set of vir-
tual nodes having a well-know structure and trajectory over a mobile ad hoc
network. These virtual nodes are equipped with a clocked automaton machine
which will permit to implement distributed algorithms such as leader election,
routing, atomic memory, motion coordination, etc. This approach works on of-
fering a structured abstraction layer of virtual nodes. Hovering information takes
a different approach where each piece of hovering information is an autonomous
entity responsible for its own survivability exploiting the dynamics of the overlay
network to this aim.

6 Conclusion

In this paper we discussed the notion of hovering information, we defined and
simulated the Attractor Point algorithm which intends to keep the informa-
tion alive and available in its anchor area. This algorithm multicasts hovering
information replicas to the nodes that are closer to the anchor location. The per-
formances of this algorithm have been compared to those of a broadcast version.

We have also defined and simulated two different caching polices, the Location-
Based Caching and the Generation-Based Caching. Their performances have
been compared under a scenario containing multiple pieces of hovering informa-
tion and nodes having a limited amount of memory.

Results show that the Atrractor Point algorithm with the Location-Based
Caching policy is scalable in terms of the number of pieces of hovering infor-
mation that the system can support (absorption limits). They also show the
emergence of a load-balancing property of the buffer usage which stores replicas
in an optimal way as the number of pieces of hovering information increases.

Concerning future work, we have tested the algorithms under a Random Way
Point mobility model and under ideal wireless conditions. This is not character-
istic of real world behaviour. We will apply the different algorithms to scenarios
following real mobility patterns (e.g. crowd mobility patterns in a shopping mall
or traffic mobility patterns in a city) with real wireless conditions (e.g. channel
interferences or physical obstacles).
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Abstract. Current IP-level mobility protocols have difficulties meeting the
stringent handover delay requirements of future wireless networks. At the same
time they do not give sufficient control to the network to control the handover
process. This paper presents an extension to Proxy Mobile IP, which is the fa-
vorite IP level mobility protocol for the 3GPP System Architecture Evolution /
Long Term Evolution (SAE/LTE). The extension, Fast Proxy Mobile IPv6
(FPMIPv6), aims at solving or reducing the control and handover problem. An
elementary analysis shows that FPMIPv6 can significantly reduce the handover
latency and the loss of packets during handover, especially if handovers can be
predicted a few tens of milliseconds before they occur.

Keywords: Mobile IP, Handover

1 Introduction

Future wireless networks are assumed to fully integrate different wireless access tech-
nologies, in order to enable their users to exploit the advantages of the various tech-
nologies, depending on the momentary requirements and circumstances. Such access
technologies are e.g., the 3GPP Long Term Evolution (LTE) [1] for wide area cover-
age at moderate data rates and (future) members of the IEEE 802.11 family of Wire-
less Local Area Networks (WLANS) [2] for high data rates at hotspots. To integrate
the various access technologies, future wireless networks are assumed to be fully In-
ternet Protocol (IP) -based. For instance, 3GPP is currently standardizing the System
Architecture Evolution (SAE) [3], which will be [P-based. To enable the users of
these future wireless networks to freely roam between various access networks, an IP-
level mobility protocol is needed.

One of the problems with current IP-level mobility protocols is that they do some-
times not meet the stringent requirements for the handover latency. Ref. [4] states that
in order to support real-time services such as Voice over IP (VoIP), “... the packet
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transmission delay fluctuations are desired to be 30 ms or less, and interruption
caused by packet losses should be 100 ms or less.” For handovers between different
radio technologies, the first requirement is stretched to 50 ms.

An important aspect when designing mobility mechanism is the location of control.
Traditional Mobile-IP-based approaches tend to locate the control of the handover in
the mobile node, whereas current cellular networks use so-called mobile-assisted han-
dovers, where the control of the handover is in the network, and the mobile node pro-
vides additional (measurement) information. Network controlled handovers (also
when using (Mobile) IP-based protocols), enable the network operator to control the
service and its quality provided to its customers, and to optimally utilize network re-
sources. Therefore, a promising solution direction for handovers in future wireless
networks is to give control of the handover process to the network. In this way the
network can coordinate the entire handover process, making the most optimal deci-
sions at the most optimal time, by using all information available. Thus, the network
can improve the link quality for users, manage its radio resources, reduce interference,
and enable fast and seamless handovers.

A promising proposal for an IP-level mobility protocol is Proxy Mobile IPv6
(PMIPv6) [5]. In PMIPvV6, IP-level mobility is hidden from the mobile node. A spe-
cial access router, called Mobile Access Gateway (MAG), enables a Mobile Node
(MN) to continue to use its home address when attached. It is the MAG that detects
and signals movement of the MN to the Local Mobility Anchor (LMA), which is the
topological anchor point of the mobile node’s address. Typically, the handover la-
tency of PMIPv6 equals the time needed to perform the handover at layer 2 (including
authentication) plus a round-trip time between MAG and LMA. Packets sent during
this period are typically lost.

In this paper we try to solve the control and the handover delay issue for PMIPv6.
Our contribution extends PMIPv6 with ideas from Fast Handovers for Mobile IPv6
(FMIPv6) [6]. It will be referred to from now on as Fast Proxy Mobile IPv6
(FPMIPv6). Our extension to PMIPv6 aims to enable the network to control hando-
vers with assistance from the mobile, while at the same time significantly reducing
handover delays.

The outline of the paper is as follows. Section 2 describes related work. In Section
3, we describe the proposed extension to PMIPv6. The performance of the extension,
FPMIPv6, is analyzed in Section 4. Section 5 presents conclusions and future work.

2 Related Work

The main problem with node mobility in IP networks is that the IP address functions
both as the identifier as well as the locator of a MN in the routing hierarchy. In its role
as identifier, the IP address has to be fixed in order to allow the MN to be identified
by Correspondent Nodes (CNs) that want to initiate communication with it, and also
because it is used by MNs to identify their ongoing Transmission Control Protocol
(TCP) connections. In its role as locator, the IP address of a MN has to change when
it moves to a different sub-network, in order not to disrupt the route aggregation in the
Internet. IP-level mobility solutions address this problem by assigning a new IP ad-
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dress to the MN, called Care-of Address (CoA). The CoA locates the MN, or the sub-
network it is attached to, in the network. Typically tunneling is used to deliver packets
carrying the identifier (e.g. home address) to the CoA, and hence to the MN.

In Mobile IPv6 (MIPv6) [7] a Home Agent (HA), located on the home
(sub)network of the MN, tunnels packets addressed to the home address (i.e., identi-
fier) of the MN to the CoA (i.e., current locator) of the MN. Note that in its role as an
identifier for the MN, the home address also acts as a locator for the MN’s subnet-
work (i.e. the MN’s HA, or the MN itself when being at home). Additionally, CNs
may be informed of the current CoA of the MN in order to enable route optimization,
which allows packets to be exchanged directly between a MN and its CN without
routing via the HA.

An extension to MIPv6 is Hierarchical Mobile IPv6 (HMIPv6) [8], which adds an
indirection for locating a MN. The HA tunnels packets to a Mobility Anchor Point
(MAP), which is addressed by a regional CoA. The MAP in turn tunnels these packets
to the MN, addressed by a local CoA. The main advantage of this approach is that lo-
cal handovers of the MN only have to be signaled to the MAP thus avoiding high la-
tencies and overhead for the so-called local binding updates.

Another extension to MIPv6 is Fast Handovers for MIPv6 (FMIPv6) [6], which
aims at reducing handover latencies by proactively executing the configuration of the
MNss interface for the link to the target Access Router (AR) while the MN is still con-
nected to the link to the serving AR. Further, FMIPv6 exploits forwarding of packets
by the serving AR to the target AR during the critical phase of the handover and bufft-
ering of these packets at the target AR until the MN attachment is completed.

Recently, Proxy MIPv6 (PMIPv6) [5] has been proposed as a Network-based Lo-
calized Mobility Management (NetLMM) protocol to hide IP layer mobility from the
MN. A special AR, called MAG, enables a MN to continue to use its home address
when attached. The MAG emulates the MN’s home link on the access link by adver-
tising the MN’s home network prefix to the MN. Upon handover, it is the new MAG
that signals an LMA (being similar to a HA) regarding the MN movement. Packets
are tunneled from the LMA to the MAG, using a proxy CoA.

In PMIPv6, which is the favorite IP level mobility protocol for SAE/LTE, control
is loosely coordinated. There is limited coordination in the LMA, which replaces ex-
isting bindings with new ones, based on time-stamps provided in the proxy binding
updates. In our extension, we propose to let the old MAG play a key role in coordinat-
ing the handover. In the proposal, the old MAG (or current MAG) will collect infor-
mation regarding the current radio link (from MN and current Access Point (AP)), re-
source use (from local APs and other MAGs), and regarding potential new radio links
(from MN, local APs, and other MAGs). Based on the collected info, it will trigger
the handover. It does so both on the network side, by instructing the MAG aimed at to
send a proxy binding update to the LMA, and on the radio side, by instructing the MN
to connect to a new AP.

Recently, initial proposals have been issued to the IETF, to extend PMIPv6 with
communication between old MAG and new MAG [9, 10]. However, as opposed to
this paper, the proposals do not deal with handovers that are predicted wrongly or too
late, and neither do [9, 10] present any analysis of the proposals.
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3 Fast Proxy Mobile IPv6

In our description of FPMIPv6, we use the same terminology as used in PMIPv6 (see
Fig. 1). Nodes in the FPMIPv6 domain that are involved in the handover process are
the Mobile Node (MN), the current or old and the new Access Points (APold and AP-
new respectively), which provide link level wireless access to the MN, the old and the
new Mobile Access Gateway (MAGold and MAGnew respectively), which are the
first IP-level node as seen from the MN, and the Local Mobility Anchor (LMA),
where the IP address that the MN uses resides.

MN APold MAGold \‘
LMA
APnew MAGnew

Fig. 1. Nodes in the FPMIPv6 domain.

3.1 Protocol overview

The aim of FPMIPv6 is to (1) minimize the handover latency at the network layer and
(2) minimize loss of packets due to the handover latency. The proposal is based on
two main ideas:
1 A handover can be predicted.
As a result of the prediction, the new MAG can be triggered to send a proxy
binding update to the LMA, so that downlink traffic from LMA to MN can
already be switched to the new MAG. The new MAG will buffer the traffic
until the MN is connected.
2 Downlink traffic arriving at the old MAG after a MN disconnects will be
buffered and redirected to the new MAG.
To instruct the old MAG to redirect traffic, the new MAG will inform the old
MAG of the handover by means of a Fast Binding Update (FBU) message.
The main coordination point of the handover is the old MAG. Based on informa-
tion from MN, old AP (e.g., to predict that a handover will be needed), other APs, and
other MAGs, it will take the decision to initiate a handover. The targeted new MAG is
instructed to send a proxy binding update message to the LMA. As soon as this bind-
ing update is acknowledged, the new MAG will inform the old MAG. The old MAG
will now instruct the AP and/or MN to release the radio link. Depending on the wire-
less interface capabilities of the MN, the MN will establish a radio link to the new AP
before or after releasing the old one. A MN with multiple wireless interfaces can for
instance already establish a new radio link as soon as the MAG initiates the handover.
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To deal with mismatches in timing, the new MAG will buffer downlink packets if
the MN has not yet attached to its AP. Similarly, the old MAG will buffer downlink
packets if the MN has already disconnected and it still receives packets from the
LMA. The new MAG will instruct the old MAG to forward buffered packets by
means of a fast binding update message.

A critical issue in the operation of FPMIPvV6 is the timely and correct prediction of
a handover. In [11], simulation experiments using a simple handover prediction tech-
nique for 3GPP LTE indicate that it is indeed possible to predict handovers. In that
paper, a timely prediction of approximately 70% of the handovers is obtained. Only a
few percent of the predicted handovers had to be reversed, because the prediction was
not accurate.

In the remainder of this section, we first present the basic operation of the protocol,
in Section 3.2, followed by the case where the MN has two interfaces, in Section 3.3.
We discuss the case that the prediction is not timely, i.e., the handover is premature,
in Section 3.4. Finally, in Section 3.5, we discuss the case that the prediction is not
correct.

3.2 Basic Operation

The basic operation of the FPMIPv6 proposal is illustrated in the Time Sequence Dia-
gram (TSD) depicted in Fig. 2. Ideally, the old MAG receives a timely notification
from L2 (from the old AP and indirectly the MN) that a handover is imminent, includ-
ing the expected new Access Point to which the MN will connect (HOInfo). From that
information the old MAG can easily derive the address of the new MAG. How ex-
actly the address is derived is outside the scope of this paper. Each MAG can be pro-
vided with a table relating the APs of its neighboring MAGs to the relevant MAG ad-
dress. Alternatively, the address of the MAG can be broadcasted by the connected
APs on their pilot channel, so that the MN can inform the old MAG (HOInfo).

MN MAGold MAGnew LMA

HOInfo
HOInit HI

PBU
PBAck

HAck

w Buffer |
C t C t

Fig. 2. Basic operation of FPMIPv6
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If the old MAG decides to initiate a handover, it will inform the old AP (L2 mes-
sage HOInit). Further, the old MAG will send a Handover Initiation (HI) message to
the new MAG. This HI message includes a.o. a MN identifier and a timestamp.

Upon receiving the HI message, the new MAG will send a Proxy Binding Update

(PBU) message to the LMA, using the timestamp received in the HI message. The
LMA will install the new binding, return a Proxy Binding Acknowledgement
(PBAck) message to the new MAG, and from now on forward all traffic for the MN
to the new MAG.
Upon receipt of the PBAck message, the new MAG will send a Handover Acknow-
ledgement (HAck) message to the old MAG and start buffering traffic for the mobile
node, until the MN connects to the new MAG (via the new AP), after which it will
forward all traffic to the MN. The old MAG, upon receipt of the HAck message will
send a L2 HOComplete message to the old AP, to instruct the MN to disconnect from
the old AP, and connect to the new one, if it has not already done so. As we will see
in Section D, some messages that are sent after the MN connects to the new MAG are
omitted from the TSD in Fig. 2 in order to concentrate the description on the basic
operation.

3.3 Operation with two interfaces

Depending on its implementation, a MN may be able to use two interfaces simultane-
ously. This may be because it uses two separate physical interfaces, e.g., to get access
using different wireless technologies. The MN could also be using multiple virtual in-
terfaces mapped onto a single physical interface [12]. Being able to connect to a new
AP whereas the link to the old one will be maintained can significantly improve the
handover performance. It also introduces new challenges, as the network should be
able to (1) distinguish the interfaces, and (2) realize that the interfaces belong to the
same node. We choose to introduce a shim layer in the MN that hides the presence of
multiple interfaces from the IP layer. The MN only has a single globally routable IP
address, and the shim layer should ensure that the MN is only using it on one interface
at a time. Challenge (1) above is met because the different interfaces will use different
hardware addresses. To meet challenge (2), the MN initially uses the MN identifier,
and later the globally routable IP address. In case of multiple interfaces, the MN will
use the HOInit that it gets forwarded from the AP to instruct its second interface to
connect to the new AP. This way, the MN will already have a link to the new MAG
available, at the moment it gets disconnected from the old MAG.

34 Premature Handover
Let us return to the single interface scenario. A handover cannot always be timely

predicted. In order to avoid packet loss during an unexpected handover, the following
reactive handover operation is proposed, illustrated by the TSD in Fig. 3.
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MN MAGold MAGnew LMA

Disconnect Disconnect
Buffer |
Connect Connect
ke— —
& m\
%
‘\ PBAck
forvard | —————® /

Fig. 3. Reactive handover operation

If the old MAG learns from L2 (APold) that the connection to the MN is lost, it starts
buffering downlink packets that it receives for the MN. As soon as the new MAG
learns from its L2 (APnew) that the MN has connected, it will send a PBU message to
the LMA, and a Fast Binding Update (FBU) message to the old MAG. From this
moment on, the new MAG will forward all downlink traffic it receives for the MN to
the MN. The LMA will install the new binding, return a PBAck message to the new
MAG, and from now on forward all traffic for the MN to the new MAG.

The old MAG upon receipt of the FBU message, acknowledges the message with a
Fast Binding Acknowledge (FBAck) message, and redirects the traffic for the MN
that it has buffered, or still receives to the new MAG.

The TSD depicted in Fig. 4 illustrates the case where the handover is predicted, but
the MN is disconnected prematurely. The behavior of the nodes is the same as de-
scribed above.

MN MAGold MAGnew LMA

HOInfo
HOInit HI

PBU

\

PBAck

Disconnect Disconnect

HAck Y
b | Buffer}

e é

Connect Connect

forward |

-

forward | ——

-

Fig. 4. Late prediction operation



3.5 Wrongly predicted handover

It can occur that a handover is predicted, but later on it appears that the MN has con-
nected to a different AP and a different MAG. This requires that the old MAG cor-
rects its HI message to the wrong MAG.

If the old MAG receives a FBU message for a MN from a MAG other than the new
MAG where it has sent a HI message to, it will send the latter node also a FBU, so
that it will start redirecting traffic for the MN back to the old MAG. The old MAG
will redirect all traffic for the MN to the MAG it received the FBU from.

If a new MAG has initiated the handover, but before the MN connects, it receives
an FBU message for that MN, it will start redirecting traffic for the MN to the sender
of the FBU.

It can also occur that the old MAG has initiated a handover, but the MN is not able
to perform the handover, and reconnects with the old AP / MAG. In that case, the old
MAG will send a PBU message to the LMA, and also send an FBU message to the
MAG the HI was sent to. In this situation, the old MAG carries out functions of a new
MAG for the same MN simultaneously.

The detailed operation of the FPMIPv6 protocol is described in the finite state ma-
chines depicted in Fig. 5 and Fig. 6 for the old MAG and the new MAG respectively.

Disconnect from APold

HOInfo from APold
Send HOInit to APold
Send HI to MAGnew

FBU from MAGnew
Send FBAck to MAGnew

FBU from MAGx
; Send FBAck to MAGx
/4 1f MAGX = MAGnew
7 Send FBU to MAGnew

Disconnect from APold

MAGwrong = MAGnew
MAGnew = MAGx

HAck from MAGnew

Send HOComplete to APold HAck from MAGnew

FBAck from MAGwrong

)

Buffering
(buffer |)
(forward 1)

C

Time out

Disconnect from APold

Disconnect from APold

Time out

Fig. 5. Finite state machine of MAGold operation
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Time out

Connect from APnew
Send PBU to LMA

Send FBU to MAGold
Time out

HI from MAGold
Send PBU to LMA

FBU from MAGold
Send FBAck to
MAGold

Connect from APnew
Send FBU to MAGold,

Waiting for
PBACK &
FBAck
(buffer 1)

FBU from MAGold FBAck from MAGold
Send FBAck to
AGold

PBAck from LMA

PBAck from LMA

PBAck from LMA
Send Hack to MAGold

Send Hack to MAGold

Connect from APnew Waiting for

FBAck
(forward 1)

Waiting for
PBACK
(buffer 1)

FBAck from MAGold

PBAck from LMA
Send Hack to MAGold

Fig. 6. Finite state machine of MAGnew operation

4 Analysis

In order to get insight into the handover latency (d,,,) and packet loss due to handover
(Iyo), we construct a basic model to express these performance measures in terms of
the round trip times (RTTs) between the various nodes.

4.1 Notation

We define dy, , the handover latency, as the time during which no packets are re-
ceived by the IP layer in the MN due to a handover. Further, I, , the handover loss
period, denotes the number of packets that are lost because of the handover, measured
as a time interval during which generated packets are lost. Finally, d,,, denotes the

maximum additional packet delay, i.e., the maximum delay that is experienced by
packets during the handover due to buffering and redirection.
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These performance measures will be expressed as a function of a number of net-
work parameters. The first one is the prediction time, 7,,..; , which is the time that
elapses between prediction of a handover and the possibly forced disconnection of the
MN from the old AP. The layer 2 (L2) handover delay, Dyo. , denotes the time
elapsing between the moment a MN is disconnected from the old AP until it has con-
nected to the new AP, authenticated itself to the new AP, and notified the new MAG
of its attachment. Finally we denote the RTT between MAG and LMA as RTTy6.Lm4,
the RTT between a MAG and an AP connected to it as RTTyg.4p, and the RTT be-
tween two neighboring MAGs as RTT 464G -

4.2 Model

The model we are constructing to evaluate the handover latency and packet loss is an
elementary one. We basically sum the delay components involved in the handover,
and assume the individual components to be fixed. Our assumption is that processing
delays can be neglected, and that the dominant delay components are those for the
transfer of messages between the nodes involved. Which components have to be taken
into account depends on the moment the handover is predicted, i.e. it depends on 7,,,,.

Let us first determine the packet loss during a handover. If the handover is pre-
dicted timely, no packets will be lost during handover, since all packets arriving at the
old MAG can be delivered to the MN and packets arriving at the new MAG will be
buffered until the MN has connected. If there is no timely prediction of the handover,
packets that are already sent by the old MAG to the old AP before the old MAG gets
notified of the disconnection get lost. This is at most the amount of data generated
during one RTT between MAG and AP. It can be less, if the disconnection was pre-
dicted a little too late, but the LMA has already started redirecting the traffic from
some point during the disconnection. The handover packet loss period can be summa-
rized as

lyo = min(RTT,,;,;_,p -max(0 (D
RTT s ap + RTT yy a1 2+ RTT yyu a6 = T,. )

The handover latency is a bit more difficult to determine. If the handover can be
predicted timely, the handover latency is limited to the layer 2 handover latency plus
the time needed for the new MAG to inform the old MAG that the binding in the
LMA has been changed, i.e.,

dyo =Dporr+ RTT 6 vn 12 (2)
(fOr T = RTTMAG—MAG + RTTMAG—LMA) .

pred =

The latter term may be reduced if the disconnection is just a bit earlier than pre-
dicted. This way, less time is wasted, where the LMA is already routing packets to the
new MAG, and the new MAG is still informing the old MAG that it can disconnect
the link,
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dHO = DHOL2 +Tpred = RTT \p6_1ya = RTT yy56_mac /2 3

for Tt =RTT i piag + RTT yu6_1a
Tpea > RTT s yiac 2+ RTT - 1ia

pred

The handover latency is at its minimum if the old link disconnects prematurely, but
the handover has been predicted a bit earlier, so that the new MAG has already sent a
binding update to the LMA, and has already received packets from the LMA to for-
ward to the MN, once it connects to one of its APs:

dHO = DHO L2 (4)
T, i =RTT s piac 12+ RTT 614

pre

for Tpred > RTT ypc_ipn + RTT yp6_yiac 12
_(DHO L2~ RTTMAG—AP)

If the time between prediction and disconnection is even shorter, the handover la-
tency will be increased, because after completion of the L2 handover, the MN has to
wait until the new MAG has finished its binding update to the LMA and is receiving
data from the LMA:

dHO = RTTMAG—LMA + RYTMAG—MAG /2 + RTTMAG—AP - Tpred (5)
T = RTTMAG—LMA +RTTMAG—MAG /2

pred =

_(DHO L2 RTTMAG—AP)
Tpea > RTT s raan + RTT 6 ap

pi
_RTTMAG—MAG /12— DHO L2

for

The latter condition is included in Eq. 5 because if the disconnection occurs really
early, just after, or even without prediction, the handover latency is determined by the
time that is needed to perform the handover at L2 plus the time needed to request the
old MAG to forward data to the new MAG. This results in the following handover la-
tency:

dHO = DHO 27t RTTMAG—MAG (6)
Tpred = RTTMAG—LMA + RTTMAG—AP

for =RTT 46 -ma6 /2= Do s
Tpred = 0

Note that the handover latency will result in an additional packet delay. The maxi-
mum additional packet delay, d 44, is the difference between the handover latency and
the packet loss (period), i.e.,
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dadd = dHO - lHO . @)

If the mobile node has 2 interfaces, packets routed by the LMA towards the new
MAG can be forwarded to the MN via the connected second interface right away.
Therefore, for the 2 interface case, Eq. (2) — (4) can be replaced by

dyo = Max(O,RTT i 1yga + RTT yy yiac 12+ RTTyupp =T ) (8)
for7,,., > RTT 6 1na + RTT yu6-np = RTT 06 yia /2= Do 12

pre

The packet loss due to handover remains the same for the 2 interface case.

Finally, let us determine the handover latency in case a handover is wrongly pre-
dicted. If, after installing the binding with the new MAG in the LMA, the MN is not
able to connect to an AP of the new MAG, and connects to a different MAG, the han-
dover delay includes the L2 handover delay plus the time needed to either receive
data from the LMA, or from the wrongly predicted MAG:

dyo = RTT 6 a6 /1 2+ Do 1 9)
+MINRTT 161414 s 2RTT yy06_p1ac) + RTT yyp_np 12

Wrong prediction does not lead to additional packet loss. However, packets may
experience an additional delay of up to the handover latency.

4.3 Numerical results

We will now provide some numerical results for the FPMIPv6 proposal. Values for
network parameters are as much as possible taken from [13]. This implies that we
take for the L2 handover delay Dy, = 11 ms, which was measured in [13]. For the
various RTTs, we assume RTT 104 = 30 mS, RTT yyug.1ac = 10 ms, and RTT yu6.4p =
5 ms.

Fig. 7 shows the results obtained when varying 7),.q. Apart from the handover de-
lay and loss for the FPMIPv6 proposal, the same measures for the original PMIPv6
proposal are shown. For PMIPv6, the handover latency is simply the sum of the L2
handover delay and a round trip time between MAG and LMA. The PMIPv6 hando-
ver loss period lasts a full RTT between AP and LMA plus the L2 handover delay.

It can be observed from Fig. 7 that the performance of FPMIPv6 depends on the
timely prediction of the handover. If the loss of the link to the old AP can be predicted
at least 40 ms before the actual loss, the handover latency is limited to 16 ms, whereas
packet loss can be avoided. If the handover comes totally unpredicted, the handover
latency will be 21 ms, and 5 ms of packets will be lost. These figures are a significant
improvement when compared to the 41 ms handover latency and 46 ms of packets
lost for handovers in PMIPv6. It should be noted that FPMIPv6 might introduce an
additional packet delay of up to 16 ms during handover. This could be compensated
for by a play out buffer at the receiver.
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If 2 interfaces are used, performance is even better. If the loss of connection to the
old AP is predicted at least 40 ms in advance, no noticeable handover latency and
packet loss will be observed. In case a handover is wrongly predicted, the handover
latency can be up to 38.5 ms. In order to deal with the additional packet delay, the re-
ceiver needs a considerable play-out buffer. Finally, it should be noted that in case of
a premature handover, a series of packets might be delivered to the MN out of se-
quence. This will trigger TCP’s fast recovery, but usually only once, as the delayed
packets will usually arrive before a retransmitted packet.

5 Conclusions and future work

Two important issues when dealing with an IP-level mobility protocol for future wire-
less networks are (1) to give the network more control over the handover process, and
(2) to reduce the handover latency and packet loss, compared to traditional ap-
proaches. In this paper we have proposed an extension to Proxy Mobile IPv6, which
we have called Fast Proxy Mobile IPv6 (FPMIPvO0).

Performance analysis reveals that the handover latency can be reduced to the time
needed to perform the handover at layer 2 plus half a round trip time between two
neighboring MAGs. Furthermore, if the handover is predicted correctly and timely,
the loss of data can be avoided. To that end, handovers should be predicted a few tens
of milliseconds in advance. Packets may experience an additional delay of up to the
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L2 handover latency plus 1 or 2 round trip times between neighboring MAGs. The
latter occurs in case the old MAG wrongly predicts a handover. However, this addi-
tional delay may be compensated for with a play-out buffer at the receiver. In case a
mobile node is able to establish a new radio link before releasing the old one through
the use of multiple (virtual) interfaces, performance can be further improved.

We are currently measuring the performance of FPMIPv6 using a prototype im-
plementation. Future work includes the detailed specification and full implementation
of the protocol, a study of layer 2 requirements from the protocol, especially in the
presence of multiple interfaces. Finally, the end-to-end performance of the protocol
for e.g., VoIP and TCP traffic needs to be investigated.
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1 Extended Abstract

Recently, Wireless Mesh Networks (WMNSs) have attracted attention as means to
provide alternative internet connectivity to rural areas or communities. In WMN:ss,
wireless access points communicate with each other wirelessly forming a true
wireless, mesh based access network of mesh relay nodes (MRN). Mesh gateways
(MG) provide internet connectivity and standard mobile clients attach to MRNS,
which forward packets via other MRNs to other meshed clients or through MGs to the
internet. Therefore, the wireless backbone comprised of MRNs and MGs is similar to
static, internet connected Ad Hoc networks. A major problem is however scalability
of WMN s as well as MAC and PHY layer overhead for packet transmission. Capacity
of WMNs can be increased significantly by aggregating (combining) several smaller
packets into larger ones [1][2]. This is in particular beneficial to VoIP flows where
packet sizes are small. The overall number of packets is reduced, average packet size
increased and contention will take place only once for the larger packets. A relay node
will then process fewer large packets instead of many small ones. While such
aggregation mechanisms have been proposed for single-hop infrastructure WLAN,
designing an aggregation strategy for multi-hop WMN:ss is a hard problem because in
this multi-hop environment, signal quality and congestion for each link is different.
When mesh relay nodes aggregate small packets, there is an inherent trade-off
regarding packet size. Aggregating more packets leads to larger packets, which
reduces the overall number of packets in the mesh and thus reduces multi-hop
contention and packet loss due to collisions. However, such larger (aggregated)
packets can lead to higher packet loss for a link that operates at low signal quality [3].
To find the optimum frame size for packet aggregation is therefore not trivial and
depends on traffic and link quality which can vary over time and might be different
for each link in a multi hop path.

In this paper, we will evaluate if packet aggregation is beneficial when applied to
standard TCP in a WMN environment with low quality links. For integration of Mesh
Networks into 4G environment, the transport layer needs to be compatible and
interoperable with already deployed transport protocols. We will therefore compare
end-to-end performance of standard TCP (with Selective and Delayed ACKs) using
different MSS sizes in a mesh environment, both with and without deploying packet
aggregation. Delayed ACKs and Selective ACKs has shown to be beneficial in
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multihop environments as the number of packets is reduced leading to less contention
[4]. As we will see, packet aggregation is, with proper tuning of parameters, also
beneficial for TCP flows as it even more reduces the number of packets and collision
probabilities. When using 802.11 MAC layer in WMNSs, frame size on MAC layer is
typically directly proportional to the chosen TCP MSS size and varying MSS size
directly impacts MAC layer frame sizes. To maximize TCP throughput for an end-to-
end path across a WMN, packet loss due to bit errors should be minimized to avoid
coarse grained timeouts at the TCP sender. As different links in a path might have
different qualities, the MSS should thus be sufficiently low to accommodate the
weakest link on the path which will lead to underutilization on those links with good
channel quality. However, when hop-by-hop packet aggregation is deployed in a
mesh, MAC frame size within the path on each link can be optimized by adaptively
aggregating [2] IP packets in mesh relay nodes together to form larger MAC layer
frames by optimizing aggregated packet size to individual link qualities.

s
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Wireless ~ —/ .

Node 4

Fig. 1. Arrow Topology

To investigate the impact of adaptive packet aggregation and selected MSS size on
TCP performance, we conducted several simulations using a MSS of 536 and 1460
bytes in a simple arrow topology with 2 wireless hops and 4 TCP flows with infinite
backlogs. Two flows go from node 4 and 5 towards the wired host (node 0), one flow
from node 0 to node 4 and one flow from node 0 to node 5, see Fig. 1. We used TCP
with selective and delayed ACKs in NS 2.26 [5] with a modified adaptive packet
aggregation scheme from [2] to also aggregate TCP and ACK packets. We have
extended ns-2 to model a more realistic PHY layer implementation of 802.11a by
taking into account packet loss due to bit errors as a result of low link quality,
including effects of modulation scheme and convolution coding according to [3]. The
distance between node 3 and node 2 was set to 75m, there where no hidden nodes in
the scenario. As a reference we also simulated a distance of 45m (referred to as “good
channel” in Table 1), where no packet loss due to bit-errors occurred. In our
simulation a distance of 75 m between the nodes represents a link that showed 0.05 %
packet loss at a MAC frame size of 1064 bytes. Shadowing propagation model was
used with path loss exponent of 3. The wireless bandwidth was fixed to 24Mb/s data
rate and 6 Mb/s basic rate, delay on the wired link between node 0 and node 1 was set
to 1 ms as to simulate a local download to/from the mesh. The results from Table 1
show that using a small MSS where one link shows low signal quality, 75 m case,
improves end-to-end performance both with and without packet aggregation.
Performance improvement to use a MSS of 1460 instead of 536 is around 26% when
aggregation is deployed and around 20 % without packet aggregation, for low link
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quality. From Table 1 we can also see that the improvement of enabling packet
aggregation in a good channel with an MSS of 536 is about 44%, obviously the larger
MSS size is not punished by higher packet drop rates as in the case of a bad channel
but even so the performance with packet aggregation and a MSS of 536 performs
equally with a MSS of 1460 with no aggregation. This is mainly due to the fact that
TCP ACKs can be aggregated together which leads to reduced contention on the
medium. In good channel setup, MSS of 536 with aggregation performs slightly
worse than using MSS of 1460 without aggregation. In bad channel environment,
using small MSS with aggregation outperforms all other settings. The simulations
also showed that the fairness is very good, where scores using Jain's fairness index [6]
varied between 0.84 and 1.00, with aggregation. Worst fairness showed MSS 1460
under bad channel conditions. Without packet aggregation the fairness varied between
0.92 and 1.00, once again MSS 1460 with a bad channel had worst fairness. We will
however remind about the fact that there where no hidden nodes in this simulation
setup.

Table 1. Aggregated Throughput with bottleneck link, Kbytes/s.

MSS | Without Aggregation With Aggregation Improvement
of aggregation
536 352 (574 good channel) 371 (827 good channel) 5% (44%)
1460 | 294 (882 good channel) 294 (938 good channel) 0% (6 %)
20% improvement using smaller | 26% improvement using smaller
packet size for bad channel packet size for bad channel

Table 2. Average packet loss ratio (in brackets results 45 m distance)

MSS | Without Aggregation With Aggregation Improvement
of aggregation
536 | 4.7%10 (5.8%10~ good channel) [ 2.6¥10” (10 good channel) | 80%

1460 | 14.6*10 (6.2%10~ good channel) | 17.1*¥107 (10" good channel) | -15%

Table 2 shows average packet loss ratio (PLR). As can be seen for the good channel,
aggregation significantly reduces PLR both for large and small MSS, as it reduces the
number of packet transmissions and the collision probabilities. This is the main reason
for the performance improvement of deploying aggregation in the mesh. In bad
channel case adaptive aggregation also leads to improvements in PLR when small
MSS is used. However, when large MSS is used, aggregation leads to slightly higher
PLR. The reason for this could be that the equation used to estimate the optimal size
for an aggregated packet was fine-tuned for VOIP but further investigation is required
for TCP; which is left for future work.

We conclude that using standardized MSS size of 1460 bytes will yield an
unnecessary large packet drop rate under presence of links with high bit error rate in
an end-to-end path through Wireless Meshed Networks, compared to using a smaller
MSS. We also show that when packet aggregation is used, performance can be
increased in both good and bad channel conditions. As a summary, due to the
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performance gains that could be exploited in both bad and good channel conditions
with the combination of packet aggregation and proper tuning of TCP MSS, packet
aggregation is an interesting alternative for improving capacity in wireless mesh
networks for TCP flows. Our future work will concentrate on fine tuning the adaptive
packet size equation to suit TCP traffic better. We will also study the impact of
congestion losses in fixed networks on E2E performance where some hops traverse a
wireless mesh network, as well as studying different traffic scenarios in the presence
of hidden nodes, including more hops as well as different hop lengths in the mesh.
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Abstract. Providing reliable data communications over unreliable wireless
channels is a challenging task due to the time-varying wireless channel charac-
teristics that often lead to bit errors. These errors propagate to higher layers
causing loss of protocol data units. ARQ and FEC try to prevent this by provid-
ing a reliable service to the higher layers. Most analytical models proposed to
date assumed that the ARQ protocol is fully reliable meaning that a frame is
always successfully transmitted irrespective of the amount of time it takes. In
this project, we study the effect of a semi-reliable data-link layer on perform-
ance experienced by TCP. We develop an analytical model for a TCP connec-
tion running over a wireless channel with a semi-reliable ARQ, where the num-
ber of retransmission attempts is limited by some number. The model allows to
evaluate the effect of many parameters of wireless channels on TCP perform-
ance making it suitable for performance optimization studies. These parameters
include stochastic properties of the wireless channel characteristics, the size of
protocol data units at different layers, the ARQ/FEC settings, the buffer size at
the IP layer, and the service rate of the wireless channel.

1 Background

Most Internet applications and services, such as WWW, FTP, e-mail, instant messag-
ing, and peer-to-peer file sharing, require guaranteed complete and error-free end-to-
end data delivery. Since these applications and services are predominant is the Inter-
net, error control has become an important issue both in wired and wireless networks.
In wireless networks, error control requires even more attention than in wired net-
works due to the time-varying wireless channel characteristics that often lead to bit er-
rors. These errors propagate to higher layers causing loss of protocol data units.
Automatic repeat request (ARQ) and forward error correction (FEC) are very
popular error control techniques used in wireless networks. ARQ involves using re-
dundant information embedded in the transmitted data to detect errors at the receiver
and then returning a message to the sender requesting retransmission of the errone-
ously frame. In contrast to ARQ, FEC involves the addition of redundant information
embedded in the transmitted data so the receiver can detect errors and correct them
without requiring a retransmission. Adding more check bits reduces the amount of
available bandwidth, but also enables the receiver to correct more errors. Thus, FEC
imposes a greater bandwidth overhead than ARQ, but is able to recover from errors
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more quickly. However, even very powerful error-correcting code may not be able to
correct all errors that arise in a wireless channel. Hence a further error-control mecha-
nism is required, in which errors in data are detected and the data are retransmitted.
Due to complementary advantages, ARQ and FEC are often used in combination.

The maximum number of retransmission attempts is an important configurable pa-
rameter of an ARQ protocol that affects performance of data transmission over wire-
less channels. Setting this parameter to infinity results in completely reliable opera-
tion of the data-link layer. However, when the channel conditions are “bad” for
relatively long period the delay of end-to-end data delivery increases significantly.
This may lead to a number of undesirable effects for delay-sensitive applications as
well as buffer overflow at the source (e.g., wireless access point) and increase of end-
to-end delay for other packets in the buffer. In practice, the number of retransmission
attempts is usually limited allowing some frames to be lost. In this case, the service
provided by the data-link layer is considered to be semi-reliable.

Lost frames propagate to higher layers resulting in loss of IP packets and, conse-
quently, TCP segments encapsulated into these packets. TCP was initially developed
to operate over wired, rather wireless networks, where the primary cause for packet
losses is buffer overflow at the IP layer due to network congestion. Since TCP cannot
distinguish packet losses due to bit corruption in wireless channels from those due to
network congestion, loss or excessive delay of frames at the data-link layer triggers
TCP congestion control procedures. Therefore, the choice of ARQ/FEC parameters
may severely affect TCP performance.

2 The Model

Using the earlier obtained results [1], [2], we develop an analytical model for data
transmission over a wireless channel that explicitly takes into account the effect of a
semi-reliable data-link layer. Data loss is allowed to occur due to both excessive
number of retransmission attempts at the data-link layer and buffer overflow at the IP
layer. The performance metric of interest is long-term steady state goodput of a TCP
connection running over a wireless channel. Note that within the proposed framework
we also allow the wireless channel model to follow a quite arbitrary Markov model.
The developed model is a general framework rather than a model for a particular
wireless technology. However, it can be easily extended by adding specific details of
state-of-the-art wireless systems.
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Abstract. In this paper we propose the ATOM (Adaptive Transport
over Multipaths) architecture to enable real-time communications in
Wireless Mesh Networks (WMNs). WMNs provide robust communica-
tion facilities which are even available when certain other systems fail.
On the other hand, real-time applications (e.g., IP telephony, video con-
ferencing) in WMNs suffer from transmission errors, high delays, etc.
caused by the unreliable wireless medium. ATOM reduces these effects
by using path diversity and multi-stream coding. At the session establish-
ment, ATOM decides on the used parameter set (encodings, paths etc.)
considering current network conditions and collected historic data. Then,
after the session establishment, the effect of this decision is continously
monitored. If necessary, the decision is adapted.

1 Motivation

Wireless Mesh Networks (WMNs) emerge as an important technology for in-
creased wireless network coverage [1] and are becoming more and more popular
(MIT Roofnet [2], deployments in cities [3] etc.). Wireless mesh nodes are inter-
connected by wireless links and therefore WMNs do without a wired backbone.
A mesh network is automatically established over the wireless links among the
mesh nodes. This multi-hop wireless ad-hoc network is dynamically adapted by
its self-organization capability. As all communication inside a WMN is using
wireless links, there is no need for a wired backbone like in conventional wire-
less access networks. This makes the deployment of WMNs relatively easy and
cost-efficient.

WDMNs provide a robust and redundant communication infrastructure even
in situations where existing systems, e.g. GSM (Global System for Mobile Com-
munications), might be overloaded or fail. WMNs are robust against partial fail-
ures. Unlike the GSM network, where the failure of one base station disconnects
a whole region, WMNs can tolerate node and link failures due to redundancy and
self-organization in the network. Therefore, WMNs provide increased network
resilience. This makes them an interesting candidate for real-time emergency
communications, e.g. IP telephony or video conferencing.

* The work presented in this paper was supported by the Swiss National Science
Foundation under grant number 200020-113677/1.
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Unfortunately, the performance of real-time communication suffers from the
quality variations of the wireless links in WMNSs. The quality of real-time com-
munications is degenerated. The noisy communication channel can cause bit
errors in the data transmission. This requires either additional redundancy or
retransmissions and therefore reduces the bandwidth. Moreover, fluctuations in
the received signal strength due to interference or other changes in the environ-
ment can cause link failures. High delays or packet loss rates for the transmission
are the consequence. The end user then gets bad quality in his received trans-
mission, e.g., high rate of artefacts, stumbles, or even interruptions. This makes
the deployment of real-time applications a challenging task.

Path diversity and multi-stream coding offer support for real-time applica-
tions in WMNs. Usually, multiple paths in the network are not affected by the
same errors, delays, jitter and loss rates at the same time. Their error charac-
teristics are mostly uncorrelated. Therefore a transmission over multiple paths
(path diversity) can compensate the effects of the wireless medium by adding
redundancy to the transmission. Instead of simply sending the stream multiple
times, advanced multi-stream coding schemes such as layered (LC) or multi-
description coding (MDC) can be used [4-6]. Layered coding requires the error
free reception of at least the base layer stream to reconstruct the input stream.
Whereas in multi-description coding, any combination of received streams can
be used for reconstruction. The appropiate selection of encoding and the num-
ber of paths depends on the situation [7]. Therefore, the coding selection, the
number of used paths, and the mapping of the streams to the individual paths
have to be dynamically adapted according to current network conditions.

We propose a new architecture for adaptive transport over multipaths (ATOM)
to solve this optimisation problem. ATOM enables real-time communications in
WDMNs by using path diversity and multi-stream coding. The architecture is
described in the next section.

2 Architecture of Adaptive Transport over Multipaths
(ATOM)

The ATOM architecture enables real-time communication in WMNs. For this
purpose, it combines path diversity and multi-stream coding with dynamic adap-
tation to the current network conditions. Multi-path routing delivers multiple
independent paths, the application provides several multi-stream encodings, and
the ATOM architecture selects the appropiate set of paths, encoding, and map-
ping of streams to paths. The decision is supported by network measurements,
monitoring, and statistical evaluation. It is adapted if the network conditions
have changed.

The ATOM architecture at the end system is shown in Fig. 1. It consists of the
following components which are then described in more detail: ATOM controller,
ATOM aware application, history and statistical analyzer (HSA), monitoring
and measurement system (MMS), multipath routing, path allocator, and end-
to-end signalling. Besides these components at the end system, ATOM requires
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at least the installation of multi-path routing at all mesh nodes. Furthermore,
it makes sense to include HSA and MMS in the mesh nodes. The component
placement is discussed later.
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Fig. 1: ATOM end system

The ATOM controller is the central component of the system. It gathers
control data and makes the decision about the used communication configura-
tion. The ATOM controller receives data about the available encodings from
the application(s), available paths from the multi-path routing, the robustness
of the path or individual links from the HSA, and current network conditions
from the MMS. Considering this data set, it optimises the parameters for the
transmission. This includes the paths to be used, the encoding algorithm (multi-
description or layered coding), the number of streams to be encoded, and the
mapping of the streams to the paths. If necessary, the ATOM controller triggers
the discovery of new paths at the multi-path routing. According to the feedback
from the MMS or the application the controller reevaluates the current situation
and adapts the transmission parameters accordingly.

The ATOM aware application has to implement the ATOM application pro-
gramming interface (API) in order to use the ATOM framework. The ATOM API
permits the communication with the ATOM controller to exchange the available
configuration options and to get the configuration parameters back. The ATOM
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aware application informs the controller about available codecs and coding op-
tions at the initialisation of the transmission. It then receives the configuration
set (encoding, number of streams) from the controller. During an ongoing com-
munication, the application (or user) can give feedback to the ATOM controller
in order to revise its decision and to release new parameter settings for this
transmission.

ATOM introduces a history and statistical analyser (HSA) to further support
the decision process of the ATOM controller. HSA analyses the received data
from MMS and provides robustness information about individual paths, regular-
ities and periodicities to the ATOM controller. The received measurement data
from the MMS is analysed and stored as a compact meta data description. The
description contains information about the stability (fluctuations in availability,
bandwidth, and delay) of the paths and the links during the last week, days,
hours, and minutes. It further lists remarkable regularities and periodicities in
bandwith, delays, and outages.

The monitoring and measurement system (MMS) observes the network con-
ditions and the quality of ongoing transmissions. This is done by active (network
probes) and/or passive measurements. The measurement results are then sent to
the ATOM controller as description of the current network state and to the HSA
for statistical evaluation. In addition, MMS monitors the current transmissions
and provides quality feedback to the remote ATOM controller at the destination.

The required multiple paths from source to destination are delivered by a
multi-path routing protocol to the ATOM controller. There are several multi-
path routing protocols existing, e.g., AODVM [8], SMR [9], and MP-DSR [10].
We therefore propose to adapt an existing multi-path routing protocol to the
ATOM architecture. The routing protocol has to deliver paths that are as in-
dependent as possible with certain quality of service (QoS) requirements, e.g.,
delay below 150ms. The independence of the paths is important in order to take
profit of the path diversity and not to be affected by single link and node failures.
Moreover, the routing protocol has to deliver the paths marked with a degree of
independence (shared links, shared nodes) and QoS parameters to the ATOM
controller for the decision making process. We currently favor source routing
protocols like SMR and MP-DSR as they deliver the full path in the route dis-
covery process. This eases the path allocation according to QoS parameters. In
addition, each packet includes the whole path, which simplies the monitoring.
However, we will evaluate several candidate protocols for routing.

Multi-channel communication can significantly increase the throughput of
WDMNs. The routing protocol has to consider the presence of multiple channels
and radios in its routing decision in order to fully take advantage of the multi-
channel communication. This requires more advanced routing metrics than hop
count. The hop count metric is based on the wrong assumption that a link either
works or not. Packet loss, bandwidth, varying delays, and (self-)interference are
not considered. Different enhanced routing metrics are existing, e.g., MIC (Met-
ric of Interference and Channel-Switching) [11], and IAWARE [12]. iAWARE
seems to be the most appropriate metric to start with as it incorporates packet
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loss, bandwidth, intra-flow interference, and inter-flow interference considering
signal strength and traffic amount of the interfering flows. We will therefore
evaluate and adapt iAWARE as routing metric for our multi-path routing.

The path allocator is reponsible for the allocation of the individual streams
from the application to the paths according to the settings received from the
ATOM controller. It also delivers the received streams to correct application at
the destination.

End-to-end signalling is required for adjusting the parameters at both com-
munication peers. The ATOM aware applications have to signal their encoding
options to the ATOM controller and the ATOM controller has to inform the ap-
plications and its remote ATOM peer about the used parameter set. A possible
signalling protocol for this purpose is SIP (Session Initiation Protocol).

The ATOM components can be placed at different locations in the WMN.
Either all components are included in the end system (see Fig. 1) or the core
components are only situated in the WMN at the first and last hop router. The
placement in the end system requires modifications at each individual client.
Besides the ATOM aware application, the ATOM core components have to be
installed on the client. This requires modifications in operating system compo-
nents and all ATOM components have to be provided for the different operating
systems of the client devices. Another possibility is to include the ATOM com-
ponents only in the mesh nodes. In this case, only the ATOM aware application
has to be installed on the client devices. There is no need for porting the ATOM
core components to the different client operating systems. They have only to
be available for the mesh nodes. The ATOM aware application then communi-
cates with the ATOM controller over TCP/IP. Compared to the approach with
ATOM at the end system, the mesh only ATOM system may depend on the
transmission quality of the link between client and ATOM mesh node. In addi-
tion to these approaches, the ATOM architecture supports a combination of the
both approaches (some clients with ATOM core, some without) or even legacy
applications by interception of the traffic at the border mesh nodes.

3 Summary and Future Work

Wireless Mesh Networks provide a reliable and robust communication infras-
tructure even in situations where other systems may fail. But, it is a challenging
task to use them as communication backbone for real-time emergency commu-
nications such as IP telephony and video conferencing. The main problem are
transmission errors, link errors, packet loss, high delays, and high delay vari-
ations caused the unreliable and erroneous wireless medium. This makes the
deployment of real-time applications difficult as the user perceived audio/video
quality is degenerated (stumbles, artefacts, high delays, or connection losses).
Our proposed ATOM (Adaptive Transport over Multipath) architecture pro-
vides a comprehensive solution for the support of real-time communication in
WDMNSs. It reduces the effects of the unreliable and erroneous wireless medium
by using path diversity, multi-stream coding, and dynamic adaptation.
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The presented ATOM architecture is work in progress and we are currently
specifying its details. We have also started to implement and test parts of the ar-
chitecture in a network simulator. Further ongoing activities are the elaboration
of decision making process of the ATOM controller and the statistical analysis
in HSA. We also plan to implement and evaluate the ATOM architecture on
our Linux based wireless mesh network. In order to perform experiments in the
WMN at our institute, we have developed a remote management and software
distribution solution [13].
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Abstract. The handover process in WLAN involves the use of bandwidth for
the necessary signaling and protocols. Several mobility models are available for
simulating WLAN and MANET having different impact on the network
performance. This paper shows the impact of the mobility model on the cell
residence time (i.e. time connected to the same access point) in networks with
infrastructure designed for pedestrians. To this purpose, ns-2 simulations are
run with different mobility models and number of access points. The time
between changes of access point (i.e. handover) is studied as a random variable.
The research proves that the impact of the model is very strong when compared
to the predictable impact of the terminal speed. In some cases the handover rate
is almost doubled by only changing the mobility model while maintaining the
average speed. The coefficients of variation are low or very low showing that
the connection process (i.e. arrivals to access points) follows distributions with
low or very low peakedness factor.

Keywords: Mobility models, handover, cell residence time, WLAN.

1 Introduction

Mobility models play an important role in the analysis of several issues in wireless
networks, such as handover, channel holding time, resource allocation, location
updating, and others. In [1], the authors provide a comprehensive survey of mobility
models and prove through simulation that the nodes’ movements have a noticeable
impact on the performance of an ad hoc network. In [2], Qin et al. simulate a CDMA
network to study the relationship between the handover rate and the mobile speed. In
[3], results of the cell residence time and the channel holding time distribution in
cellular mobile systems are obtained after simulating a cellular network. Authors
show that the generalized gamma distribution is adequate to describe the cell
residence time distribution of handover calls. In [4] and [5], a proposal is presented to
dynamically construct the mobility pattern followed by a node and use this history in
order to predict future location and then reserve resources for the handover.

The handover process has an impact on the network performance since it uses
bandwidth for the necessary signaling and protocols. For a given layout of Access
Points (AP) in a WLAN it is predictable that the faster the terminals’ movement the
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higher the handover rate [2]. It is also predictable that for more APs covering the
same area the handover rate will increase. The consequence of more access points is a
better coverage, reliability and traffic capacity. However, it cannot be neglected that
more APs introduce complexity and lower traffic capacity per AP due to the increased
handover rate.

This paper deals with the time that a terminal remains under the coverage of the
same AP in a WLAN of small size designed for pedestrians. This is carried out by
running ns-2 simulations for different number of AP and mobility models. For a
terminal continuously connected to the WLAN, the cell residence time (i.e. time
connected to the same AP) is the time between handovers, hence the inverse of the
handover rate.

2 Mobility Models

In this Section the mobility models used in this work are briefly described: Random
Walk, Random Waypoint, Gauss-Markov (see [1] for a comprehensive survey on the
models considered in this paper and others).

In the Random Walk model (RWalk), a node progresses from its current location
by randomly choosing a direction and speed in which to travel; both direction and
speed are selected from predefined ranges, [0, 2] and [Viin, Vimax] respectively. The
node is allowed to travel in such direction and with the given speed for a predefined
time or for a predefined distance [1]. If a node reaches a simulation boundary, it
“bounces” off the simulation border with an angle determined by the incoming
direction, and then continues along this new path. RWalk produces highly
unpredictable movements, such as sudden stops and sharp turns: they occur because
current speed and direction is independent of past speed and direction.

The Random Waypoint model (RWpnt) was originally proposed in [6]. In this
model, each node is assigned an initial location (py), a destination (p;) and a speed;
both po and p; are chosen independently and uniformly on the region in which the
nodes move. The speed is chosen uniformly (or according to any other distribution)
on an interval (v, and v.,) independently of both the initial location and
destination. After reaching p; (i.e. after moving on a leg, as movement with a given
direction and speed is defined), a new destination and a new speed are chosen
according to their distributions and independently of all previous destinations and
speeds. The node may also remain still for a random pause time before starting its
movement towards the next destination. Such a model is used in many prominent
simulation studies of ad-hoc network protocols [1, 7, 8]. Similarity of RWpnt with
pause time set to zero with RWalk has been stressed in [1].

Spatial node distribution for the RWpnt mobility model has been investigated in
recent years. Starting from a formal description of the model in terms of a discrete-
time stochastic process, in [8] Navidi and Camp derive the stationary distribution for
location, speed and pause time for the RWpnt model in a rectangular area, and
provide an implementation of their method for ns-2 simulator. In [12], Bettstetter et
al. extend results for circular regions, using approximations at certain steps; in [7],
Hyytid et al. derive an analytical expression for the node distribution in an arbitrary
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convex region, without using approximations; the analysis is at the basis of [13] in
which authors present an exact analytical formula for the mean arrival rate at a cell.

The Gauss—Markov Mobility Model (Gauss) was originally proposed for the
simulation of a PCS [9]; it introduces the concept of a drift in the node’s movement.
Initially, each node is assigned a current speed and direction. At fixed intervals of
time, movements occur by updating the speed and direction of each node. The next
location is calculated based on the current location, speed and direction of movement,
according to the following equations:

s =as_ +(1-a)s+yJa-a)s, . W
d,=ad_ +(1-a)d+[1-a))d_, @)

where s; and d; are the new speed and direction of the node at time interval /; o, where
0<o<l1, is the tuning parameter is used to vary the degree of randomness in the

mobility pattern; s and d are constants representing the mean value of speed and
direction asn > oo; s, and d_ are random variables from a Gaussian distribution:

Xi-1
with =0 Random Walk movements are obtained, while with a=1 linear motion is
generated [1]. This model forces a node which is moving away from the area
boundaries, to go back to it; therefore, the field size is automatically adapted to the
node movements after scenario generation.

In [1] several examples of paths followed through different mobility models are
depicted and analyzed proving that both RWalk and RWpnt tend to concentrate
node’s movements in the center of the area, while Gauss does not. On the other hand
Gauss-Markov can eliminate the sudden stops and sharp turns of RWalk since next
movement depends on the current one.

3 ns-2 Simulator and Scenarios

This study is based on simulation performed with ns-2 [10]. An 802.11 Mobile Node
(MN) is moving in the simulation area while continuously sending data to a target
node that remains static (i.e. AP1). The handover process is identified through the
analysis of the messages interchanged with the AP. Different scenarios and different
mobility models have been taken into account. A brief description follows.

The setdest tool from the CMU Monarch group is the mobility generator included
in ns-2. The setdest tool determines each leg movement (i.e. a destination (x,y) and a
speed) and computes how long does it take to reach destination at such speed: next leg
will start from that point. If pauses are settled, in next movement MN may remain still
for a predefined time (i.e. according to pause distribution). It is clear that the length of
the leg is not constant, but depends on the speed used (i.e. higher speeds mean shorter
legs). This implementation follows the RWpnt mobility model described in Section 2.
If pause time is set to zero (i.e. RWpntU and RWPnt0), we obtain a movement which
is very similar to that of RWalk [1].
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Table 1. Mobility models and parameters used in simulation.

RWpntU RWpnt0) RWpntl  RWpntl0 Gauss

Minimum speed [m/s] 0.7 0.7 0.7 0.7 0.7
Maximum speed [m/s] 2.0 2.0 2.0 2.0 2.0
Speed type Uniform  Normal Normal Normal Normal
Actual average speed [m/s] 1.23 1.28 1.26 1.14 1.30
Pause type Constant  Constant ~ Uniform Uniform Uniform
Pause [s] 0 0 1 10 1

In this work, v,,;, and v,,,, are fixed to 0.7 and 2.0 m/s, respectively, as shown in
Table 1; simulation was performed setting different pause time and speed
distributions. Note that the average speed is not the mean between v,,;, and v,,,,, since
the duration of each movement at a given speed is not constant. In [13], authors
provide the probability distribution of the node’s speed at an arbitrary point of time,
which is expressed by the following formula:

1 A3)

E[1/v]

o=t Lrw,
2\

where f,(v) is the speed distribution settled by the user (i.e. uniform or normal). E/1/]
is assumed to be finite. In case of use of pause time, the probability distribution of the
node’s speed is expressed by:

£ ()= f.(v| Paused)- P, + f.(v| NotPaused)-(1— P, 4)

pause pause )7

where the conditional density f,(v| NotPaused) equals the density £, (v) in Eq. (3).
It is possible to compute the average time-weighted speed for RWpnt model. As an

example, we derive the average time-weighted speed for RWpntU, for which speed
f,(v) is uniformly distributed between 0.7 and 2.0:

2.0 2.0 2.0 (5)
. 1 1
E]=[v- i 0)dv =] ve——— = £,y = [ v ——dv=1.23,
& s E[l/v] v o, 0.80756-v
where E[1/v] can be evaluated, according to [8], as:
20 _1n(2.0/0.7) (6)

ElL/v]=[ 2 £y =0.80756.
v

0.7

Analytical calculations for the average speed match the values obtained from
simulation and showed in Table 1. An example of the time-weighted speed

distribution £, (v) for RWpnt0 is shown in Fig. 1.
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Fig. 1. Time-weighted speed distribution for RWpnt0 model (v,,;,,=0.7 m/s, v,,,,=2.0 m/s).

For the Gauss-Markov model, the Bonn Motion Java software [11] has been used,
which slightly differs from the original Gauss-Markov model. The main difference is
that the new speed and direction are simply chosen from a normal distribution with a
mean of the respective old value. In the reminder of the paper, we will refer to this
“modified” Gauss-Markov model as “BM-Gauss”.

Three scenarios have been considered in this study. The simulation area is a square
with side of 200 meters, in which a number of static nodes (i.e. AP) have been placed.
The number of APs is 4, 9 and 16, representing three designs with minimum full
coverage, reasonable overcoverage and overcoverage for high capacity respectively.
The important rule while positioning these AP’s is to guarantee that they can always
stay connected considering that the maximum distance is 100m. Table 2 displays (x,
») coordinates of the location of the static nodes in each scenario.

To study the dependency of the cell residence time with the mobility pattern we put
a mobile node (MN) moving inside the simulation area according to one of the
mobility models. Table 1 shows the parameters used for each model in our
simulations. The total time of the simulation is 50 hours leading to samples of 400 to
1400 residence times, enough for achieving trustable statistics.

Table 2. AP locations in different scenarios: coordinates (x; y).

4AP 9AP 16AP
AP1 50.1; 50.1 AP1 33.3;33.3 AP1 25; 25 AP9 25; 125
AP2 149.9; 50.1 AP2 100; 33.3 AP2 75; 25 AP10 75; 125
AP3 149.9; 1499 | AP3 166.7;333 | AP3 125;25 | AP11 125; 125
AP4 50.1; 149.9 AP4 166.7, 100 | AP4 175;25 | AP12 175; 125
- APS 100; 100 APS 175;75 | AP13 175; 175
- AP6 33.3; 100 AP6  125;75 | AP14 125; 175
- AP7  333;166.7 | AP7T  75;75 AP15 75; 175
- AP8 100; 166.7 | AP8  25;75 AP16 25; 175
- AP9 166.7; 166.7
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3.1 Handover handling in ns-2

The handover is identified through the analysis of the messages interchanged with
the AP. In ns-2 simulator, a handover is performed when MN looses connection with
its AP. According to the antenna parameters used in our simulation, the transmission
range is 100 m. We detect the start of HO through the AODV error message that MN
will send in order to find a new path to its destination (i.e. AP1). The path is always
chosen as the shortest path between them: it follows that, with different APs locations,
since MN always follows the same path with a given mobility model, the time at
which MN looses connection with the current AP will be different in each scenario;
depending on its position at that time, AODV will select a different path. As an
example, Fig. 2 shows the path followed by MN during the first 1000s according to
RWpntU model in a scenario with 4 and 9 APs, respectively. MN starting position is
(164.4; 110.9). In the first scenario, MN will associate to AP2 (i.e. positioned at
(149.9; 50.1), as shown in Table 2) which delivers its data to the destination AP, since
the distance between MN and AP1 is higher than 100m at t=0; after 150s, it will be
too far from AP2 and then performs HO and associates to AP1, since at that time it is
within its coverage area. In 9AP scenario, MN firstly associates to AP5 which is at
one step from AP1 (i.e. farer than 100m from MN); after 342s, it looses connection,
performs HO and finally associates to AP6, in order to reach its destination.

I I
— MN mavements - RWpntU
MN position at t=0
4AP location
9AP location |
First HO - 4AP scenario
First HO - 9AP scenario

200 -

LI o

50 -

0 I I I I
0 50 100 150 200

Fig. 2. RWpntU movement pattern during the first 1000s and MN position at first HO in
scenarios with 4 and 9 AP.

112



It can be observed that, in 4APs scenario, the probability for MN to stay in the area
covered by AP1 (which means that it will directly connect to it) is 49.79%. It can be
calculated as the proportion between the area of the circular sector centered in AP1,
with 100m radius and limited by the intersections with the simulation area boundaries
(i.e. points (136.6; 0) and (0; 136.6)) and the total simulation area (i.e. 200x200
square). The same probability in 9APs scenario is reduced to 38.74% (i.e. the circular
sector is now centered in (33.3; 33.3), which is AP1 location in this scenario), has the
same radius of 100m and intersects simulation area boundaries at (127.6; 0) and (0;
127.6)). The probability that MN in 4APs scenario will connect to one of the two AP
that stay at one step from AP1 (i.e. AP2 and AP4) is the probability for MN to stay in
the area covered by AP2 or by AP4, but not covered by AP1. It can be computed as
proportion between the union of the circular areas centered at AP2 and AP4, minus
the circular area centered at AP1 (of course, only the area inside the simulation square
is considered): that is 41.90%. The same probability in 9APs scenario grows to
67.30%, since there are three AP at just one step from AP1 (i.e. AP2, AP5, and AP6)
and one of them nearly covers the whole simulation area (i.e. AP5). We should
expect, then, that cell residence time will increase in the latter scenario.

5 Results and Analysis

Table 3 displays the mean cell residence time. Since the MN is continuously
connected (i.e. the average time during which MN is not connected is always less than
100 ms) this is the time between two consecutive handovers. The duration of the
residence time is longer for slower average speeds, produced by longer pause times in
this case: only BM-Gauss does not follow this figure and provides the highest value.
The importance of the mobility model applied is proved by the noticeable difference
between the residence time for the Gauss-Markov and the RWpnt0, both with nearly
the same average speed (i.e. 1.30 m/s and 1.28 m/s, respectively). The residence time
is about the double for the Gauss-Markov meaning that the number of necessary
handovers is about the half. The movement pattern of the Gauss-Markov model is not
composed of straight lines and is much smoother than the movements created by the
RWpnt. Straight lines tend to increase the handover ratio while bends can keep the
terminal under the coverage of the same AP for a longer time.

We also observe that scenario with 9AP provides the highest average residence
time, except for BM-Gauss model. As commented before, this increase with respect to

Table 3. Average cell residence time (in seconds) and its squared coefficient of variation for
each scenario and mobility model.

4AP 9AP 16AP
RWpntU 148/0.56 191/1.30 144 /1.48
RWpnt0 135/0.49 168 /1.27 127/1.38
RWpntl 138/0.51 174/1.33 128 /1.44
RWpnt10 155/0.57 189/1.18 145/1.34
BM-Gauss 382/0.82 250/1.24 247/1.46
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Table 4. Average number of handovers per hour and AP.

4AP 9AP 16AP
RWpntU 6.08 2.09 1.56
RWpnt0 6.67 2.38 1.77
RWpntl 6.52 2.29 1.75
RWpnt10 5.81 2.11 1.55
BM-Gauss 2.36 1.6 0.9

a scenario with less AP is consequence of an higher probability that MN moves in the
area covered by AP2, AP5 or AP6 (i.e. one of the three APs that offers one-step-
distance path to destination AP1) and not covered by the same APl. In 16APs
scenario, such probability decreases since the number of APs at less than 100m from
AP1 is still 3 and the area covered by them is less than in the previous scenario: this
leads to a decrease in the average cell residence time, as observed in column 4 of
Table 3. Squared coefficients of variation of the residence time show figures that are
never high (i.e. always lower than 1.5). For a low number of APs, coefficients of
variation lower than one suggest that handover arrival process is smooth;
approximating this process by Poisson would lead to conservative figures in the
design. For overcoverage, the coefficient of variation remains near to unity;
approximating by Poisson can keep a certain degree of accuracy. It must be noticed
that in all cases the coefficient of variation increases together with the number of AP.

Table 4 shows the average number of handovers per hour and AP. This figure
decreases when the number of AP is increased. This is mainly a consequence of the
overcoverage: the share of layout covered by more than one AP is larger for more
APs.

6 Conclusions

In this work the impact of different mobility models in scenarios with a different
density of AP has been studied. Simulation proves that it is not always true that, with
a higher number of nodes, the average residence time decreases as one should expect.
This is almost a consequence of the algorithm used for performing a handover, of the
cell coverage and the routing protocol (i.e. shortest path in this study). With the same
number of AP, the average residence time is longer if MN moves according to Gauss-
Markov mobility model (i.e. smoother changes of direction and higher probability of
staying around) and shorter if a memory-less model is used. The impact of using a
specific mobility model can be almost twice the handover ratio for the same layout
and average speed, stressing the importance of its choice when studying wireless
network performances.
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