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Abstract

In this thesis, three issues in wireless and mobile networks are considered.
The first issue is the enabling of real-time traffic in wireless local area net-

works (WLANs). Real-time services such as streaming voice and video require
a certain quality of service (QoS) such as low packet loss and low delay to per-
form well. Four different mechanisms for providing service differentiation in a
wireless LAN are evaluated through simulations. Some recommendations are
made on which mechanism to use in different scenarios.

The second issue concerns ad hoc networking. In ad hoc networks, there is
no fixed infrastructure, but all nodes are considered equal and take equal part
in the routing and forwarding of packets. This may not always be desirable,
as some nodes may be equipped with virtually unlimited power supplies, while
others have to rely on battery power. Thus, we propose the creation of “infras-
tructured” ad hoc networks by the deployment of pseudo base-stations (PBSs),
which are nodes that have constant power supply (e.g., through a power out-
let or a car battery), do not move, and are present just to act as routers and
forward packets for other nodes, thus allowing the mobile nodes to save power.
ISAIAH, a routing protocol that enables this kind of network is presented and
evaluated against AODV using simulations. It is shown that the use of ISAIAH
can reduce the power consumption of nodes while keeping performance at a level
comparable to AODV.

The final issue is that of routing and forwarding in intermittently connected
networks, where there may rarely or never exist a fully connected path be-
tween source and destination. This invalidates some of the basic assumptions
of traditional networking and renders traditional networking protocols unusable
end-to-end. Therefore, routing in such intermittently connected networks is
studied, and a novel routing protocol taking advantage of the mobility of nodes,
and the predictability of that mobility is presented.
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Preface

This work has been carried out during two years at Lule̊a University of Tech-
nology. I started working at the Division of Computer Networking in August
2000. I began here to write my Master of Science thesis together with Andreas
Almquist, under the supervision of Olov Schelén. We worked on Quality of
Service in Wireless LANs; work that besides our Master’s thesis also resulted
in a first publication as early as the summer of 2001. That summer, I was also
accepted as a Ph.D. student at the division (which now had merged with the
Division of Computer Science) with Olov as my supervisor.

The work on QoS in wireless LANs continued, and resulted in two more
publications, the final one included in this thesis as Paper 1. I also started to
look at routing in ad hoc networks, and in particular, the concept we called
“infrastructured ad hoc networks”. This eventually lead to the publication
included in the thesis as Paper 2.

In the beginning of 2002, Avri Doria came to the division as a guest re-
searcher. After a while, she introduced me to a problem she had been thinking
about that involved Saamis and networking. The project sounded interested, so
I began looking at some parts of that project with her. Paper 3 in this thesis is
the result of our collaboration.
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The wireless telegraph is not difficult to understand. The ordinary
telegraph is like a very long cat. You pull the tail in New York, and it meows
in Los Angeles. The wireless is the same, only without the cat.

Albert Einstein (1879 - 1955)
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1 Introduction

In the beginning of the 1960’s, the theory of packet switching, which is fun-
damental for the Internet was first developed. In the decades to come, the
technologies and protocols of the Internet evolved into the globally spanning
network we have today [56]. At the time of these early events, in the very
beginning of computer networking, certain properties of the networks at hand
affected the design of the network architecture. One such property was the fact
that the network consisted almost entirely of wired links. Even though one of
the first networks to connect to the ARPANET [64] (the predecessor to the In-
ternet) was ALOHANET [1,2], an early packet radio network developed at the
University of Hawaii, protocols were still designed for fairly stationary nodes,
connected by links with characteristics similar to each other in terms of delays,
bit error rates, and reliability.

As time passed, the network architecture was shaped by its designers un-
der the constraints of the network properties mentioned above. Eventually, the
TCP/IP protocol suite emerged. Since this was designed with the current situa-
tion in mind, it has properties that reflect that. TCP require relatively short and
non-varying round-trip times, and bit-error rates that are rather low to function
properly. The IP protocol has requirements of the existence of a simultaneously
fully connected path between source and destination if communication should
be possible (otherwise packets are dropped). However, the design of the current
Internet protocols were very well suited for the networks they were designed for,
and they have played a large role in the huge success of the Internet.

Recently, the world has changed, and now wireless networks can be found al-
most everywhere due to the great flexibility inherent in such untethered connec-
tivity. Hot spots of wireless LAN access emerge in many places, providing high
bit-rate wireless Internet access to end-users. In other locations, infrastructure-
less (or ad hoc) networks are used to enable communication where no fixed
communication infrastructure is in place by sharing the burden of routing and
packet forwarding. Further, there also exist situations where no fixed infras-
tructure is available, and where nodes may only occasionally encounter other
networked nodes, but still want to be able to communicate with nodes far away.
However, even though wireless networks offer great opportunities, they also in-
troduce a number of new problems to computer networking that require new
solutions. This thesis considers three such issues; one in each of the three set-
tings listed above. The following three sections introduce these problems, give
a background to the problem area, and outline my contributions dealing with
those problems.

2 Quality of Service in Wireless LANs

The flexibility of wireless networks make them an attractive networking solution.
However, traditionally, wireless networks have had low bandwidth, high bit-error
rates and high prices, impeding their deployment. When Wireless Local Area



4 On Three Issues in Wireless Networking

Networks (WLANs) were introduced, a new era of wireless networking began.
Solutions based on WLANs (primarily the IEEE 802.11 standard [83]) provide
a bandwidth close to that of wired networks at a competitive price. Because of
this, wireless LANs are deployed at many sites today, and it is expected that
the number of installations of these networks will increase to cover even large
areas. Today, many places such as university campuses, corporate office space,
downtown stores, and other hot spots have coverage of wireless LANs, but the
usage is often low. This can depend on potential users not knowing about the
existence of these networks, or not owning the required equipment to use it.
It can also depend on the fact that users do not see any added value in using
the network due to performance that is not acceptable for certain applications.
Users will expect to be able to get similar performance as when using wired
networks and to be able to run real-time applications such as streaming audio
and video over the WLAN. Scenarios such as these show a need for the ability to
provide some service differentiation between users to facilitate for applications
with higher demands on the quality of service they receive. The motivation for
employing service differentiation is that different types of traffic have different
requirements on the network. For example, an interactive voice application
becomes unusable if voice data packets are delayed more than 100 ms in the
network. On the other hand, a mail application or web browser does not have
the same requirements on low delays. Therefore, it is reasonable to try to
provide better service to certain kinds of traffic.

The IEEE 802.11 standard specifies two access mechanisms, the contention-
based Distributed Coordinator Function (DCF), and the centralized solution
known as the Point Coordinator Function (PCF). Presently, however, in most
available products, only DCF is implemented. Even though PCF can be used
to provide some service differentiation, it has been previously shown to per-
form poorly [88]. Thus, the DCF access mechanism can be considered to be
the solely used access mechanism, and one problem that WLANs do suffer
from is the effect of the contention based medium access mechanism. Since
the mechanism is contention based, all nodes that have some data to send have
to contend for the medium when it becomes idle through an exponential back-
off based scheme. This has the consequence that as the number of nodes in
the network increases, the throughput of the network decreases [43]. There are
however other proposed accesss mechanisms. Vaidya et al. try to emulate fair
queuing in wireless LANs, through a scheme called Distributed Fair Scheduling
(DFS) [87]. Sobrinho and Krishnakumar propose Blackburst [82], a scheme de-
signed to provide collision-free medium access to real-time traffic. Finally, the
upcoming IEEE 802.11e standard contain an updated access mechanism know
as the Enhanced Distributed Coordinator Function (EDCF) with support for
multiple traffic classes [9].

2.1 My contribution

In Paper 1, which I am the main author of, four different schemes for providing
service differentiation in wireless LANs are evaluated. The schemes evaluated
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are PCF, DFS, EDCF, and Blackburst, and the evaluation is done through
simulations, using the ns-2 network simulator [11, 29, 63]. One of the main
research contribution of this paper is that it points out several weaknesses in
the IEEE 802.11 standard and that it shows which methods and approaches
that could be used to investigate and improve wireless communication/networks
further. Our results shows that there already exist several schemes that are able
to provide some level of QoS in wireless networks. Each scheme has its own
benefits and drawbacks that should be taken into consideration when deploying,
or further investigating that particular scheme.

The results also show that if you only try to prioritize some particular kind
of traffic, for example IP-telephony (i.e voice), as in Blackburst [81], you are
able to perform far better than with a more general approach.

This paper and its predecessors [3,58,59] have been cited by a large number of
papers [4,6,12,24,32,33,53,54,62,66,73,75,76,85,90], and they are recommended
reading in computer networking courses at Iowa State University and University
of California at Berkeley.

Implementation of the IEEE 802.11 PCF mode for the ns-2 simulator

The evaluation of the Quality of Service mechanisms made in this paper is based
on simulations performed in the ns-2 network simulator [29,63], a discrete-time
event driven network simulator that is frequently used in the networking research
community. To enable these simulations we had to extend the original ns-2
distribution (which only contained a model of the IEEE 802.11 standard, which
however lacks the PCF access mode) with implementations of the evaluated
schemes. In this process, the PCF mode of IEEE 802.11 was integrated into the
simulator. A patch allowing others to use the PCF implementation was later
released to the ns-2 community1. This patch has been downloaded and used by
a large number of people (at least 87). Further, the use of this code has helped
produce other publications [16,32,37].

2.2 Current status

Some time has passed since the work presented in Paper 1 was initially done.
Therefore, it can be of interest to look at the current status of this research area
and what have happened since our paper was written. Looking at the large
number of papers citing our work on QoS in wireless LANs, it is evident that
this area continues to be popular to work in. One thing to note is that the efforts
to develop brand new MAC layer solutions to the QoS problem seem to have
decreased, and instead that effort is directed at using the existing mechanisms,
or modifying them slightly. Among the newly published papers addressing this
topic, some still look at using PCF for service differentiation [18,38]. However,
most people seem to focus on using the mechanisms in IEEE 802.11e [34, 85],
or slightly modified versions of those [53, 73]. Since the mechanisms of IEEE
802.11e will be standardized, they will in a not so distant future be available

1Available from http://www.sm.luth.se/~dugdale/index/software.shtml
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in commercial products. Therefore it seems reasonable to focus the research on
this technology.

Unfortunately, no more work on Blackburst seems to have been done. This
mechanism seemed very promising, especially for specialized applications. How-
ever, the fact that it is so specialized, and its requirements on the traffic and
the hardware to be used might have impeded the success of Blackburst.

Vaidya’s research group have continued the work on distributed fair schedul-
ing in wireless networks and taken it beyong the DFS scheme included in our
evaluation. While DFS enabled distributed fair scheduling in a wireless LAN, a
new scheme takes this one step further and enables fair scheduling in multi-hop
wireless networks [91].

3 Infrastructured ad hoc networking

An ad hoc network is a wireless network where no fixed infrastructure is in
place. Instead, all nodes in the network take part in the routing structure of the
network, forwarding packets for each other when needed. The special proper-
ties of ad hoc networks such as the possibly high mobility resulting in frequent
topology changes and the impossibility to manually configure routers, makes
it impossible to use traditional routing protocols with acceptable performance
as they were designed for networks where topology changes are rather infre-
quent. To alleviate these problems, several ad hoc routing protocols have been
developed [74], and standardization work is underway in the IETF (Internet
Engineering Task Force) MANET [22] working group to come up with some
standardized routing protocols for ad hoc networks. Ad hoc routing protocols
have been of mainly two types, proactive and reactive. Proactive routing proto-
cols such as DSDV [69], OLSR [21], and TBRPF [8] are similar to the routing
protocols used in wired networks in that they try to always maintain entries in
their routing tables for all possible destinations in the network. This approach
works well at low mobility, and allows packet transmission to occur as soon as a
data packet is generated by the application since the route to the destination is
known. However, since nodes in an ad hoc network are mobile, topology changes
can be frequent, requiring lots of control traffic to be sent to keep all routes up-
dated at all times. On the other hand, reactive protocols such as AODV [68,70],
DSR [50], and TORA [65] try to reduce the amount of control traffic required,
by only maintaining routes on-demand. This means that nodes do not acquire
a route to a certain destination until the need for it arises (i.e., when some
application wants to send data to that destination), and then initiates a route
discovery process to find a route to the destination. This approach reduces the
amount of control traffic required, but can incur an extra route discovery delay
if no route is currently present when a data packet is to be sent.

These two main types of protocols can also be combined into a hybrid pro-
tocol such as ZRP [44]; doing proactive route maintenance in a local region,
but using reactive route discovery to find routes to destinations further away.
Several other hierarchical routing schemes (e.g. CEDAR [79]) have also been
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proposed to reduce the control traffic overhead.

Most of the available ad hoc routing protocols take the traditional approach
when selecting among several paths, and try to find the shortest path between
source and destination. In many cases, this is probably the most favorable path
to choose, but there also exist routing protocols that take other aspects into
account such as link stability [84], load balancing [55], and power consump-
tion [17,28,39,78]. Some protocols even rely on novel applications of theoretical
results from areas such as swarm intelligence [42, 72]. The rationale for consid-
ering such aspects is that it is believed that performance can be increased by
doing so. By selecting more stable links, paths will not break and have to be
repaired as often (reducing the control traffic overhead in the network and also
increasing the packet delivery rate); by doing load balancing, higher aggregate
throughput may be achieved, and by taking power consumption into consider-
ation, the overall lifetime of the network can be prolonged, to the benefit of all
participating nodes.

We observe that one of the problems of ad hoc networking is that there
really is no incentive for the nodes in the network to waste scarce resources
such as battery power to benefit other nodes by participating in the routing and
packet forwarding. This problem becomes even more severe in the case of a very
heterogeneous network where there are large differences between the capabilities
of the nodes (such as the amount of power or computational resources). Similar
observations of the heterogeneity of nodes in ad hoc networks are made by
Chakeres and Belding-Royer in their work on a modified version of AODV that
takes this heterogeneity into account when selecting routes [15]. One approach
to alleviate this problem, and to prolong the life-time of the nodes of an ad hoc
network, is the introduction of the concept of infrastructured ad hoc networks.
In such networks, nodes that have a nearly unlimited power supply (e.g. through
connection to the mains or some other virtually unlimited power supply) and
low mobility (most likely being stationary) are deployed throughout the network
to assume responsibility for the main part of the routing and forwarding in the
network. The deployment of such nodes (or the possibility of mobile nodes
connecting to a greater power source choosing to take a greater part in the
routing) allow mobile battery powered nodes to reduce the amount of data they
must transmit on behalf of other nodes, thus enabling them to save power. An
even larger power reduction can be obtained if mobile nodes are allowed to
periodically enter a sleep mode while packets for them are buffered at powered
nodes. Studies have shown that even when a wireless LAN interface is idle (does
not transmit or receive), the power consumption of it is only slightly less than
that of a receiving interface [30]. However, if the interface enters a “sleep” mode,
the power consumption is drastically reduced, but at the price of not being able
to send or receive data while in sleep mode. Thus, if mobile nodes should be
allowed to enter sleep mode, it is vital to have powered nodes available that
buffer traffic for the sleeping nodes. Otherwise, that traffic would be lost.
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3.1 My contribution

I am the main author of Paper 2, in which we introduce the concept of infras-
tructured ad hoc networks. Further, we present ISAIAH, a routing protocol for
infrastructured ad hoc networks based on the AODV protocol, but modified to
support the existence of nodes with high power and low mobility. This proto-
col also allows mobile nodes to enter a sleep mode to further reduce the power
consumption. The ISAIAH protocol is evaluated against AODV in a simulation
study, and is found to be able to greatly reduce the power consumption, while
still keeping the performance of nodes at a high level.

This paper is recommended reading in a computer networking course at
University of Delaware.

4 Routing in Intermittently Connected Networks

While an ad hoc network often is considered to be a rather harsh networking
environment, there exist even more extreme scenarios. Consider the case where
a fully connected end-to-end path through the network rarely, or never exists
between two entities wishing to communicate. This is reality in a number of
scenarios, exemplified below:

Remote/aboriginal communities Communication between villages of pop-
ulation in the north of Sweden consisting of reindeer herders suffer from
lack of infrastructure such as wired network access, and other means of
networking (GSM, satellite, etc) are either unavailable, intermittent, or
too expensive to be viable [27]; similar problems exist among other abo-
riginal populations and populations in poor regions [67].

Sensor networking In sensor networks, a large number of sensors is often de-
ployed to achieve a high degree of redundancy and to ensure connectivity.
However, in many sensor network scenarios it might only be possible or
desirable to deploy a smaller number of sensors (due to cost or some other
constraint), but it is still required that data from all sensors can be col-
lected even though the network might never be fully connected. Examples
of such scenarios include collection of oceanographic data from tags at-
tached to seals [10] or whales [80] in the ocean, or from zebras [52] on the
African savanna.

Satellite and deep space communication In certain kinds of satellite net-
works and deep space communication, the problems of disconnected net-
works is also present [71]. Because of the large costs involved in these
scenarios, it is imperative that efficient solutions are developed.

Intermittently connected networks, such as the ones described above, violate
some fundamental assumptions required for the operation of normal network
protocols such as the TCP/IP protocol suite. Unless a fully connected path
exists, routing protocols can not correctly route IP packets to their destination,
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but instead they will be dropped, and TCP can not set up a connection be-
tween two hosts. Thus, there is a need for an architecture and protocols that
can handle this kind of network. While some work is going on to define an
architecture suitable for such scenarios (see Sect. 4.1), little work has been done
on solving the routing problem. In the last part of this thesis (Paper 3), the
problem of routing in intermittently connected networks is addressed. To en-
able eventual message delivery in such networks, the mobility of nodes together
with a transitive propagation of messages in a store-and-forward manner must
be relied upon. This means that nodes can buffer messages for other nodes for
a long time, and upon encountering another node, they exchange messages with
that node until the message eventually reaches its destination. If resources such
as buffer space and bandwidth were unlimited, the problem would be simple
to solve optimally by only flooding all messages throughout the network. This
can be achieved by always exchanging all messages between two encountering
nodes. However, since such resources are not likely to be unlimited, but rather
very scarce, it is necessary to provide good performance with regard to impor-
tant metrics such as delay and message delivery rate, while still keeping resource
utilization at an acceptable level.

4.1 The Delay Tolerant Networking (DTN) architecture

Severe violations of the fundamental requirements for the TCP/IP suite like the
one mentioned above were first noticed in the context of deep space communica-
tion, causing the InterPlanetary Networking Special Interest Group (IPNSIG)
[47] to be created within the Internet Society. This group created a network
architecture to enable communication in such environments. However, it was
realized that the architecture developed could not only be applied to interplan-
etary networking, but there also exist several terrestrial scenarios where such
an architecture could be beneficial, resulting in the generalization of the net-
work architecture into the Delay Tolerant Networking (DTN) architecture [14].
While a fair amount of effort have been put into defining the DTN architecture,
algorithms for routing in the different possible scenarios is still an open research
issue that has not yet been thoroughly addressed.

4.2 My contribution

I am the main author of Paper 3, in which we study routing in intermittently
connected networks under the assumption of non-random mobility. We look
at some previously proposed routing solutions and make the observation that
node movement is likely to be predictable. Using this observation, we develop
PROPHET, a routing protocol that exploits this behavior. Using simulations,
we show that our proposed protocol is able to outperform a previously proposed
protocol for routing in this kind of network.
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5 The use of simulations in computer network-
ing research

Due to the complexity of large networks, and the resulting difficulty to create
models of them suitable for theoretical analysis, computer networking research
is often conducted in an experimental manner. However, to accurately evaluate
a new mechanism, there may be a need to set up large scale networks with many
nodes, or to modify some behavior in the core of the networks or functionality
that is normally implemented in hardware and hard to modify (such as MAC
layer functionality). When conducting experimental research, it is also impor-
tant that the experiments are designed to be repeatable so that others can verify
the results. This is especially hard when dealing with wireless networks, as they
inherently suffer from the ever-changing nature of the wireless medium.

These problems have contributed to making the use of simulation tools very
popular in the networking research community [46]. Factors such as the relative
simplicity of implementation and experiment setup compared to real-life exper-
iments also contribute to this. The extensive use of simulations is however not
without problems. While the use of simulations in the evaluation process is a
powerful tool, it is important to keep in mind that the simulation is not the real
world, but just a model. Thus, the validity of the conclusions drawn from the
simulation results depend on the suitability of the model used. As an example,
Lundgren et al. show that due to a lack of detail in the modelling of the wireless
medium in the widely used ns-2 [11, 29, 63] simulator, simulation results can
differ greatly from real world results in some scenarios [61]. The solution is
however not always to just increase the amount of details implemented in the
simulator. We must instead think of what the impact of leaving out details
could be, since a less detailed model is simpler to implement, will give shorter
execution times for the simulator, and the results might be just as good as with
the more detailed model. Heidemann et al. [45] have looked at this dilemma,
and discuss the effects details have on simulations of wireless networks, while
Floyd and Kohler [31] discuss the quality of models used in Internet research in
a wider sense.

I have used simulations as the main tool of evaluating different mechanisms
in all papers included in this thesis. In the first two papers, we have used the
ns-2 simulator, extending it to fulfill our needs, and for the evaluations in the
last paper, a new simulator was developed. The reason for opting to use ns-2
in the first papers was that basic functionality of the mechanisms to be eval-
uated already was available. Therefore, it was only necessary to make some
modifications and implement some extra functionality to be able to run simu-
lations. Because of the nature of the problems studied, we also believed that
it was necessary to simulate lower layers at a rather high level of detail, some-
thing that was also already present in ns-2. For the last paper, we decided to
implement our own simulator in the Java programming language. The reason
for this was mainly that since the problem studied was at a somewhat higher
level, we did not want to include all the details of lower layers since they were
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not likely to make a large difference on the simulation results. In this paper, we
also developed a new mobility model instead of only using the random waypoint
mobility model [50] that is commonly used in ad hoc networking research. This
was vital, since one of the underlying assumption of the evaluated protocol was
that the mobility of nodes was important for the result, and thus it should be
accurately modeled. On the other hand, the random waypoint mobility model is
used in Paper 2, where the exact mobility patterns are of less importance to the
result. To make sure that the implemented mechanisms work at the protocol
level, their correct behaviour have been manually confirmed by inspecting trace
files and simulation execution logs. This does not prevent errors that are due to
bugs in underlying parts of the simulator, but it increases my confidence in the
correctness of the implementations. Finally, when running the simulations with
different random seeds, the variations in results were small, indicating that the
results of the simulations were achieved due to properties of the protocols eval-
uated, and not due to randomness. In Paper 3, simulation results are averaged
over five runs, and confidence intervals are given which show this2.

Thus, I believe the results presented in this thesis are valid.

6 Future research

This section looks at how the work presented in this thesis will be continued,
and outlines some possible future directions for my research.

The work presented in Paper 1 is most likely finished, and will not be contin-
ued in its present form. I did however find it very interesting to work on MAC
layer issues for wireless LANs, so I would like to study some similar problem
some time in the future.

The work on ISAIAH need to be continued with a more thorough perfor-
mance evaluation of the protocol. Further, the design of the protocol should
also be evaluated to see if it can be improved further.

The last part of this thesis, concerning routing in intermittently connected
networks, is still in its early stages. Much work remain to be done in that area.
The PROPHET protocol should be studied in greater detail to gain a better
understanding of its properties, and to see how it can be improved. Additional
features such as alternative queuing strategies, the sending of acknowledgments,
and better forwarding decision strategies are also of interest to study.

Apart from the items mentioned above, I have a general interest in wireless
LANs and ad hoc networks, both in more traditional areas such as routing
and MAC layer issues, but also in new, emerging, problems in this context.
Such new problems include incentive-based ad hoc networking, realistic mobility
models [48], and many other things.

2We were planned to have confidence intervals in the first two papers as well. However, an
unfortunate incident, including a crashed hard drive, occurred during the preparation of the
final versions of papers, making us unable to include the confidence intervals.
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Abstract

This paper evaluates four mechanisms for providing service differentiation
in IEEE 802.11 wireless LANs. The evaluated schemes are the Point
Coordinator Function (PCF) of IEEE 802.11, the Enhanced Distributed
Coordinator Function (EDCF) of the proposed IEEE 802.11e extension
to IEEE 802.11, Distributed Fair Scheduling (DFS), and Blackburst. The
evaluation was done using the ns-2 simulator. Furthermore, the impact
of some parameter settings on performance has also been investigated.
The metrics used in the evaluation are throughput, medium utilization,
collision rate, average access delay, and delay distribution for a variable
load of real time and background traffic. The simulations show that the
best performance is achieved by Blackburst. PCF and EDCF are also able
to provide pretty good service differentiation. DFS can give a relative
differentiation and consequently avoids starvation of low priority traffic.

1 Introduction

Wireless networks are superior to wired networks with regard to aspects such as
ease of installation and flexibility. They do however suffer from lower bandwidth,
higher delays, higher bit-error rates, and higher costs than wired networks.
With the advent of Wireless Local Area Networks (WLANs), bandwidth have
increased and prices have decreased on wireless networking solutions. These
factors have made WLANs a very popular wireless networking solution. Given
the coverage and low price, it is likely that demands for the ability to run

∗This research is supported in part by Mäkitalo Research Centre, Vinnova, and EU struc-
tural funds.
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real-time applications such as voice over IP over these networks will increase.
If such applications shall be usable, considering the characteristics of wireless
networks, some kind of service differentiation must be employed to let certain
types of traffic get better performance.

The IEEE 802.11 standard [83] for WLANs is the most widely used WLAN
standard today. Since it uses a shared medium, it has some inherent problems,
such as low medium utilization, risk of collisions and problem of providing dif-
ferentiation between different types of traffic. There is a mode of operation
in IEEE 802.11 that can be used to provide service differentiation, but it has
been shown to perform poorly and give poor link utilization [88], so several
new service differentiation schemes have been proposed. We study and evaluate
four schemes for providing Quality of Service (QoS) over IEEE 802.11 wire-
less LANs: the PCF mode of the IEEE 802.11 standard [83], Distributed Fair
Scheduling [87], Blackburst [81], and Enhanced DCF [9].

This paper summarizes work previously published as position papers [58,59],
and does a more thorough analysis than the previous papers. The rest of the
paper is organized as follows. Section 2 provides an overview of IEEE 802.11
and the proposed schemes for service differentiation. Section 3 describes our
simulation scenarios and metrics. In Section 4 we present the results of our
simulations, Section 5 discusses some issues, and Section 6 concludes.

2 Overview of evaluated schemes

In this section we describe the QoS mechanisms we have evaluated. For further
details we refer to [9, 81–83,87].

2.1 IEEE 802.11

IEEE 802.11 has two different access methods, the mandatory Distributed Co-
ordinator Function (DCF) and the optional Point Coordinator Function (PCF).
The latter aims at supporting real-time traffic.

Distributed Coordinator Function

The DCF is the basic access mechanism of IEEE 802.11. It uses a Carrier Sense
Multiple Access with Collision Avoidance (CSMA/CA) algorithm to mediate the
access to the shared medium. Before a data frame is sent, the station senses the
medium. If it is idle for at least a DCF interframe space1 (DIFS) period of time,
the frame is transmitted. Otherwise, a backoff time B (measured in time slots) is
chosen randomly in the interval [0, CW ), where CW is the so called Contention
Window. After the medium has been detected idle for at least a DIFS, the
backoff timer is decremented by one for each time slot the medium remains

1An interframe space, IFS, is the time a station waits when the medium is idle before
attempting to access it. IEEE 802.11 defines several IFSs, and by using shorter IFS, the
medium is accessed prior to stations using a longer IFS. This is e.g. used to ensure that an
acknowledgment frame is sent before any other station can send data.
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idle. If the medium becomes busy during the backoff process, the backoff timer
is paused, and is restarted when the medium has been sensed idle for a DIFS
again. When the backoff timer reaches zero, the frame is transmitted. Upon
detection of a collision (which is detected by the absence of an acknowledgment
frame to the data frame), the contention window is doubled according to Eq. 1
where i is the number of attempts (including the current one) to transmit the
frame that has been done, and k is a constant defining the minimum contention
window, CWmin = 2k − 1. A new backoff time is then chosen and the backoff
procedure starts over. The backoff mechanism is also used after a successful
transmission before sending the next frame. After a successful transmission,
the contention window is reset to CWmin.

CWi = 2k+i−1 − 1 (1)

Point Coordinator Function

PCF is a centralized, polling-based access mechanism which requires the pres-
ence of a base station that acts as Point Coordinator (PC). If PCF is supported,
both PCF and DCF coexist and in this case, time is divided into superframes as
shown in Fig. 1.1. Each superframe consists of a contention period where DCF
is used, and a contention free period (CFP) where PCF is used. The CFP is
started by a special frame (a beacon) sent by the base station. Since the beacon
is sent using ordinary DCF access method, the base station has to contend for
the medium, and therefore the CFP may be shortened.

Superframe

PCFPCFB B
Contention Period Contention Period

BUSY

Contention−Free Period

t

B=Beacon

DCF DCF

Delay 
CF Period

Foreshortened

Figure 1.1: The superframe of IEEE 802.11

The PC keeps a list of mobile stations that have requested to be polled to
send data. During the CFP, it sends poll frames to the stations when they are
clear to access the medium. Upon reception of a poll frame, the station sends
a data packet if it has any packet queued. To ensure that no DCF stations
are able to interrupt this mode of operation, the IFS between PCF data frames
is shorter than the usual DIFS. This space is called a PCF interframe space
(PIFS). To prevent starvation of stations that are not allowed to send during
the CFP, there must always be room for at least one maximum length frame to
be sent during the contention period.
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2.2 IEEE 802.11e – Enhanced DCF

Task group E of the IEEE 802.11 working group are currently working on an
extension to the IEEE 802.11 standard, called IEEE 802.11e. The goal of this
extension is to enhance the access mechanisms of IEEE 802.11 and provide a
distributed access mechanism that can provide service differentiation. All the
details have not yet been finalized, but a new access mechanism called Enhanced
DCF (EDCF) has been selected [9]. This is an extension of the basic DCF ac-
cess mechanism in the original standard. Since devices complying with the old
standard are widely deployed, great care was taken to ensure that EDCF should
be inter-operable with the old DCF. The EDCF mechanism allows traffic to be
classified into 8 different traffic classes, by modifying the minimum contention
window (CWmin) and the interframe space used for data transmissions. Choos-
ing a smaller default contention window for a station will cause that station to
generate shorter backoff intervals, thus gaining priority over a station with a
larger CWmin which generates longer backoff intervals.

To be able to further differentiate between stations using the same contention
window, different interframe spaces are used by different traffic classes. Instead
of waiting a DIFS before trying to access the medium, or starting to decrement
the backoff timer as in ordinary DCF, an interframe space called Arbitration
Interframe Space (AIFS) is used. Each traffic class uses its own AIFS which
equals a DIFS plus a number of time slots (possibly zero). This means that
traffic using a large AIFS (many “extra” time slots) will have lower priority
than traffic using a small AIFS, since they will wait longer before trying to
access the medium or starting to decrement the backoff timer.

Mechanisms similar to EDCF that use different backoff algorithms and in-
terframe spaces for different priority levels have previously been proposed by
for example Deng and Chang [26]; and Barry, Campbell and Veres [5].

In IEEE 802.11e there is also the possibility to use packet bursting [20] to
enhance the performance, and achieve better medium utilization. The packet
bursting concept means that once a station has gained access to the medium
through ordinary contention, it can be allowed to send more than one frame
without contending for the medium again. After getting access to the medium
the station is allowed to send as many frames it wishes as long as the total
access time does not exceed a certain limit (TxOpLimit). To ensure that no
other station interrupts the packet burst, the interframe space used between
the reception of an acknowledgment, and the transmission of the next data
frame in the packet burst is a SIFS (Short Interframe Space), which is the same
IFS that is used between data and acknowledgment frames. If a collision occurs
(no acknowledgment frame is received), the packet burst is terminated. Since
packet bursting might increase the jitter, it is recommended that TxOpLimit is
chosen such that it is not longer than the time required for the transmission of
a data frame of maximum size.
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2.3 Distributed Fair Scheduling

It is not always desirable to completely sacrifice the performance of low priority
traffic in order to give very good service to high priority traffic. Often it can be
good to be able to provide relative differentiation, for example specifying that
one type of traffic should get twice as much bandwidth as some other type of
traffic. Vaidya, Bahl and Gupta proposes an access scheme called Distributed
Fair Scheduling (DFS) which applies the ideas behind fair queuing in the wireless
domain [87].

There exist several fair queuing schemes that provide fair allocation of band-
width between different flows on a node [36,40]. In this context, fair means that
each flow gets bandwidth proportional to some weight that has been assigned
to it. These schemes are centralized in the sense that they run on a single node
which has access to all information about all the flows. Since different weights
can be assigned to the flows, this can be used for differentiation between flows.

The Distributed Fair Scheduling scheme is based on the fair queuing mecha-
nism known as Self-Clocked Fair Queueing [36], and uses the backoff mechanism
of IEEE 802.11 to determine which station should send first. Before transmit-
ting a frame, the backoff process is always initiated, even if no previous frame
has been transmitted. The backoff interval is calculated as shown in Eq. 2,
where sizepacket is the size of the packet to send, φ is the weight of the station,
ρ is a random variable with mean 1 ( [87] uses a uniform random variable in
the interval [0.9, 1.1], and so will we in our evaluations), and Scaling Factor
is used to scale the backoff intervals to values of suitable magnitude. Since the
backoff interval will be longer the lower the weight of the sending station is,
differentiation will be achieved. Further, fairness is achieved by using the size
of the packet to be sent in the calculation of the backoff interval. This will
cause larger packets to get longer backoff intervals than small packets, allowing
a station with small packets to send more often so that the same amount of
data is sent.

B =
⌊
ρ ×

⌊
Scaling Factor × sizepacket

φ

⌋⌋
(2)

If a collision occurs, a new backoff interval is calculated using the backoff
algorithm of the IEEE 802.11 standard where the contention window is given
by Eq. 1, with CWmin set to 3. The reason for choosing such a short contention
window even though a collision has occured is that DFS tries to maintain fairness
among nodes, and thus a node that was “scheduled” to send a packet, should
be able to send it as soon as possible. Otherwise fairness would suffer.

2.4 Blackburst

To improve the performance of real time streams in wireless LANs, Sobrinho
and Krishnakumar proposed a scheme called Blackburst [81], and some enhance-
ments to that it [82]. The main goal of Blackburst is to minimize the delay for
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real time traffic, and it is somewhat different from the other schemes since it im-
poses certain requirements on the traffic to be prioritized. Blackburst requires
that all high priority stations try to access the medium with constant intervals,
tsch(this interval has to be the same for all high priority stations). Further,
Blackburst also requires the ability to jam the wireless medium for a period of
time.

When a high priority station wants to send a frame, it senses the medium to
see if it has been idle for a PIFS and then sends its frame. On the other hand, if
the medium is found busy, the station waits until the channel has been idle for a
PIFS and then enters a black burst contention period. The station now sends a
so called black burst by jamming the channel for a period of time. The length of
the black burst is determined by the time the station has been waiting to access
the medium, and is calculated as a number of black slots. After transmitting
the black burst, the station listens to the medium for a short period of time
(less than a black slot) to see if some other station is sending a longer black
burst. That would imply that the other station has waited longer and thus
should access the medium first. If the medium is idle, the station will send its
frame, otherwise it will wait until the medium becomes idle again and enter
another black burst contention period. By using slotted time, and imposing a
minimum frame size on real time frames, it can be guaranteed that each black
burst contention period will yield a unique winner [81].

After the successful transmission of a frame, the station schedules the next
access instant (when the station will try to transmit the next frame) tsch seconds
in the future. This has the nice effect that real-time flows will synchronize,
and share the medium in a TDM fashion [81]. This means that unless there
is a transmission by a low priority station when an access instant for a high
priority station occurs, very little blackbursting will have to be done once the
stations have synchronized. Low priority stations use the ordinary DCF access
mechanism of IEEE 802.11.

Two different modes of operation of Blackburst, with and without feedback
from the MAC layer to the application, exist [82]. If the application is not
Blackburst-aware, and the mode without feedback is used, a slack time, δ, is
used to ensure stability of the system. The access intervals are scheduled δ
before the time the packet is expected to arrive at the MAC layer. This is to
ensure that delayed access instants caused by interfering traffic does not make
the system unstable.

3 Simulations

To evaluate the methods described in section Sect. 2, we use the network sim-
ulator ns-2 [63] which has IEEE 802.11 DCF functionality. We extended the
simulator by implementing IEEE 802.11 PCF2 and Blackburst, and by adding

2Our ns implementation of PCF can be found at
http://www.sm.luth.se/~dugdale/index/software.shtml
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implementations of DFS and EDCF made by other people3, and ran the simu-
lation scenarios described below to measure five different metrics: throughput,
medium utilization, collision rate, access delay and delay distribution.

3.1 Scenarios

In our simulations modeling a 2 Mbit/s wireless LAN, the wireless topology
consisted of several wireless stations and a base station connected to a wired
node which serves as a sink for the flows from the wireless domain. In an IEEE
802.11 network in infrastructure mode, the mobile nodes always communicate
directly with the base station, so the results would be similar even if the mobile
nodes communicated with each other. An example of the topology can be seen
in Fig. 1.2. The parameters for the wired link were chosen to ensure that the
bandwidth bottleneck of the system is within the wireless LAN. All wireless
stations are located such that every station is able to detect a transmission
from any other station, and there is no mobility in the system.
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Figure 1.2: Example of our simulation setup.

Our simulations consist of traffic that has been chosen to be similar to data
generated by for example a variable bit rate audio or video encoder. The high
priority stations generate packets with packet sizes taken from a normal distri-
bution with mean 300 bytes, and standard deviation 40 bytes. We have used
inter-packet intervals of 25 and 40 ms, which gives us data flows with an average
bit rate of 96 and 60 kbit/s. We will refer to these as high and low bit-rate high
priority traffic.The low priority stations generate packets every 50 ms, with a
packet size taken from a normal distribution with mean 800 bytes, and standard
deviation 150 bytes (corresponding to a mean bit-rate of 128 kbit/s). Our mea-
surements started after a warm-up period that allowed initial control traffic like
ARP to be exchanged so it would not affect our results. We have had some fixed

3Thanks to Nitin H. Vaidya and Greg Chesson.
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numbers of low priority stations (3 and 12 stations), and gradually increased
the number of high priority stations to increase the load of the system.

Table 1.1: Simulation parameter values
Parameter Value
Time slot 20 µs

DIFS 50 µs
PIFS 30 µs

Superframe 20 TU
Max CFP 18.85 TU

cbitrate 2 Mbit/s
CWmin 31

Blackburst
Black slot 20 µs

Slack time δ 5 ms

Parameter Value
EDCF

AIFShighprio 50 µs
CWmin high prio 31

AIFSlowprio 90 µs
CWmin low prio 63

TxOpLimit 0.00953 s
DFS

High weight 0.075
Low weight 0.025

Scaling Factor 0.002

When choosing the parameter settings to use for the different schemes, we
have tried to use settings specified in the standards or papers where the schemes
are specified [81–83,87], or that has elsewhere been shown to be sensible choices
[9]. Unfortunately, the impact of the parameter settings for the different schemes
are not always well investigated, and the preferable parameter setting may also
vary depending on the expected traffic pattern. Table 1.1 shows the parameter
values we have used in our simulations for the comparison of the schemes (where
a time unit, TU, equals 1024 µs). The main parameter that can be modified
for PCF is the size of the superframe, which actually determines how often
a station can be polled. The length of the superframe is not specified in the
standard, nor are any recommendations of superframe size given. Thus we have
by simulation investigated the impact this has on the throughput and medium
utilization. The results of this can be found in Section 4.1. During a CFP,
the Point Coordinator (the base station) polls the stations in its polling list in
a round robin fashion. If all stations have been polled once, the CFP will be
ended prematurely. If there is not enough time to poll all stations in the current
CFP, the next station in the list will be polled first in the next CFP. The IEEE
802.11 working group has still not decided on what values of AIFS and CWmin

that should be used for the different traffic classes. However, we use values
which have been shown to be reasonable from simulations done by Chesson
et al. [20]. The TxOpLimit value was set to the time required to transmit a
frame of maximum size, as recommended. Furthermore, we assume that most
applications will not be aware of Blackburst, and thus decide to use the mode
without feedback in our simulations to make the results comparable with the
results from the other methods, and to make them more applicable to real life.
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3.2 Metrics

The metrics we have used in our evaluation are throughput, medium utilization,
collision rate, access delay, and cumulative delay distribution.

The average throughput for the stations at each priority level shows how well
the QoS schemes can provide service differentiation between the various priority
levels. To be able to compare the graphs from different levels of load, we have
chosen to plot a normalized throughput on the y axis, rather than the absolute
throughput. The normalized throughput is calculated as the percentage of the
offered data that is actually delivered to the destination.

Wireless bandwidth is a scarce resource, so efficient use of it is vital. There-
fore, we also study the medium utilization of the different schemes. To do this,
we measure how large percentage of time that is used for successful transmis-
sion of data frames. Thus we can see how much of the time (and the medium
capacity) that is used for data transmission, and how much that is wasted on
other things.

The collision rate is the average number of collision that occur per second.
A large number of collisions will reduce the performance.

We define access delay as the time the Head-Of-Line data packet spends
at the MAC layer before being successfully transmitted out on the wireless
medium. The reason for studying average access delay is that many real-time
applications are very sensible to high delays, after which the data will be useless.
Therefore, it is important to provide low delay for real-time flows. Because real-
time applications often have a delay bound after which the data is useless, it
does not suffice to just study the average access delay, since the average might
be rather low even if a large part of the packets have unacceptable delays. We
present the cumulative distribution of the access delays for high priority traffic
to find out the percentage of the packets that are below certain delay bounds.

4 Results

4.1 Determining PCF superframe size

To validate the comparison between the different schemes, it is important to
ensure that all schemes have reasonable parameter settings that does not affect
the performance of the scheme adversely. Here we investigate the impact the
superframe size has on performance for PCF, and determine what size to be used
in the further comparisons. Using a short superframe increases the number of
control frames sent, which might waste resources if there is not enough traffic to
accommodate the polls. On the other hand, it also causes stations to be polled
more frequently, allowing the high priority stations to send more traffic if the
load is high. Using a longer superframe will reduce the amount of control frames
sent, but will also cause stations to be polled less often, which might lead to too
high delays and too low throughput. It is reasonable to believe that the best
performance for high priority traffic would be achieved by having a superframe
size similar to the interval between the frames generated by the nodes. In many
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cases there might not be such a thing as a typical interval between frames, and
then other considerations must be made when selecting superframe size. In this
paper we do however only focus on the scenario where the high priority traffic
is indeed periodic.
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Figure 1.3: Average throughput for different superframe sizes.

Fig. 1.3 shows the throughput achieved for some different superframe sizes,
chosen to range from just under the packet inter-arrival time of the high priority
flows with high bit rate (a superframe of 20 time units (TU)), up to 110 time
units, indicated in the graphs by “SF x High/Low” for a superframe size of x
TU, and High or Low indicating if the curve is for high or low priority traffic. We
can see that smaller sizes of the superframe (close to the inter-packet intervals)
give better performance to high priority traffic. This of course impacts the
performance of the low priority traffic in a negative way. For the scenario with
low bit-rate high priority traffic, similar performance is achieved for high priority
traffic with superframe sizes of 20 and 50 time units, but for high priority traffic
with higher bitrate, the performance is better with a superframe size of 20 time
units (which is close to the packet inter-arrival time of 25 ms for those flows).
In Fig. 1.4 we can see how the medium utilization is affected by the size of the
superframe. It is interesting to see that for lower loads of high priority traffic,
the medium utilization for the cases with the smallest superframe size is lower
than for the other superframe sizes, but as the load increases, the utilization
gets better than for the other superframe sizes. We believe the reason of this is
that when the load is low and the superframe is short, poll frames are sent more
often than data packets are generated at the mobile nodes, rendering those poll
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Figure 1.4: Medium utilization for different superframe sizes.

frames useless to the stations receiving them, thus only wasting bandwidth that
could otherwise have been used by the low priority traffic. When the load and
the number of stations to be polled increases, the polling of all high priority
stations might not fit into a single superframe. This means that the demand
for bandwidth is higher than the supply, so whenever a high priority station
receives a poll frame, it has some data to send, thus increasing the utilization.

It seems like our initial feeling that it should be good with a superframe
that is similar to the packet inter-arrival time of high priority traffic was valid.
While the smallest superframe size gives the best result (in terms of high priority
traffic throughput and medium utilization) in the scenarios with high bit-rate
high priority traffic, a somewhat larger superframe (50 TU in our simulations)
seems better in the scenarios with low bit-rate high priority traffic, where the
packet inter-arrival time is closer to 50 TU than 20 TU.

We decided to use a superframe of 20 time units for PCF in the comparison
of the different QoS schemes. This decision was made to try to achieve as good
throughput as possible for high priority traffic. The problem with this setting
is the comparably low medium utilization in some scenarios, but since one of
the main objectives of this evaluation is to determine the service differentiation
capabilities of the scheme, we believe that this is the right choice to make.
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Figure 1.5: Average throughput for a station at the given priority level.

4.2 Performance comparison

Throughput

The first metric investigated is throughput. Fig. 1.5 shows the normalized
throughput for low and high priority stations versus the number of high priority
stations for some fixed number of low priority stations. Each graph represents
different load conditions by setting different numbers of low priority stations
and bit-rates of high priority stations. We can see that the Blackburst scheme
provides the best performance for high priority traffic with regard to through-
put. Blackburst is able to provide perfect service (in the sense that all packets
are delivered) for at least up to 21 low bit-rate high priority stations. Stations
using the other schemes experience a performance loss when a certain number
of high priority stations is reached, and it is only at very high loads (many high
bit-rate high priority stations) that the performance of Blackburst drops below
that of the other schemes. DFS is the scheme for which high priority traffic
starts to lose performance first. It should however be noted, that this should
be considered the correct behaviour, since the objective of DFS is to provide
fair (relative) differentiation (instead of trying to give perfect service to high
priority traffic at any cost). This can also be seen from the performance of low
priority traffic. Unlike the other schemes, DFS always allocates a share of the
bandwidth for low priority traffic and avoids starvation. It might seem strange
that the DFS low priority stations are not able to send all data even when they
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Figure 1.6: Medium utilization for the different QoS schemes.
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Figure 1.7: Collisions for the different schemes.

are alone on the medium. This is however logical due to the rather long back-
off intervals used by the low priority stations. Summing the transmission and
backoff times for all stations show that the total time required to transmit all
data is longer than the interval between low priority data packets, thus all can
not be sent. Noteworthy is also that for lower loads, Blackburst is the scheme
that gives the best performance to low priority traffic as well as high priority
traffic.

When the high priority traffic have higher bit rate, all schemes can facilitate
less flows with good service. Interesting to note is that the difference in perfor-
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Figure 1.8: Average access delay for high priority stations.

mance between Blackburst, PCF and EDCF is now quite small. Blackburst is
able to give good performance to slightly more stations than EDCF, but for high
numbers of high priority stations, EDCF get better performance. Both EDCF
and Blackburst unfortunately starve low priority traffic rather fast, and PCF
only gives a very small share of the bandwidth to low priority traffic. At high
loads, there is a significant difference between the performance of low priority
traffic for these schemes and for DFS. While not giving very good performance
to high priority traffic, it does not starve the low priority traffic, but always let
it have a portion of the bandwidth.

Medium utilization

Fig. 1.6 shows the medium utilization of the different schemes. Note that for the
graphs where the low priority load is low, the utilization first increases linearly
up until a certain level, because there is no more data to send at those loads.
Thus, the interesting part of the graph is after the slope of the curve starts to
decline. We can see that Blackburst has significantly higher medium utilization
than the other schemes except for at very high loads. At times it differs almost
10% between Blackburst and the scheme that is closest. One remarkable thing
is the rather low utilization of EDCF at higher loads. The packet bursting
scheme used by EDCF was introduced to enhance the medium utilization over
ordinary DCF. However, looking at the collision rates for the schemes, shown
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Figure 1.9: Cumulative delay distribution for high priority traffic.
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Figure 1.10: Overhead incurred by Blackburst and PCF

in Fig. 1.7 we see that EDCF still suffers from a large number of collisions,
especially at high loads. This explains why the medium utilization of EDCF
is comparably low since much time is wasted on collisions. We can also see
that Blackburst has an extremely low number of collisions. This confirms that
Blackburst is able to completely avoid collisions between high priority stations
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since the collision rate goes down to zero at the point where the low priority
traffic is starved (in Fig. 1.5), so the collisions seen prior to that point must be
caused by low priority stations accessing the medium. It is interesting that the
medium utilization of Blackburst drops dramatically when the load gets very
high. To find out the cause of this, we studied how much time that is “wasted”
on blackbursting instead of sending useful data. In Fig. 10(a) we can see how
large fraction of the time that was used for black burst in the different scenarios.
We can see that for very high loads, the amount of time where the medium is
jammed by blackbursting stations increases rapidly to a high level, explaining
the decrease of medium utilization at the same point. For comparison, we also
measured the amount of time used by PCF to send control frames. Fig. 10(b)
shows the overhead caused by these transmissions. The amount of overhead
could be expected to be a function of the superframe size (how often we send
beacon and poll frames), and the number of high priority stations (how many
poll frames to send during each contention-free period). Since we only have one
superframe size, the impact of that can not be seen in the graph, but it clearly
shows that the overhead increases with the number of stations to be polled.
Thus, the overhead is not largely affected by the amount of low priority station
or the bit rate of high priority traffic. However, already at fairly low loads
the transmission of control frames occupy over 10% of the time (and channel
bandwidth).

Access delay

Investigating our third metric, average access delay for high priority traffic, Fig.
1.8 shows that Blackburst has very low delays in most cases, even though the
delays increases when the load gets very high. However, all the schemes have
acceptable delays, even though DFS in most cases incur a longer delay than the
other schemes.

Even if a scheme can give low average access delay to high priority traffic,
there might still be many packets that get rather high delays, rendering them
useless to a time critical application (for example voice over IP). Therefore it is
interesting to investigate how the delays of the packets are distributed. In Fig.
1.9 we plot the cumulative percentage of packets that have an access delay below
certain values up to 100 ms4 for the different schemes and for three choices of
number of high priority stations for each low priority load, and high priority
bit-rate.

The distribution of the access delay for PCF is quite good. At all loads, all
packets have a rather acceptable access delay. It is however interesting to see
that when there are many high priority stations, a large part (around 70%) of
the packets have an access delay of approximately two superframe lengths. This
indicates that the load is too high for the Point Coordinator to be able to poll
all high priority nodes during one superframe, so many nodes has to wait more
than one superframe before being polled.

4This limit of 100 ms was chosen because packets with a delay of more than 100 ms would
most likely be useless to most real-time applications.
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When investigating EDCF, it can be seen that at low loads all delays are
very low, and there is not much jitter. At “medium” load, the delay starts to
spread over a larger range, but still the delay has a upper bound around 50 ms,
which should be acceptable. When studying the distribution of the delay for
the scenarios with high load, some interesting things can be noted. A very large
part of the packets (up to 80%) has very low delays (below a few milliseconds),
while the rest of the packets have rather high delays (over 10% of the packets
have delays over 100 ms). This tendency with a large percentage of the packets
having very low delay could also be noted, although not to the same extent, at
the “medium” levels of load. This behaviour is due to the use of packet bursting
in EDCF. The stations need to contend for the medium for the first packet in
each packet burst which thus gets high delay (especially since everybody else also
is packet bursting, so it will be hard to get access to the medium). However,
after getting hold of the medium, packets are transmitted with a very short
interval between them, so the access delay for these packets will be minimal.

The distribution of Blackburst is as expected. For the two cases with highest
load (the ones with 21 high priority stations with 96 kbit/s flows), almost all
packets have an access delay around 50 ms, which is rather acceptable at high
loads like this. For the cases where the load is a bit lower, we can see that
most packets have very low delay, while some have a little longer delay, from
contending for the medium with black bursts. The majority of packets won’t
have to do that since the stations then are “synchronized” and will not have to
contend for access to the medium.

Finally, when studying DFS, we see that for all levels of load, the majority
of the packets have access delays that are at acceptable levels, and in each case
there is an acceptable upper bound that the delays do not exceed (unlike for
example EDCF where in some cases there were packets with delays above 100
ms). Looking at the shape of the curves, it seems like the access delays come
from a normal distribution. This is due to the fact that the packet sizes of the
packets sent come from a normal distribution, and the packet sizes are used
in the calculation of the backoff intervals. Thus, the delay experienced by the
stations also conforms to a normal distribution.

5 Discussion

We have shown that all the schemes are able to provide service differentiation
to some extent. However, we have also seen that if too many high priority
stations are active, their performance degrade. Thus, it would be desirable
to be able to perform admission control when a new station or flow wishes
to use the higher priority class. One major advantage that PCF has over the
other schemes is that since it is centralized, implementation of admission control
would be rather simple [23]. Because of the distributed nature of the other
schemes, admission control and service enforcement are harder to realize for
those schemes. However, Barry et al. recently presented some interesting work
on distributed admission control [5].
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One problem with Blackburst and EDCF is that with the settings we have
used, they completely starve low priority traffic when the load is increased,
which is not desirable. If it is important that low priority traffic is not starved
(and if admission control is not available to ensure that there is not too much
high priority traffic allowed), DFS might be an alternative to consider. It is also
very likely that the traffic class parameters of EDCF could be chosen such that
starvation does not occur (for example by using the same AIFS for all traffic
classes and only vary CWmin). However, if admission control is used, this won’t
be a problem since decisions could be made that a certain part of the bandwidth
always should be available to low priority traffic.

One thing that might be problematic for Blackburst is that it requires high
priority traffic to access the medium at constant intervals, which should be
the same for all high priority traffic. However, one possible scenario where
Blackburst certainly would provide great benefits would be if for example a
company would wish to run telephony over the corporate WLAN. Then all the
users using the WLAN for telephony would have the same kind of traffic, and all
the users using the WLAN for ordinary data transfer would use the low priority
(which in the Blackburst case is just normal IEEE 802.11 DCF, meaning that
no special precautions have to be taken by those users). In such a scenario,
it is likely that special purpose real time applications are used (for example
implemented in hardware in a phone), which opens the possibility to use the
Blackburst mode with feedback to the application, probably yielding even better
results than those presented in this paper.

If Blackburst could not be used (because of failure to comply with the traffic
requirements or lack of the ability to jam the channel), EDCF could be a suitable
alternative. It is able to give good differentiation and can give high priority
traffic high throughput and low delay. One thing that speaks very strongly in
favor of EDCF is that it is a part of the upcoming IEEE 802.11e standard,
which means that it is very likely that most WLAN equipment will have EDCF
functionality implemented by default, thus simplifying the deployment of the
technology.

The packet bursting mechanism of EDCF could be applied to the other
schemes as well to enhance their performance. This is something that should be
studied in more detail. Especially how the packet bursting impacts on real-time
applications that are sensitive to jitter.

If the high priority traffic come from time critical real-time applications,
the delay - and not least the distribution of it, is crucial. For example, when
comparing EDCF and DFS at high loads, we saw in Fig. 1.5 and Fig. 1.8 that
EDCF has both higher throughput and lower average delay than DFS for high
priority traffic. Thus, it would seem like EDCF is the best choice in this case.
However, assume that the real-time application the high priority data is meant
for can not use data older than a certain limit, and has to discard such data. If
this limit would be for example 100 ms, the stations using DFS would deliver all
its packets well under this delay, while the use of EDCF would cause 10-15% of
the delivered packets to have delays higher than 100 ms, thus being discarded
by the receiver (see Fig. 1.9). This means that the actual amount of data the
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application can use is rather similar for both schemes. Still, DFS is able to give
much better service to low priority traffic, which EDCF completely starves at
these loads, making DFS a better choice in this particular case.

When doing an evaluation like this, different settings used to create the
different scenarios of course affect the final result. We have done tests with other
settings of packet sizes and inter-packet intervals as well, and the comparative
results presented in this paper still holds. Even though the overall performance
probably would increase a bit with the use of larger packets with longer intervals
between them (since most overhead is on a per-packet basis), we wanted the high
priority traffic to model some real-time traffic, meaning that we can not buffer
data too long, and thus we can not have very large packets.

6 Conclusions

We have evaluated four mechanisms for service differentiation in IEEE 802.11
wireless LANs. Evaluation includes both some tradeoffs in parameter settings
for individual schemes, and performance comparisons between the different
schemes.

Our simulations show that when using PCF, it is important to select a
proper size of the superframe, which determines how often poll frames are sent
to high priority stations. To get good performance for high priority traffic,
without wasting resources on unnecessary control frames, the superframe should
be approximately as long as the interval between packets generated by a high
priority station.

When comparing the schemes, our simulations show that Blackburst gives
the best performance of the evaluated schemes to high priority traffic both with
regard to throughput and access delay. At low loads, it also gives rather good
performance to low priority traffic, but it does however deteriorate to complete
starvation of low priority traffic at very high loads. A drawback with Blackburst
is the requirements of constant access intervals it imposes on high priority traffic.
If these can not be met, EDCF might be a suitable alternative. Although not
being able to provide as good service as Blackburst and suffering from a high
rate of collisions, it still can serve quite many high priority stations and give
very low delay to high priority traffic.

Both Blackburst and EDCF starve low priority traffic at high loads of high
priority traffic, which in many cases is not desirable. If relative differentiation
is desired, DFS would do a better job. It ensures better service to high priority
traffic, and still does not starve low priority traffic (ensuring that it gets its fair
share of the bandwidth).

Further, our simulations show that the Blackburst scheme gives the best
medium utilization at reasonable loads of high priority traffic. This is important,
given the scarcity of bandwidth in wireless networks. We have also shown that
Blackburst is very good at avoiding collisions between high priority stations,
while EDCF suffers from a high rate of collisions.

Contrary to EDCF and DFS, Blackburst and PCF transmits bursts and
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control frames on the channel to determine which station should get access to
the medium, During those transmissions, the channel is occupied and can not
be used for any useful transmission of data. We have shown that for Blackburst,
this overhead is rather low up to a certain point of high priority load, where
the amount of overhead increases rapidly. For PCF, the overhead is quite large,
and increases with the number of high priority stations.

Finally, we conclude with the observation that it is non-trivial to say that
one QoS scheme is better than another, since it largely depends on the context
where it is to be used, and which results are desired. We can say that Blackburst
works very well in many scenarios, but there certainly exist scenarios where some
of the other schemes would be preferable. Before deciding on what QoS scheme
to use in a network, an analysis of what the network should be used for, and
what kind of services that is needed should be done.
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Abstract

In traditional ad hoc networks, all nodes are considered equal and take
equal part in the routing and forwarding of packets. We believe that
this may not always be desirable. Rather, some nodes may be equipped
with virtually unlimited power supplies, while others have to rely on bat-
tery power. Thus, we propose the creation of “infrastructured” ad hoc
networks by the deployment of pseudo base-stations (PBSs), which are
nodes that have constant power supply (e.g., through a power outlet or
a car battery), do not move, and are present just to act as routers and
forward packets for other nodes, thus allowing the mobile nodes to save
power. The paper also presents ISAIAH, an ad hoc routing protocol
based on the Ad-hoc On-demand Distance Vector (AODV) routing proto-
col, which tries to select routes that go through PBSs instead of through
mobile nodes to reduce the amount of power spent by these mobile nodes.
Furthermore, it allows nodes to enter a power-saving mode, significantly
reducing the power consumption compared to AODV.

1 Introduction

Wireless networks are very popular due to their flexible nature, and the inherent
possibility for wireless nodes to be mobile. Currently most wireless networks are
infrastructured networks, where all communications go through a base station
that acts as a gateway between the wired and wireless domains. To accommo-
date mobility, hand-over can be performed between two base stations as the
wireless station moves from the coverage area of one base station to another,
enabling the communication to seamlessly continue.

Infrastructure-less, or ad hoc networks have gained a lot of interest in the
research community. In ad hoc networks there are no fixed routers or base
stations, but instead all nodes have the capability to forward packets for each
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other. Because of the special properties of ad hoc networks such as quick topol-
ogy changes due to mobility of the nodes, ordinary routing protocol fail to give
good performance. There exist several ad hoc routing protocols [74] that enable
ad hoc networks.

We do however see several problems with the traditional use of ad hoc net-
works and the scenarios where they are claimed to be useful. In this paper, we
introduce the notion of infrastructured ad hoc networks that are intended for
a different scenario than traditional ad hoc networks, namely as an extension
of infrastructure wireless networks or to provide a temporary infrastructure at
events where it is not desirable or possible to create an ordinary infrastruc-
ture. Such networks thus have different requirements than traditional networks.
Therefore, we also present a protocol that can be used to realize such networks.

The rest of this paper is organized as follows. Sect. 2 gives an overview of
the notion of infrastructured ad hoc networks and what is required of them,
and Sect. 3 present ISAIAH, a modified version of the AODV ad hoc routing
protocol, that supports infrastructured ad hoc networks. Sect. 4 describes the
simulations run to evaluate the protocol, and the results of the simulations are
shown in Sect. 5. Sect. 6 discusses some issues, and Sect. 7 concludes.

2 Overview

This section contains an overview of our thoughts on infrastructured ad hoc
routing. Some of the “classical” scenarios where ad hoc networks have been
claimed to be beneficial are at conferences, at disaster sites, and for military
uses [49]. We do however claim that the use of “pure” ad hoc networks in
such scenarios is somewhat limited. For example at a conference, it is most
likely fairly easy to set up a base station, and further it is also very likely that
the participants not only want to communicate with each other, but also with
other hosts on the Internet. Another problem of ad hoc networks is the lack
of incentive to forward packets for other users. A malicious user can use other
nodes to forward its packets, while not wasting any of its own precious battery
power on forwarding packets for other nodes. In a system without malicious
users, “power fairness” can become a problem since a node located close to a
popular resource will forward lots of packets, thus draining its battery quickly.

We propose the introduction of a hybrid between the two worlds of infras-
tructure wireless networks and ad hoc networks. In such a network, ad hoc
routing is used to extend the range of infrastructure wireless networks, or to
create a temporary infrastructure that allows a larger area to be covered, while
still not having to rely on mobile nodes for routing and packet forwarding. This
can be done by deploying special nodes, “pseudo base stations” (PBSs), that
have a high energy power source, low mobility, and take care of the majority
of the routing of traffic in the network. These pseudo base-stations are basi-
cally only ordinary wireless nodes running an ad hoc routing protocol. The
main difference is that since these have no demand on being mobile, they can
e.g. be plugged into a power outlet and thus have a virtually unlimited power
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supply opposed to ordinary mobile nodes. Since power outlets are far more
common than network connections, this could for example be used to provide
complete coverage at a conference, a trade fair or a large sporting event. This
would be accomplished by placing PBSs at strategic locations, provide them
with “unlimited” power, and let them take care of forwarding packets towards
their destination. By doing this, the mobile nodes won’t have to participate in
the exchange of routing messages and the forwarding of packets, thus reducing
the power consumption of those nodes. Even if no power outlets can be found
(e.g. at an outdoor event in the forest), power sources such as car batteries can
provide the PBSs with power supplies that vastly exceed those of other nodes.

For such a network to be possible to create, special routing protocols are
needed, that make use of the knowledge that some nodes are better than others
to have in a route. We study requirements of routing protocols and mechanisms
for realizing the “infrastructured ad hoc networks” described above. Our main
contributions in this paper are the introduction of the concept of infrastructured
ad hoc networks, and the design of a protocol suitable for such networks.

3 ISAIAH

This section describes Infra-Structure Aodv for Infrastructured Ad Hoc net-
works (ISAIAH), a modified version of the Ad hoc On-demand Distance Vector
(AODV) routing protocol [70] that supports PBSs. The cost function used to
calculate the cost of a route has been modified, there has been some changes in
the way route requests are forwarded, and a power saving mode has been added.
Sect. 3.1 gives a short introduction to the AODV routing protocol, Sect. 3.2 ex-
plains the new cost function, Sect. 3.3 and Sect. 3.4 explains the changes made
to the forwarding of route requests, and Sect. 3.5 explains the power saving
mode of ISAIAH.

3.1 Introduction to AODV

The Ad hoc On-demand Distance Vector routing protocol is, as the name sug-
gests, an on-demand ad hoc routing protocol. When a node S needs a route to
some destination D, it broadcasts a route request (RREQ) message to its neigh-
bors, including the last known sequence number for that destination. The RREQ
is flooded through the network until it reaches a node that has a route to the
destination. Each node that forwards the RREQ sets up a reverse route for itself
back to node S. When the RREQ reaches a node with a route to D, that node
generates a route reply that contains the number of hops necessary to reach
D and the sequence number for D most recently seen by the node generating
the reply, and unicasts that reply to S. All nodes that forward this reply back
to the source S, create a forward route to D. The sequence number associated
with the routes are used to prevent routing loops from occurring, and a route
with a higher sequence number is always preferred over a route with lower se-
quence number. In order to maintain routes, AODV periodically transmits a
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HELLO message, with a default rate of once per second. Failure to receive three
consecutive HELLO messages from a neighbor is taken as an indication that the
link to the neighbor in question is down. If available, information from the link
layer can be used instead of HELLO messages to detect link breakages, reducing
the overhead. When a link goes down, any upstream node that has recently for-
warded packets to a destination using that link is notified via a route reply with
infinite metric for the destination. The node S must then acquire a new route
to the destination using the procedure above if it still wishes to communicate
with that node.

3.2 The cost function of ISAIAH

In ISAIAH, we modify the “cost function” of AODV used to calculate the cost
of a route, which should be minimized. The cost of a route in AODV is just
the number of hops in the route, so the route with the shortest path is sought
to find. ISAIAH on the other hand, has a more complex cost function shown in
(1), where C is the cost of the route, h is the number of hops in the route, H is
the per hop cost, M is the mobility cost, mi is the mobility of node i, P is the
power cost, and pi is the power scarcity of node i. This means that all “links”
between nodes are not equally expensive to traverse, and the cost of a route is
the sum of the costs of all the hops along that route.

C =
h∑

i=1

(H + M · mi + P · pi) (1)

Below, the different terms in the cost function are described in more detail.
First there is a hop cost, H, that represent the cost of a hop. Assuming H is set
to 1, this part of the cost will just be the hop count, which is sensible to include
since if several routes are equal based on the other criteria, the shortest route
should be selected. The “cost function” of AODV contains only this term.

We let each node have two additional properties, mobility (mi) and power
scarcity (pi). The mobility property determines if a node is a PBS (mi = 0) or
a mobile node (mi = 1). Power scarcity is how scarce, or valuable, power is to a
certain node. Since one of the objectives of ISAIAH was to allow mobile nodes
to save power from not participating in the routing, including power scarcity in
the cost function has some benefits. If a route has to go through mobile nodes, it
will choose a mobile node with much battery power (which can also increase the
power fairness among nodes, so if some node has consumed much of its power
on routing, another node is more likely to do the routing later on). Another
example when this property can be useful is if someone plug their mobile unit
to a power outlet. Then the power scarcity can be temporarily set to zero, so
the node is more likely to help with packet forwarding (still, it is better to go
through a PBS, since the mobile node might move away after a while, so the
route through a PBS will be more stable). PBSs have a power scarcity of zero,
and mobile nodes could for example let their power scarcity vary from 0.5 to 1
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depending on the battery state. It is however likely that mobile nodes will just
set pi to 1 to indicate that they consider power a scarce resource.

The mobility and power scarcity costs, M and P , should be chosen to be
larger than H to ensure that the mobility and power scarcity of a route has
greater impact on the choice of route than the hop count. As long as M is
sufficiently larger than H, routes through PBSs will be selected if they exist
and are not significantly longer than the routes going through some mobile
node. In the case where there exist no route going through only PBSs, the
power scarcity will determine which mobile node will have to do the packet
forwarding. Thus, the value of P is less critical, but it should still be larger
than H. We believe that in most cases it is sensible to give mobility and power
scarcity approximately equal weight

3.3 Changes in the forwarding of route requests

To ensure correct operation the protocol, and to always select the “best” routes,
a slight change had to be made in the way AODV forwards route requests. If
AODV receives a route request with the same 〈source, destination〉 pair, and
the same sequence number as has been seen recently, it will just discard the route
request packet. However, in ISAIAH this is not acceptable, since a route going
through mobile nodes might be shorter (lower hop count) than the route with the
lowest value of the cost function. Thus, using the method used in AODV would
cause the protocol to settle with the first path (perhaps going through mobile
nodes) on which a RREQ came to a node. Instead, in ISAIAH, the RREQ is checked,
and if the cost of the new route is lower than the cost of the route stored in the
table, the route request is forwarded (or replied to if this node has the route
to the destination) even if the triple 〈source, destination, sequence number〉
has been recently seen. Another problem with this approach is that we always
have to do a network-wide search when trying to discover routes. In AODV,
the RREQs start with a small TTL, thus only propagating in the vicinity of the
source, and then increasing the TTL if no reply was received. In ISAIAH this
can’t be done if we are to ensure that the best route is to be found instead
of just the shortest route. These changes causes some extra overhead, but the
overhead will however be reduced by the proposition in the next section.

3.4 The use of ISAIAH TRIES to reduce overhead

This section proposes a modification that will reduce the amount of routing
packets traversing the network. This mechanism, called ISAIAH TRIES, en-
sures that the first ISAIAH TRIES times a mobile node sees a route request from
a specific source to a destination (not counting multiple copies of the same RREQ
message), it will discard it. Thus, only PBSs will forward it and participate
in the route discovery. Each mobile node (i.e. not PBSs) should maintain two
variables for each 〈source, destination〉 pair, a counter t〈src,dst〉 initialized to
ISAIAH TRIES, and seq〈src,dst〉, the last sequence number seen for that pair.



44 On Three Issues in Wireless Networking

Whenever a RREQ is received, the 〈source, destination, sequence number〉 triple
is inspected as shown in Algorithm 1.

1: if RREQseq.no == seq〈src,dst〉 & t〈src,dst〉! = 0 then
2: discard RREQ
3: else if RREQseq.no! = seq〈src,dst〉 & t〈src,dst〉 == 0

then
4: t〈src,dst〉 = ISAIAH TRIES
5: end if
6: if t〈src,dst〉! = 0 then
7: decrease t〈src,dst〉 with 1;
8: discard RREQ
9: end if

Algorithm 1: The ISAIAH TRIES mechanism.

If the request didn’t get discarded by this, it is processed as usual. This
mechanism reduces the amount of routing packets sent. If no route to the
destination can be found through only PBSs, the source will resend the route
request, and this time the mobile nodes will also take part in the route discovery
(if ISAIAH TRIES is set to 1), and thus the route will be found eventually. This
introduces additional delay in the route discovery process of routes that must
contain mobile nodes, but as long as the coverage of PBSs is good, the impact
of that should not be large.

3.5 Power saving mode

One major problem with designing power aware protocols is that it is not suf-
ficient to just minimize the amount of data transmitted by each mobile node
since the power consumption in idle mode is also rather high [30]. However, it
is possible to put the network interfaces into “sleep” mode, where the power
consumption is very low, but no data can be received or transmitted. It would
be very beneficiary to let nodes enter this sleep mode for shorter periods of time,
with the risk of losing data due to that being small. In this section we further
extend ISAIAH, vastly improving the power saving capabilities of the protocol.

In addition to the normal HELLO messages used by AODV, we create two new
messages, HELLO PBS and HELLO SLEEP. To enable the power-saving mechanism
described below, information must be passed in these messages, so unlike in
AODV we can no longer solely rely on information from the link layer, but
the periodic transmission of HELLO messages is required. PBSs always utilize
HELLO PBS messages instead of HELLO message. Mobile nodes on the other hand
can use both HELLO SLEEP and HELLO messages. When a mobile node detects
a HELLO PBS message, it knows that at least one of its neighbors is a PBS, and
thus assumes it will be OK to use power saving. At the next instant when
the transmission of a HELLO message is scheduled, the node instead sends a
HELLO SLEEP message, indicating that this node is now entering the sleep mode.
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After that, the radio interface is powered down for a configurable period of time.
This sleep time is also included in the HELLO SLEEP message so surrounding
nodes will know how long this node will sleep. A node will however always wake
up in time to send the next HELLO message (the reception of such a message
from a sleeping neighbor is also taken as an indication that the node is no
longer sleeping). We recommend that at least one regular HELLO message is
sent between two HELLO SLEEP messages. In order to prevent the case where
some neighbors already are asleep when a node A notifies them that it is going
to sleep (which means that they won’t be aware that A is asleep when they wake
up), it is also possible for nodes to include the next time they plan to go to sleep
in their normal HELLO messages. This means that nodes can predict when their
neighbors will go to sleep next time even if they miss the sleep notification,
thus reducing the risk of sending data to a sleeping node. If a HELLO message is
indeed received, the information contained in that message of course supersedes
the previously received information.

When a node receives a HELLO SLEEP message it knows that the sender of
that message won’t be able to receive any data for a period of time. Thus, it
suspends all packets it has in it’s queue that has the sleeping node as their next
hop. Packets arriving while the node is sleeping are also suspended. When the
sleeping node wakes up again (detected either by the reception of a message
from the node, or from a timer set to the sleep time expiring), the packets are
activated again and can be sent.

4 Simulations

To find out how our changes affect the performance of the protocol, and to verify
that ISAIAH indeed solves the problem of primarily using PBSs for routing and
packet forwarding, we have implemented it in the ns-2 network simulator [63],
and ran some simulations to evaluate the protocol. For comparison, we also
did the same simulations using AODV. In the ISAIAH case, we have done the
evaluation both with the power-saving mode described in Sect. 3.5, and without
it (shown as “ISAIAH w/o PS” in the graphs in Sect. 5).

In our simulations we used a 1800m × 1000m area where PBSs were placed
as shown in Fig. 2.1. The range of the radio interfaces is 250 m. The distances
between adjacent PBSs were chosen to be slightly shorter than the range of the
radios. In addition to the PBSs, 40 mobile nodes were also uniformly randomly
placed in the area. These nodes move according to the “random waypoint”
mobility model [50], i.e. they select a random destination and speed and move
to that destination, pause there for a time, and then selects a new destination.
The nodes moved at random speeds up to 5 m/s, and had a pause time of
15 seconds. Traffic was created using constant bit rate (CBR) UDP flows. A
variable number of flows were set up between sources and destinations among
the mobile nodes, starting at random points in time during the first 15 seconds
of the simulation. For the cost function of ISAIAH we set mi and pi to 1
for mobile nodes, and 0 for PBSs, while M and P were set to 5 and H set
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to 1; ISAIAH TRIES was set to 1. The simulations were run over 101 seconds
of simulated time. In the cases of AODV and ISAIAH without power-saving
mode, we did not use HELLO messages, but instead relied on link layer detection
of neighbors since this lowers the overhead, and increases the performance of the
protocols. When using ISAIAH with the power-saving mode, one regular HELLO
message is sent between each HELLO SLEEP message, and the interval between
messages is one second.

Since power consumption is an important aspect of this work, it is important
that the power consumption model of the simulator is accurate. Therefore, we
extended the energy model in ns-2 somewhat, loosely based on the real-life
measurements done by Feeney and Nilsson [30].

1000 m

200 m

1800 m

Figure 2.1: Scenario used for simulations. Placement of PBSs shown.

The metrics used for our evaluation are PBS forwarding percentage, routing
overhead, normalized average path length, packet delivery ratio, and energy con-
sumption. The PBS forwarding percentage is defined as # packets forwarded by PBSs

total # forwarded packets ,
and can be used to indicate whether or not a protocol actually manages to get
most of the packets to be forwarded by PBSs. The routing overhead is the
number of control packets sent and forwarded (measure network-wide). The
normalized average path length shows how much longer the paths of ISAIAH
are compared to the corresponding paths given by AODV. The packet deliv-
ery ratio is the fraction of data packets sent that are actually received at the
destination. The energy consumption is measured as the average for all mobile
nodes over the time of the simulation.
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4.1 Tuning of ISAIAH sleep time

We ran some initial simulations to determine a good sleep time to be used for
the power saving mode of ISAIAH in our performance evaluation. Fig. 2.2 shows
the average power consumption of the mobile nodes for varying sleep times, and
for two different traffic loads. As expected, the power consumption decreases
as the sleep time increases. However, looking at Fig. 2.3, that shows the packet
delivery ratio for the same sleep times, it is clear that a too long sleep time also
affects the packet delivery ratio in a negative way. We therefore found a sleep
time of 0.6 seconds to be a suitable tradeoff, and that is the sleep time that will
be used in the simulations run to generate the results in Sect. 5.
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Figure 2.2: Energy consumption for varying sleep times of ISAIAH.
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5 Results

First of all we wanted to verify that ISAIAH is functional, and actually causes
routes to go through PBSs. Fig. 2.4 shows how large fraction of all forwarded
packets that are forwarded by PBSs. From this it is clear that ISAIAH actually
selects routes through PBSs, since almost all packets are forwarded by PBSs.
We can also see an indication of the fact that AODV treats the PBSs just like
all the other nodes, since the fraction of packets going through PBSs is close to
the fraction of all nodes that actually are PBSs.
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Figure 2.4: Fraction of packets forwarded that used PBSs.

The energy consumption of the protocols is shown in Fig. 2.5. The energy
consumed by ISAIAH without power-saving is slightly less than for AODV, but
they are still almost the same. Looking at the result from when using ISAIAH
with power-saving, it is clear that allowing nodes to enter the sleep mode is very
beneficiary. The energy consumption of ISAIAH is almost 40% lower than for
AODV.

In Fig. 2.6 we have studied the overhead imposed by the routing protocols
by measuring the number of routing control packets transmitted on the wireless
medium. We can see that ISAIAH has significantly lower routing overhead
than AODV when no power-saving is used. The explanation to this is probably
twofold. First of all, the use of the ISAIAH TRIES mechanism heavily reduces
the number of routing packets that has to be sent. Furthermore, since ISAIAH
selects routes through the PBSs, there will be less broken routes that has to be
repaired by new route discoveries. Since the power-saving mechanism requires
HELLO messages to be periodically transmitted, the initial overhead of ISAIAH
with power-saving is higher than for AODV. As the traffic load increases, the
overhead for AODV does however grow quicker than for ISAIAH.

Fig. 2.7 shows the fraction of sent packets that are actually received at the
destination for the different numbers of CBR sources. ISAIAH without power-
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Figure 2.6: Routing overhead

saving and AODV are able to deliver almost all packets (slightly higher delivery
ratio for ISAIAH). When the power-saving mode is used. the delivery ratio is
lower, but still acceptable.

In Fig. 2.8 the average route length normalized with regard to AODV is
shown. It can be seen that ISAIAH yield routes that are around 20% longer than
the routes used with AODV for ISAIAH without power-saving, and somewhat
longer when using the power-saving mode. This is rather natural since we
only want to go through PBSs, and thus can’t always choose the shortest path
between the source and destination. However, the additional path length of
ISAIAH is not very high, which is good since longer paths infer longer delays
which affects performance negatively.
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6 Discussion

Even though ISAIAH is working, and doing what it is supposed to do, there
are still issues that need a more thorough investigation to develop an optimal
protocol for infrastructured ad hoc networks. For example, it might be possible
to make some smart decisions on when to enter the sleep mode, allowing nodes
to spend more time sleeping.

An advantage of basing the protocol on the already existing AODV is that
ISAIAH will be compatible with existing AODV implementation (although it
will be unfair to AODV as AODV nodes will behave just like PBSs even if they
are mobile). Furthermore, it also allows for simple implementation of ISAIAH
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by just making minor modifications to some existing AODV implementation.
Furthermore, the power-saving mode of ISAIAH could not only be used in

conjunction with ISAIAH, but should also be possible to apply to AODV. In a
scenario where there are no PBSs, and AODV is used, there is most likely much
to be gained by being able to enter power-saving mode. The consequences of
this should be further investigated.

7 Conclusions

In this paper we have presented the idea of infrastructured ad hoc networks, ad
hoc networks where all nodes are not created equal. Instead, some nodes (which
we call pseudo base-stations (PBSs)) are designed to take a greater responsibility
for the routing. This reduces the amount of data regular mobile nodes need to
transmit, thus also reducing the power consumption of those nodes.

We also present ISAIAH, a routing protocol for infrastructured ad hoc net-
works based on the AODV protocol. Our simulations show that the protocol
is able to select routes that prefer PBSs over mobile nodes. The simulations
also show that ISAIAH has lower routing overhead and packet loss than AODV
in the scenarios used. Since the goal of ISAIAH is not to find routes with the
lowest hop count, but routes through PBSs, routes might be longer than the
corresponding route when using AODV. However, the simulations show that the
average route length of ISAIAH is close to that of AODV. We also introduced
a power-saving mode in ISAIAH, and when using that, the power consumption
of the mobile nodes was significantly decreased.



52 On Three Issues in Wireless Networking



Paper 3

Probabilistic Routing in
Intermittently Connected
Networks

53



Potius sero quam numquam.
Better late than never.

Titus Livius (59 BC - 17 AD)

Submitted for review

Anders Lindgren, Avri Doria and Olov Schelén, Submitted for review to the Second
Workshop on Hot Topics in Networks (HotNets-II)

54



Probabilistic Routing in Intermittently

Connected Networks

Anders Lindgren† Avri Doria∗ Olov Schelén†

dugdale@sm.luth.se avri@acm.org olov@sm.luth.se

†Division of Computer Science and Networking
Department of Computer Science and Electrical Engineering

Lule̊a University of Technology
SE - 971 87 Lule̊a

Sweden

∗Electronics and Telecommunications Research Institute (ETRI)
161 Gajeong-don

Yuseong-gu
Daejeon 305-350

Korea

Abstract

In this paper we consider the problem of routing in intermittently con-
nected networks. In such networks there is no guarantee that a fully
connected path between source and destination exists at any time, ren-
dering traditional routing protocols unable to deliver messages between
hosts. There do however exist a number of scenarios where connectivity is
intermittent, but where the possibility of communication still is desirable.
Thus, there is a need for a way to route through such networks. We pro-
pose PROPHET, a probabilistic routing protocol for such networks and
compare it to the earlier presented Epidemic Routing protocol through
simulations. We show that PROPHET is able to deliver more messages
than Epidemic Routing with a lower communication overhead.

1 Introduction

The dawn of new and cheap wireless networking solutions has created opportu-
nities for networking in new situations, and for exciting new applications that
use the network. With techniques such as IEEE 802.11, Bluetooth, and other
radio solutions (e.g. low power radios designed for use in sensor networks), it
has become viable to equip almost any device with wireless networking capabil-
ities. Due to the ubiquity of such networking enabled devices, situations where
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communication is desirable can occur at any time and any place, even where no
networking infrastructure is available. One area that have received much atten-
tion recently and that remedies many of the situations where no infrastructure
is available is that of ad hoc networking [74]. In an ad hoc network, all nodes
participate in the routing and forwarding of packets, so if two nodes can not
communicate directly, intermediate nodes aid in forwarding the packet between
them.

One of the most basic requirements for “traditional” networking, which also
holds for ad hoc networking, is that there must exist a fully connected path
between communication endpoints for communication to be possible. There are
however a number of scenarios where this is not the case (thus rendering the
use of ad hoc networking protocols impossible), but where it still is desirable
to allow communication between nodes. Such scenarios include communication
between villages and summer camps of the Saami population of reindeer herders
in the north of Sweden [27], living in locations where no fixed infrastructure
is available. Similar problems exist between rural villages in India and other
poor regions [67]. Other fields where this kind of communication scenarios may
occur are satellite communication [71], military and disaster recovery operations,
sensor networking and monitoring. For example, experiments have been done
with attaching sensors to seals [10] and whales [80] to be able to get a large
number of sensor readings from the oceans. To allow scientists to analyze the
collected data, it must somehow be transferred to a data sink, even though
connectivity among the seals and whales is very sparse and intermittent, so the
mobility of the animals must be relied upon for successful data delivery. Yet
another example concerns weather monitoring of large areas such as a national
park, where a number of electronic display boards showing weather reports
from other parts of the park have been installed. By equipping hikers with
small networked devices, their mobility through the park can be used to spread
the weather information throughout the entire park [7].

Common to all the scenarios exemplified above is that to enable communi-
cation, messages may have to be buffered for a long time by intermediate nodes,
and the mobility of those nodes must be exploited to bring messages closer to
their destination by exchanging messages between nodes as they meet. Figure
3.1 shows how the mobility of nodes in such scenarios can be used to eventually
deliver a message to its destination. In this figure, node A has a message (in-
dicated by the node being green) to be delivered to node D, but there does not
exist a path between nodes A and D. As shown in subfigures a)-d), the mobility
of the nodes allow the message to first be transferred to node B, then to node C,
and finally node C moves within range of node D and can deliver the message
to its final destination.

Quite some effort has been put into work regarding applications and archi-
tectures for this kind of networks, while underlying mechanisms such as routing
have been neglected. For example, the Rover Toolkit [51] provides a set of
programming and communication abstractions that enable applications to be
aware of and handle mobility. Within the context of Delay Tolerant Networking
(DTN), which this kind of network is a special case of, an extensive architecture
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Figure 3.1: Transitive communication. A message (shown in the figure by the
node carrying the message being green) is passed from node A to node D via
nodes B and C through the mobility of nodes.

has been defined [14], but the details of how to solve routing problem is left
open for now. Thus, we believe it to be important to investigate how routing
can be done in an efficient way in intermittently connected networks. Previous
work [19,35,77,86] have tried to either solve this by epidemically spreading the
information through the network, or by applying some knowledge of the mobility
of nodes. We propose the use of probabilistic routing [60], using an assumption
of non-random mobility of nodes to improve the delivery rate of messages while
keeping buffer usage and communication overhead at a low level. This paper
presents our probabilistic routing protocol, and evaluates it through simulations
versus the Epidemic Routing [86] protocol.

The rest of the paper is organized as follows. Sect. 2 describes some related
work and in Sect. 3, our proposed scheme is presented. In Sect. 4 the simulation
setup is given, and the results of the simulations can be found in Sect. 5. Finally,
Sect. 6 discusses some issues and looks into future work and Sect. 7 concludes.
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2 Related work

2.1 Epidemic Routing

Vahdat and Becker present a routing protocol for intermittently connected net-
works called Epidemic Routing [86]. This protocol relies on the theory of epi-
demic algorithms [25, 89] by doing pair-wise information of messages between
nodes as they get contact with each other to eventually deliver messages to their
destination. Hosts buffer messages even if it there is currently no path to the
destination available. An index of these messages called a summary vector is
kept by the nodes, and when two nodes meet they exchange summary vectors.
After this exchange, each node can determine if the other node has some mes-
sage that was previously unseen to this node. In that case, the node requests
the messages from the other node. This means that as long as buffer space is
available, messages will spread like an epidemic of some disease through the
network as nodes meet and “infect” each other.

Each message must contain a globally unique message ID to determine if it
has been previously seen. Besides the obvious fields of source and destination
addresses, messages also contain a hop count field. This field is similar to the
TTL field in IP packets and determines the maximum number of hops a message
can be sent, and can be used to limit the resource utilization of the protocol.
Messages with a hop count of one will only be delivered to their final destination.

The resource usage of this scheme is regulated by the hop count set in the
messages, and the available buffer space at the nodes. If these are sufficiently
large, the message will eventually propagate throughout the entire network if
the possibility exists. Vahdat and Becker do however show that by choosing an
appropriate maximum hop count, delivery rates can still be kept high while the
resource utilization is lower in the scenarios used in their evaluation [86].

2.2 Other work

A communication model that is similar to Epidemic Routing is presented by
Beaufour et al. [7], focusing on data dissemination in sensor networks. The
Pollen network proposed by Glance et al. [35] is also similar to Epidemic Rout-
ing. Thus, we will not go into the details of these proposals here.

Chen and Murphy propose a protocol called Disconnected Transitive Com-
munication (DTC) [19]. It utilizes an application-tunable utility function to
locate the node in the cluster of currently connected nodes that it is best to
forward the message to based on the needs of the application. In every step, a
node searches the cluster of currently connected nodes for a node that is “closer”
to the destination, where the closeness is given by a utility function that can be
tuned by the application to give appropriate results.

Shen et al. propose Interrogation-Based Relay Routing, a routing protocol
for routing in ad hoc space networks with Scientific Earth Observing (SEO)
satellites [77], characterized by frequently changing topologies, and sparse and
intermittent connectivity. The satellites interrogate each other to learn more
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about network topology and nodal capacity to make intelligent routing decisions.
Work by Li and Rus [57] deal with a similar problem of communication in

disconnected networks. They propose a solution where nodes actively change
their trajectories to create connected paths to accommodate the data transmis-
sion. While this might work in military applications and in some robotic sensor
networks, in most scenarios it is not likely that nodes will move just to accom-
modate communication of other nodes (if it is even possible to communicate the
need for it).

Grossglauser and Tse looks at the utility of using the mobility of nodes to
deliver messages to their destination from a slightly different point of view. One
major problem with ad hoc networks is that due to interference of concurrent
transmissions between nodes they scale badly. Grossglauser and Tse show the
by only doing local communications between neighbors and instead relying on
the movement of nodes to bring a message to its destination, this problem can
be mitigated [41].

3 Probabilistic routing

Although the random way-point mobility model is popular to use in evaluations
of mobile ad hoc protocols, real users are not likely to move around randomly,
but rather move in a predictable fashion based on repeating behavioral patterns
such that if a node has visited a location several times before, it is likely that it
will visit that location again. We would like to make use of these observations
and this information to improve routing performance by doing probabilistic rout-
ing and thus, we propose PROPHET, a Probabilistic ROuting Protocol using
History of Encounters and Transitivity.

To accomplish this, we establish a probabilistic metric called delivery pre-
dictability, P(a,b) ∈ [0, 1], at every node a for each known destination b. This
indicates how likely it is that this node will be able to deliver a message to
that destination. The operation of PROPHET is similar to that of Epidemic
Routing. When two nodes meet, they exchange summary vectors which in this
case also contain the delivery predictability information stored at the nodes.
This information is used to update the internal delivery predictability vector
as described below, and then the information in the summary vector is used to
decide which messages to request from the other node based on the forwarding
strategy used (as discussed in Sect. 3.2).

3.1 Delivery predictability calculation

The calculation of the delivery predictabilities have three parts. The first thing
to do is to update the metric whenever a node is encountered, so that nodes
that are often encountered have a high delivery predictability. This calculation
is shown in Eq. 1, where Pinit ∈ [0, 1] is an initialization constant.

P(a,b) = P(a,b)old
+

(
1 − P(a,b)old

) × Pinit (1)
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If a pair of nodes does not encounter each other in a while, they are less likely
to be good forwarders of messages to each other, thus the delivery predictability
values must age, being reduced in the process. The aging equation is shown in
Eq. 2, where γ ∈ [0, 1) is the aging constant, and k is the number of time units
that have elapsed since the last time the metric was aged. The time unit used
can differ, and should be defined based on the application and the expected
delays in the targeted network.

P(a,b) = P(a,b)old
× γk (2)

The delivery predictability also has a transitive property, that is based on the
observation that if node A frequently encounters node B, and node B frequently
encounters node C, then node C probably is a good node to forward messages
destined for node A to. Eq. 3 shows how this transitivity affects the delivery
predictability, where β ∈ [0, 1] is a scaling constant that decides how large
impact the transitivity should have on the delivery predictability.

P(a,c) = P(a,c)old
+

(
1 − P(a,c)old

) × P(a,b) × P(b,c) × β (3)

3.2 Forwarding strategies

In traditional routing protocols, choosing where to forward a message is usually
a simple task; the message is sent to the neighbor that has the path to the
destination with the lowest cost (usually the shortest path). Normally the mes-
sage is also only sent to a single node since the reliability of paths is relatively
high. However, in the settings we envision here, things are completely different.
For starters, when a message arrives at a node, there might not be a path to
the destination available so the node have to buffer the message and upon each
encounters with another node, the decision must be made on whether or not to
transfer a particular message. Furthermore, it may also be sensible to forward
a message to multiple nodes to increase the probability that a message is really
delivered to its destination.

Unfortunately, these decisions are not trivial to make. In some cases it might
be sensible to select a fixed threshold and only give a message to nodes that have
a delivery predictability over that threshold for the destination of the message.
On the other hand, when encountering a node with a low delivery predictability,
it is not certain that a node with a higher metric will be encountered within
reasonable time. Thus, there can also be situations where we might want to
be less strict in deciding who to give messages to. Furthermore, there is the
problem of deciding how many nodes to give a certain message to. Distributing
a message to a large number of nodes will of course increase the probability of
delivering a message to its destination, but in return, more system resources will
be wasted. On the other hand, giving a message to only a few nodes (maybe
even just a single node) will use little system resources, but the probability of
delivering a message is probably lower, and the incurred delay high.
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In the evaluations in this paper, we have chosen a rather simple forwarding
strategy – when two nodes meet, a message is transferred to the other node
if the delivery predictability of the destination of the message is higher at the
other node.

4 Simulation setup

To aid in the evaluation of the protocol, we have developed a simple simulator.
The simulator focuses on the operation of the routing protocols, and does not
simulate the details of the underlying layers.

When doing an evaluation of a protocol or system, it is very important that
the models used in the evaluation are realistic. Since we base our protocol
on making predictions depending on the movements of nodes, it is vital that
the mobility models we use are realistic. One mobility model that has been
commonly used in evaluations of ad hoc routing protocols is the random way-
point mobility model [13]. In this model, nodes randomly choose a destination
and a speed and move there. Upon arrival at the destination, the node pause
for a while and then chooses a new destination. This model is however likely to
be unrealistic since normal users do not run around completely randomly, but
rather have some set goal with their movements. Thus, it is desirable to model
the mobility in some better way to better reflect reality.

Therefore, we have used two different scenarios to evaluate the protocols.
Firstly, as a reference, we have used a scenario that is very similar to the one
used by Vahdat and Becker in their evaluation of Epidemic Routing in [86]. This
scenario consists of a 1500 × 300 m area where 50 nodes are randomly placed.
These nodes move according to the random way-point mobility model [13] with
speeds of 0 − 20 m/s. From a subset of 45 nodes, one message is sent every
second for 1980 seconds of the simulation (each of the 45 nodes sending one
message to the other 44 nodes), and the simulation is then run for another 2020
seconds to allow messages to be delivered.

However, since part of the motivation for this work was the observation that
totally random mobility is not likely to be a realistic model, we wanted to design
a more realistic scenario. This resulted in the design of a scenario that we call
the “community model”. This scenario consists of a 3000×1500m area as shown
in Fig. 3.2. This area is divided into 12 subareas, 11 communities (C1-C11), and
one “gathering place” (G). Each node has one home community that it is more
likely to visit than other places, and for each community there are five nodes
that have that as home community. Furthermore, in each community, and at
the gathering place, there is a fixed (non-mobile) node as well that could be
acting as a gateway for that community. The mobility in this scenario is such
that nodes select a destination and a speed between 10 and 30 m/s, move there,
pause there for a while, and select a new destination and speed. The destinations
are selected such that if a node is at home, there is a high probability that it
will go to the gathering place (but it is also for it to go to other places), and
if it is away from home, it is very likely that it will return home. Table 3.1
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Figure 3.2: Community model

shows the probabilities of different destinations being chosen depending on the
current location of a node. Real-life scenarios where this kind of mobility can
occur include human mobility where the communities are for example villages,
but also sensor network applications where sensors are attached to animals – in
such cases the gathering place may be a feeding ground, and the communities
can be herd habitats.

Table 3.1: Destination selection probabilities

From \ To Home Gathering place Elsewhere
Home - 0.8 0.2

Elsewhere 0.9 - 0.1

The traffic in this scenario is also different from the random mobility sce-
nario. Every tenth second, two randomly chosen community gateways generate
a message for a gateway at another community or at the gathering place. Five
seconds after each such message generation, two randomly chosen mobile nodes
generate a message to a randomly chosen destination. After 3000 seconds the
message generation cease and the simulation is run for another 8000 seconds to
allow messages to be delivered.

In both scenarios, a warm up period of 500 seconds is used in the beginning
of the simulations before message generation commence, to allow the delivery
predictabilities of PROPHET to initialize.

In our evaluation of the two protocols, we have focused on comparing their
performance with regard to the following metrics. First of all, we are interested
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in the message delivery ability, i.e. how many of the messages initiated the
protocol is able to deliver to the destination. Even though applications using this
kind of communication should be relatively delay-tolerant, it is still of interest to
consider the message delivery delay to find out how long time it takes a message
to be delivered. Finally, we also study the number of message exchanges that
occur between nodes. This indicates how the system resource utilization is
affected by the different settings, which is crucial so that valuable resources
such as bandwidth and energy are not wasted.

Table 3.2: Parameter settings
Parameter Value

Pinit 0.75
β 0.25
γ 0.98

We ran simulations for each scenario several times, varying the queue size
at the nodes (the number of messages can buffer), the communication range
of nodes, and the hop count value set in the messages. For each setup, we
made 5 simulation runs with different random seed. Table 3.2 shows the values
for parameters kept fixed in our simulations (preliminary simulations indicated
those values were reasonable choices for the parameters).

5 Results

The results presented here are averages from 5 simulation runs, and the error
bars in the graphs represent the 95% confidence intervals. For each metric and
scenario, there are two graphs with two different values of the hop count setting.
Each of these graphs contain curves for both Epidemic Routing and PROPHET
for the two different communication ranges. On the x-axis in each graph, the
queue size can be found.

Figure 3.3 shows the results from the simulations in the random mobility
scenario, and Fig. 3.4 from the community model simulations. First, we investi-
gate the delivery rates of the protocols in the different scenarios, shown in Fig.
3.3a) and Fig. 3.4a). It is easy to see that the queue size impacts performance;
as the queue size increases, so does the number of messages delivered to their
destination for both protocols. This is intuitive, since a larger queue size means
that more messages can be buffered, and the risk of throwing away a message
decreases. In the random mobility scenario, the performance is similar for both
protocols, even though PROPHET seem to perform slightly better, especially
with short communication range, and a high hop count. It is interesting to see
that even though mobility is completely random, PROPHET still operates in a
good way, and even outperforms Epidemic Routing slightly. In the community
model scenario, there is a significant difference between the performance for the
two protocols, and it can be seen that PROPHET is at times able to deliver up
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Figure 3.3: Simulation results from random mobility scenario

to twice as many messages as Epidemic Routing. Interesting to note is that the
delivery rate (especially for the short communication range) is adversely affected
by an increase in the hop count. This is probably due to the fact that with a
higher hop count, messages can spread through a larger part of the network,
occupying resources that otherwise would be used by other messages, while with
a lower hop count, the mobility of the nodes have greater importance.

Looking at the delivery delay graphs (Fig. 3.3b) and Fig. 3.4b)), it seems like
increasing the queue size, also increases the delay for messages. However, the
phenomenon seen is probably not mainly that the delay increases for messages
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Figure 3.4: Simulation results from community scenario

that would be delivered even at a smaller queue size (even though large buffers
might lead to problems in being able to exchange all messages between two
nodes, leading to a higher delay), but the main reason the average delay is higher
is coupled to the fact that more messages are delivered. These extra delivered
messages are messages that were dropped at smaller queue sizes, but now are
able to reside in the queues long enough to be delivered to their destinations.
This incurs a longer delay for these messages, increasing the average delay. Both
PROPHET and Epidemic Routing have similar delays in both scenarios, but as
queue sizes grow large, PROPHET seems to have shorter delays.
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Finally, looking at the graphs in Fig. 3.3c) and Fig. 3.4c), it can be clearly
seen that PROPHET has a lower communication overhead and sends less mes-
sages than Epidemic routing does. This is due to the fact that when using
PROPHET messages are only sent to “better” nodes, while Epidemic routing
send all possible messages to nodes encountered.

Another thing that can be seen from the graphs is that increasing the com-
munication range generally increases the performance in terms of delivery rate
and delay, but also increases the communication overhead. This is not very
surprising, since a larger communication range allows nodes to communicate
directly with a larger number of other nodes and increases the probability of
two nodes meeting each other.

Interesting to note is that even in the random mobility scenario, the perfor-
mance of PROPHET with regard to delivery rate and delay is comparable to
that of Epidemic Routing, but with lower communication overhead, thus being
more efficient. This is somewhat remarkable, since because of the total random-
ness in the mobility of nodes in this scenario, predicting good forwarding nodes
should be difficult. However, since the delivery predictability favors nodes fre-
quently met, and the fact that even if mobility is random, nodes that previously
were close, probably have not moved that far away from each other, it actually
is reasonable that this occur.

6 Discussion and future work

The new networking possibilities introduced by the ubiquitous deployment of
lightweight wireless devices have the potential to give rise to a plethora of new
applications and networked solutions where such were previously impossible.
However, since applicable infrastructure can not be expected to be omnipresent,
it is vital that solutions that can handle periods of intermittent connectivity are
developed. Thus, we feel that the routing aspect of the problem studied in
this paper is important to work on. This paper shows that it is possible to in a
relatively simple way do better than to just epidemically flood messages through
a network – an aspect that is likely to be valuable from a scalability point of
view as networks grow larger. We believe that this is a field of research where
much work remain to be done in the future. We may have taken a first step,
but many more are required before we have walked a mile. Some of the issues
to work on in the near future are outlined below.

In our evaluation we have used a FIFO queue at the nodes, so whenever a
new message arrives to a full queue, the message that has been in the queue
for the longest time is dropped. It might be better to use some other strategy
here, and for example drop the message that has already been forwarded to the
largest number of other nodes.

To reduce the required buffer space, and to further improve performance, it
would be interesting to evaluate the impact of allowing nodes to request an ACK
to their message. This would allow messages that already have been delivered
to be purged from the network, leaving more resources for the other messages,
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most likely increasing the probability of those messages being delivered.
The simple forwarding strategy used by PROPHET in our evaluation worked

fairly well, and outperformed Epidemic Routing. However, it is still interesting
to investigate other forwarding strategies to see if performance can be enhanced
further.

7 Conclusions

In this paper we have looked at intermittently connected networks, an area
where a lot of new applications are viable, vouching for an exciting future if the
underlying mechanisms are present. Therefore, we have proposed PROPHET,
a probabilistic protocol for routing in intermittently connected networks that
is more sophisticated than previous protocols, using history of node encoun-
ters and transitivity to enhance performance over previously existing proto-
cols. Simulations performed have shown that in a community based scenario,
PROPHET clearly gives better performance than Epidemic Routing. Further, it
is also shown that even in a completely random scenario (for which PROPHET
was not designed), the performance of PROPHET is still comparable with (and
sometimes exceeds) the performance of Epidemic Routing. Thus, it is fair to say
that PROPHET succeeds in its goal of providing communication opportunities
to entities in a intermittently connected network with a lower communication
overhead, and better performance than existing protocols.
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Glossary

ALOHANET Early packet radio network developed at the University of Hawaii
by Norm Abramson.

AIFS Arbitration interframe space. See IFS. Different AIFS values are used
by different traffic classes for normal medium access in the IEEE 802.11e
EDCF mode.

AODV Ad-hoc On-demand Distance Vector routing protocol. Commonly used
reactive ad hoc routing protocol.

ARP Address Resolution Protocol.

ARPANET The predecessor to the Internet.

CBR Constant Bit-Rate traffic.

CEDAR Core-Extraction Distributed Ad hoc Routing. Hierarchical reactive
ad hoc routing protocol.

CFP Contention Free Period. The period that the Point Coordinator controls
the medium when using the IEEE 802.11 PCF mode.

CP Contention Period. The period that the access to the medium is controlled
using the DCF mechanism when using the IEEE 802.11 PCF mode.

CSMA/CA Carrier Sense Multiple Access with Collision Avoidance. The ba-
sic access mechanism used by the DCF mode in IEEE 802.11.

CW Contention Window - Used by IEEE 802.11 DCF to calculate the backoff
interval.

DCF Distributed Coordinator Function - The basic access mechanism of IEEE
802.11.

DFS Distributed Fair Scheduling. Medium access mechanism to provide service
differentiation and fair access to the medium in a wireless LAN in a way
similar to fair queuing.
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DIFS Distributed interframe space. See IFS. Used for normal medium access
in the IEEE 802.11 DCF mode.

DSR Dynamic Source Routing. Reactive ad hoc routing protocol utilizing
source routing.

DSDV Destination Sequence Distance Vector routing protocol. An early proac-
tive ad hoc routing protocol.

DTN Delay Tolerant Network

DTNRG The IRTF Delay Tolerant Networking research group.

EDCF Enhanced Distributed Coordinator Function. Enhanced CSMA/CA
based access mechanism for WLANs, present in the IEEE 802.11e stan-
dard.

Frame Data transmission unit at the link layer. Consists of a Header and the
data from upper layers.

IEEE The Institute of Electrical and Electronics Engineers. The IEEE is a
global technical professional society serving the public interest and mem-
bers in electrical, electronics, computer, information and other technolo-
gies.

IEEE 802.11 The most widely used standard for WLANs. Specifies medium
access control (MAC) and physical (PHY) layers.

IETF Internet Engineering Task Force – The standardization body handling
Internet protocols and mechanisms.

IFS Interframe space. Short waiting time used by the IEEE 802.11 MAC layer
to determine if the medium is idle before transmitting.

IP Internet Protocol

IPNSIG InterPlaNetary Internet Special Interest Group

IRTF Internet Research Task Force – Promotes research of importance to the
evolution of the future Internet by creating focused, long-term and small
Research Groups working on topics related to Internet protocols, applica-
tions, architecture and technology.

ISAIAH Infra-Structure Aodv for Infrastructured Ad Hoc networks. Reactive
routing protocol for routing in infrastructured ad hoc networks. Based on
AODV.

MAC Medium Access Control. The layer in the protocol stack that handles
the access to the physical medium.

MANET Mobile Ad hoc Network. Infrastructureless wireless network, where
all nodes in the network take part in the routing and forwarding of packets.
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OLSR Optimized Link State Routing protocol. Proactive ad hoc routing pro-
tocol.

PC Point Coordinator

PCF Point Coordinator Function - Centralized, polling based access mecha-
nism of IEEE 802.11 to support service differentiation.

PHY Physical layer

PIFS Priority interframe space. See IFS.

PROPHET Probabilistic ROuting Protocol using History of Encounters and
Transitivity. Probabilistic protocol for routing in intermittently connected
networks using the predictability of node mobility.

QoS Quality of Service.

RREP Route Reply. Used by reactive ad hoc routing protocols as a reply to
RREQ packets to announce a route to a destination.

RREQ Route Request. Used by reactive ad hoc routing protocols to find a
route to a destination.

SIFS Short interframe space. See IFS.

Superframe Time period in IEEE 802.11 PCF consisting of a CFP and a CP.

TBRPF Topology Broadcast based on Reverse Path Forwarding. Proactive
ad hoc routing protocol.

TCP Transmission Control Protocol

TDM Time Division Multiplexing

TORA Temporally-Ordered Routing Algorithm. Reactive ad hoc routing pro-
tocol.

WLAN Wireless Local Area Network

ZRP Zone Routing Protocol. Hybrid ad hoc routing protocol. Proactively
maintains routes to destinations within a neighborhood, and reactively
searches for routes to destinations further away.



72 On Three Issues in Wireless Networking



Bibliography

[1] Norman Abramson. The ALOHA system – another alternative for com-
puter communications. In Proceedings of the Fall Joint Computer Confer-
ence, AFIPS Conference, volume 37, pages 281–285, 1970.

[2] Norman Abramson. Development of ALOHANET. IEEE Transactions on
Information Theory, 5(2):28–42, 1985.

[3] Andreas Almquist and Anders Lindgren. Quality of Service schemes for
IEEE 802.11 - a simulation study. Master’s thesis, Lule̊a University of
Technology, May 2001.

[4] Himadri Barman. A study on the performance of the HTTP protocol
over wired-cum-wireless lans. Master of technology, Tezpur University,
November 2002.

[5] Michael Barry, Andrew T. Campbell, and Andras Veres. Distributed con-
trol algorithms for service differentiation in wireless packet networks. In
Proceedings of IEEE INFOCOM, 2001.

[6] Roberto Battiti and Bo Li. Supporting service differentiation with enhance-
ments of the IEEE 802.11 MAC protocol: Models and analysis. Technical
Report DIT-03-024, University of Trento, May 2003.

[7] Allan Beaufour, Martin Leopold, and Philippe Bonnet. Smart-tag based
data dissemination. In First ACM International Workshop on Wireless
Sensor Networks and Applications (WSNA02), June 2002.

[8] Bhargav Bellur and Richard G. Ogier. A reliable, efficient topology broad-
cast protocol for dynamic networks. In Proccedings of the Eighteenth An-
nual Joint Conference of the IEEE Computer and Communications Soci-
eties (INFOCOM’99), volume 1, pages 178–186, March 1999.

73



74 On Three Issues in Wireless Networking

[9] Mathilde Benveniste, Greg Chesson, Maarten Hoeben, Aman Singla,
Harold Teunissen, and Menzo Wentink. EDCF proposed draft text. IEEE
working document 802.11-01/131r1, March 2001.

[10] George W. Boehlert, Daniel P. Costa, Daniel E. Crocker, Phaedra Green,
Todd O’Brien, Syd Levitus, and Burney J. Le Boeuf. Autonomous pinniped
environmental samplers; using instrumented animals as oceanographic data
collectors. Journal of Atmospheric and Oceanic Technology, 18(11):1882–
1893, 2001. 18 (11).

[11] Lee Breslau, Deborah Estrin, Kevin Fall, Sally Floyd, John Heidemann,
Ahmed Helmy, Polly Huang, Steven McCanne, Kannan Varadhan, Ya Xu,
and Haobo Yu. Advances in network simulation. IEEE Computer, 33(5):59–
67, May 2000. Expanded version available as USC TR 99-702b at http:
//www.isi.edu/~johnh/PAPERS/Bajaj99a.html.

[12] Marco Caccamo, Lynn Y. Zhang, Lui Sha, and Giorgio Buttazzo. An
implicit prioritized access protocol for wireless sensor networks. In Pro-
ceedings of the IEEE Real-Time Systems Symposium, Austin, Texas, USA,
December 2002.

[13] Tracy Camp, Jeff Boleng, and Vanessa Davies. A survey of mobility models
for ad hoc network research. Wireless Communications & Mobile Com-
puting (WCMC): Special issue on Mobile Ad Hoc Networking: Research,
Trends and Applications, 2(5):483–502, 2002.

[14] Vinton G. Cerf, Scott C. Burleigh, Adrian J. Hooke, Leigh Torgerson,
Robert C. Durst, Keith L. Scott, Kevin Fall, and Howard S. Weiss. Delay-
tolerant network architecture. Internet Draft draft-irtf-dtnrg-arch-02.txt
(work in progress), March 2003.

[15] Ian D. Chakeres and Elizabeth M. Belding-Royer. Poster: Utilizing
resource-rich nodes in ad hoc networks. In Proceedings of The Fourth ACM
International Symposium on Mobile Ad Hoc Networking and Computing
(MobiHoc 2003), June 2003.

[16] Leena Chandran-Wadia, Shruti Mahajan, and Sridhar Iyer. Throughput
performance of the distributed and point coordination functions of an ieee
802.11 wireless lan. In Proceedings of the 15th International Conference on
Computer Communication (ICCC 2002), 2002.

[17] Benjie Chen, Kyle Jamieson, Hari Balakrishnan, and Robert Morris. Span:
An energy-efficient coordination algorithm for topology maintenance in ad
hoc wireless networks. In Proceedings of the seventh annual international
conference on Mobile computing and networking, pages 85–96, July 2001.

[18] Dongyan Chen, Sachin Garg, Martin Kappes, and Kishor S. Trivedi. Sup-
porting VBR VoIP traffic in IEEE 802.11 WLAN in PCF mode. Technical
Report ALR-2002-026, Avaya Labs Research, 2002.



Bibliography 75

[19] Xiangchuan Chen and Amy L. Murphy. Enabling disconnected transitive
communication in mobile ad hoc networks. In Proc. of Workshop on Prin-
ciples of Mobile Computing, colocated with PODC’01, Newport, RI (USA),
pages 21–27, aug 2001.

[20] Greg Chesson, Wim Diepstraten, Duncan Kitchin, Harold Teunissen, and
Menzo Wentink. Baseline D-QoS proposal. IEEE 802.11 working document
802.11-00/399, November 2000.

[21] Thomas H. Clausen, Philippe Jacquet, Anis Laouiti, Paul Muhlethaler,
Amir Qayyum, and Laurent Viennot. Optimized link state routing protocol.
In Proceedings of IEEE INMIC Pakistan, 2001. Best paper award.

[22] Scott Corson and Joseph Macker. Mobile ad hoc networking (MANET):
Routing protocol performance issues and evaluation considerations. IETF
RFC2501 – Informational, January 1999.

[23] Constantine Coutras, Sanjay Gupta, and Ness B. Shroff. Scheduling of
real-time traffic in IEEE 802.11 wireless LANs. Wireless Networks, The
journal of mobile communication, computation and information, 6(6):457–
466, December 2000.

[24] Ruy de Oliveira and Torsten Braun. TCP in wireless mobile ad hoc net-
works. Technical Report IAM-02-003, University of Berne, July 2002.

[25] Alan Demers, Dan Greene, Carl Hauser, Wes Irish, John Larson, Scott
Shenker, Howard Sturgis, Dan Swinehart, and Doug Terry. Epidemic al-
gorithms for replicated database maintenance. In Proceedings of the ACM
Symposium on Principles of Distributed Computing, pages 1–12, 1987.

[26] Dr-Jiunn. Deng and Ruay-Shiung. Chang. A priority scheme for IEEE
802.11 DCF access method. IEICE Transactions on Communications, E82-
B(1), January 1999.

[27] Avri Doria, Maria Udén, and Durga Prasad Pandey. Providing connectivity
to the saami nomadic community. In Proceedings of the 2nd International
Conference on Open Collaborative Design for Sustainable Innovation (dyd
02), Bangalore, India, Dec 2002.

[28] Sheetalkumar Doshi and Timothy X Brown. Minimum energy routing
schemes for a wireless ad hoc network. In Proceedings of IEEE Infocom
2002, 2002.

[29] Kevin Fall and Kannan Varadhan. The ns Manual. VINT Project, UC-
Berkeley and LBNL, 2000. http://www.isi.edu/nsnam/ns/.

[30] Laura Marie Feeney and Martin Nilsson. Investigating the energy consump-
tion of a wireless network interface in an ad hoc network environment. In
Proceedings of IEEE Infocom, Anchorage, AK, April 2001.



76 On Three Issues in Wireless Networking

[31] Sally Floyd and Eddie Kohler. Internet research needs better models. In
Proceedings of the First Workshop on Hot Topics in Networks (HotNets-I),
October 28–29 2002.
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”I don’t see much sense in that,” said Rabbit. ”No,” said Pooh
humbly, ”there isn’t. But there was going to be when I began it. It’s just that
something happened to it along the way.”

from Winnie-the-Pooh by A.A. Milne






