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av

Otto Tronarp

Reg nr: LiTH-ISY-EX-3343-2003

Supervisor: Jimmi Grönkvist

Ulf Sterner

Frida Gunnarsson

Examiner: Fredrik Gunnarsson
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Abstract

The increasing usage of information technology in military affairs raises the
need for robust high capacity radio networks. The network will be used
to provide several different types of services, for example group calls and
situation awareness services. All services have specific demands on packet
delays and packet losses in order to be fully functional, and therefore there
is a need for a Quality of Service (QoS) mechanism in the network.

In this master thesis we examine the possibility to provide a QoS mech-
anism in Ad Hoc networks by using priority queues. The study includes two
different queuing schemes, namely fixed priority queuing and weighted fair
queuing. The performance of the two queuing schemes are evaluated and
compared with respect to the ability to provide differentiation in network
delay, i.e., provide high priority traffic with lower delays than low prior-
ity traffic. The study is mainly done by simulations, but for fixed priority
queuing we also derive a analytical approximation of the network delay.

Our simulations show that fixed priority queuing provides a sharp delay
differentiation between service classes, while weighted fair queuing gives the
ability to control the delay differentiation. One of those queuing schemes
alone might not be the best solution for providing QoS, instead we suggest
that a combination of them is used.

Keywords: quality of service, ad hoc networks, priority queues, weighted
fair queuing
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Nomenclature

C Number of service classes.

CSMA Carrier Sense Multiple Access, page 3.

dc
i Node delay, page 12.

Dc
kl End-to-end packet delay for route rkl, see Eq. (2.5), page 12.

Dc Network delay for service class c, see Eq. (2.7), page 12.

Dc Mean end-to-end packet delay over all routes for service class c,
see Eq. (2.6), page 12.

· Expectation value.

E[·] Expectation value.

FPQ Fixed Priority Queuing, page 13.

Tf Frame length in TDMA, see Fig. 1.1, page 5.

Λij The number of routes in R that contains the directed link (i, j),
page 11.

Λi The number of routes in R that starts in or passes node i, see
Eq. (2.4), page 12.

λc
ij Average traffic load on link (i, j) from service class c, see Eq. (2.3),

page 11.

λc
i Average traffic load on node i from service class c, see Eq. (2.4),

page 12.

λc
N Average traffic load on the network from service class c.
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iv NOMENCLATURE

λN Average traffic load on the network.

(i, j) Link from node i to node j, page 9.

E The set of links, see Eq. (2.2), page 9.

MAC Medium Access Control, page 3.

N Number of nodes in the network.

V The set of nodes, page 9.

OSI Open Systems Interconnection, a reference model for network ar-
chitectures, page 7.

R Routing table, page 11.

rkl A route from node k to node l, page 11.

Ts Slot length in TDMA, see Fig. 1.1, page 5.

SNR Signal-to-Noise Ratio, page 9.

Γij Signal-to-Noise Ratio on the path from node i to node j, see
Eq. (2.1), page 9.

STDMA Spatial Reuse Time Division Multiple Access, page 4.

TDMA Time Division Multiple Access, page 4.

WFQ Weighted Fair Queuing, page 17.
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Chapter 1

Introduction

1.1 Background

Since the early eighties there have been an increasing adoption of informa-
tion technology in military affairs. This innovative development of warfare is
often referred to as Revolution in Military Affairs (RMA). As a part of this
ongoing RMA the Swedish Armed Forces are beginning to adopt and de-
velop the concept of Network Centric Warfare (NCW) [1]. Previously there
was a platform centric view of warefare, the focus was on abilities and per-
formance bound to individual platforms such as a fighter plane or a warship.
In NCW the abilities of a platform is seen as a set of services that the plat-
form can provide and by interconnecting several platforms into a network
structure the collective ability will increase. One necessity to achieve NCW
is the availability of high capacity networks that can distribute information
between all entities in the network.

Several different types of services will be provided through the network
for example group calls, positional services, situation awareness etc. All
services have specific demands on packet delays and packet losses in order
to be fully functional. For example, the human ear is very sensitive to delays,
and thus voice transmission has demands for low delays. File transfer and
email on the other hand have a much higher tolerance for delays. Those
types of demands are commonly referred to as Quality-of-Service (QoS)
demands.

In traditional networks all traffic receives the same treatment from the
network which leads to a poor utilization of the available resources. Consider
for example a network that provides a set of services with different QoS
demands say for example voice transmission, with its high demand on low

1



2 Introduction

delays, and email with considerable better delay tolerance. If the network
treats all traffic equally all services will receive the same QoS, even though
they have very different QoS demands. When the network has enough
capacity to give all services the QoS demanded for voice transmission every
thing is fine, albeit it is a severe waste of resources to give that kind of
QoS to for example email. However, if the network load increases to a
level where the network no longer can provide such high QoS it will lead to
increased packet delays and packet losses in the network. The quality of the
voice transmissions will start to degrade and finally be inoperable. Email
on the other hand might still work or even be given far better QoS than it
requires. If the network instead would provide the email service with the
minimum capacity that it needs to fulfill its QoS requirements there might
be enough capacity left for the voice transmissions to function under this
higher network load.

A lot of research are done in the area of providing QoS guarantees on the
Internet. For example the Differentiated Services (DiffServ) architecture [2],
a proposed standard from the Internet Engineering Task Force (IETF) for
service differentiation on the Internet. In DiffServ individual traffic flows
with similar QoS demands are tagged as members of the same service class
and those service classes are given differentiated treatment in the form of
different per-hop behavior, i.e., traffic from different service classes is given
different forwarding treatment when relayed through the network. One of
the suggested per-hop behavior’s is assured forwarding where service classes
are guaranteed a minimum forwarding rate and additionally they are guar-
anteed a minimum buffer capacity. Another suggested per-hop behavior is
relative service where the network simply guarantees that higher classes will
be provided better QoS than lower classes [3].

The nature of military operations places further demands than high
capacity on such a network: it must also be robust and mobile. Fixed
infrastructures are very vulnerable because of their centralized structure.
Therefore they cannot solely be relied on. Instead we need a mobile network
that can be established quickly in any environment. To further increase the
robustness it should have a decentralized structure. Since if a node becomes
inoperable it will have the least impact, on the total network performance,
if the network has a decentralized structure. One technology that realizes a
network that might fulfill those demands are mobile ad hoc networks.

The word ad hoc is Latin and literally means for this or for this purpose
only and is often used to denote temporary solutions. The term mobile
ad hoc networks refers to wireless networks that are created dynamically
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through cooperation between the participating wireless nodes, i.e., without
the aid of a central administrative node or fixed infrastructure [4].

The lack of a fixed infrastructure in the network together with its dy-
namic and mobile property can cause the network topology to change rapidly
and in a unpredictable manner. In order to establish node-to-node commu-
nication over a large area, under such harsh conditions, each node must also
function as a router for the network to provide multihop functionality. In
that way traffic between two nodes, that does not have a direct connection
between each other, can take multiple hops over other nodes in the network
in order to reach its destination. However, this creates a new problem,
namely how do the packets know what route to take through the network?
This is solved with a routing protocol that determines how traffic is routed
through the network, see [5] for an overview of routing protocols for ad hoc
networks. Another important problem in mobile ad hoc networks is how to
control the nodes access to the transport medium, the radio channel in the
case of wireless transmissions. This is known as the medium access control
(MAC) problem.

1.2 Problem overview

1.2.1 Medium Access Control

The medium access control (MAC) protocol is the set of rules agreed upon
that are used to prevent or resolve conflicts that occur when more than
one node tries to use the channel at the same time. MAC protocols can be
classified into two classes: contention based and conflict-free protocols [6].

Contention based protocols Contention based protocols do not guar-
antee that a transmission is successful. Instead they describe a set of rules
that are used to resolve conflicts when they occur. The pure ALOHA is
an example of a very simple contention based protocol that solves conflicts
by random retransmission. That is, whenever a transmission fails due to
collision the node waits for a random amount of time and then tries again.
This process is repeated until the transmission is successful. It is obvi-
ous that under high loads a lot of network capacity is wasted on solving
conflicts. To overcome those problems several modifications of the pure
ALOHA algorithm, that enhances the performance under high loads, has
been suggested, e.g., slotted ALOHA, where the time is divided into time
slots and a transmission is only allowed to start at the beginning of a time
slot.
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Another more elaborated extension of the ALOHA scheme are the car-
rier sense multiple access protocol (CSMA). The fundamental idea behind
CSMA is to sense the channel before each transmission and only start the
transmission if the channel is idle. If the channel is busy the node waits
for a random amount of time and then repeats the same procedure. This
scheme clearly prevents some conflicts but not all. For example two nodes
could sense the channel at the same time and find it idle and then start to
transmit with a collision as result. When conflicts occur they are solved in
the same way as in the ALOHA protocol.

The problem with contention based protocols is that collisions will occur
and under high network loads an increasing amount of capacity is wasted
on resolving conflicts. This makes it difficult to make any QoS guarantees,
especially delay bounds.

Conflict-free protocols Conflict-free protocols on the other hand are
designed to avoid conflicts, i.e., all transmissions are guaranteed to be suc-
cessful. At least in the meaning that a transmission will not fail due to
interference from other nodes in the network. In radio networks where the
channel is the radio channel the conflict free property can be obtained by
for example frequency multiplexing, time multiplexing or a combination of
both.

Time Division Multiple Access The time division multiple access
(TDMA) protocol is a conflict-free MAC protocol that is based on time
multiplexing. The time is divided into several time slots and each node is
assigned one of those slots according to a periodically repeating pattern as
shown in Fig. 1.1, one such period is refered to as a frame or cycle. During
the assigned time slot that node is the only one that is allowed to use the
channel. To uphold this rule the nodes must be synchronized. The TDMA
protocol provides a reasonable utilization of the channel when the nodes
are geographically close and have similar communication requirements, but
if the nodes are geographically scattered or if there are nodes that has
greater communication requirements than the others the utilization starts
do degenerate.

There exists several modifications to the basic TDMA protocol that
deals with its deficiencies, for example generalized TDMA (GTDMA) where
nodes with higher load may be assigned more than one time slot. Another
TDMA derivative is Spatial Reuse TDMA (STDMA) [7]. In STDMA time
slots can be reused, i.e., two nodes that are sufficiently spatially separated,
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Ts

t

i+ 1i− 11 1Ni

Figure 1.1. TDMA slot allocation for a N -node network with the frame length
Tf and the slot length Ts.

for their transmissions not to interfere with each other, can be assigned the
same time slot. This provides a better utilization of the channel when the
nodes are geographically scattered.

1.2.2 Queuing systems

When a node generates traffic, or receives relay traffic, at a higher rate than
it can transmit a queue is formed. The most common way to deal with
those queues are according to the first-come-first-serve (FCFS) discipline
where the packets are served in the order of their arrival.

However, there exists a wide variety of different queuing disciplines,
for example the equally simple last-come-first-serve (LCFS) discipline and
the random service discipline. An entire family of queuing disciplines are
the priority queues, where the packets are given differentiated treatment
according to which service class they belong to. In priority queues the
packets are assigned a priority that is a function of service class and then
the packets are served in decreasing order of priority.

Fixed Priority Queuing

The fixed priority queuing (FPQ) discipline is probably the most simple
form of priority queues. As the name suggests the packets are assigned
a fixed priority according to service class membership, i.e., if the packet
belongs to service class c it is assigned the priority qc.

There is no sense of fairness in this strategy since packets that belong to
the service class with the highest priority are always served first. So packets
that does not belong to that service class are not guaranteed any service at
all, they are just given what is left after the highest priority class has been
served.



6 Introduction

Weighted Fair Queuing

Weighted fair queuing (WFQ) was first introduced in [8], it was also de-
veloped in parallel under the name packet-by-packet generalized processor
sharing (PGPS) in [9], and is a packet approximation of the generalized
processor sharing scheme (GPS) [9]. GPS allows allocation of a minimal
percentage of the total capacity to a service class and uses proportional
fair sharing of any excess capacity. In other words every service class are
guaranteed a minimum service rate and any excess capacity is shared fairly
between active service classes.

1.3 Problem definition

The major contribution to packet delays in multihop radio networks comes
from the queuing time in the individual nodes when the packets are routed
through the network. The same holds for packet losses. They arise when
the queue in a node grows over its buffer capacity and it starts dropping
packets. Hence packet loss and delay is to a high degree a local or per-
hop problem and therefore it is a natural strategy to change the per-hop
behavior in an attempt to overcome the problems.

The purpose of this work is to investigate the possibility to give such
differentiated per-hop behaviors among service classes by employing priority
queues in the MAC protocol. More specifically we will study the effects of
fixed priority queuing and weighted fair queuing in TDMA-networks. Since
the focus is on aggregated traffic flows (service classes) and not individual
traffic flows we will not be able to give absolute QoS guarantees, but rather
a relative service differentiation.

1.4 Thesis Outline

In chapter 2 we build up the network model, with its assumption and sim-
plifications, that we will use in this report. Here, we also define the per-
formance measures that we will use. In chapter 3 we give a more in depth
description of the two queuing schemes, fixed priority queuing and weighted
fair queuing, that we use. In this chapter we also derives an analytical ap-
proximation for the network delay in a TDMA network with fixed priority
queues. In chapter 4 we present the results from the simulations and the an-
alytical approximation. Finaly we draw our conclusions in chapter 5 where
we also presents some possible topics for future work.



Chapter 2

Network Model

In this chapter we provide a layout of the network model with its assump-
tions and simplifications that we use throughout this work. We start with
introducing the OSI reference model, that is used to describe the network
architecture, in section 2.1 and in subsequent sections we describe the rele-
vant layers of our network model.

2.1 OSI Model

The Open Systems Interconnection (OSI) model is a reference model for
network architectures developed by the International Organization for Stan-
dardization (ISO) in the late seventies [10]. The OSI model breaks down the
network functionality into a hierarchy of seven layers, as shown in Fig. 2.1.

Each layer provides a specified set of functions, to higher layers, by
encapsulating the next lower layer and adding some functionality to it. In
this way the next higher layer is provided with a virtual communication link
with a specified set of properties.

The seven layers in the OSI model are from bottom and up:

Physical Provides a virtual link for bits, i.e., it handles the transmission
of raw bits over the communication medium.

Data link Provides a virtual link for reliable transmission and reception
of packets, i.e., it handles error correction and MAC.

Network Provides a virtual link for end-to-end packets, i.e., it handles the
routing of packets in the network.

7
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Session

Transport

Network

Application

Presentation

Data link

Physical

End node

Session

Transport

Network

Application

Presentation

Data link

Physical

End node

Network

Data link

Physical

Network

Data link

Physical

Communication medium

Virtual communcation links

Figure 2.1. The seven layers in the OSI model. The lower three layers must
be implemented in all nodes in the network, while the upper four layers only is
needed in end nodes. Each layer provides the next higher layer with a virtual
communication link with a specified set of properties.

Transport Provides a virtual link for end-to-end messages, i.e., in the
source node it breaks down messages into packets and at the des-
tination node it reconstructs the messages from the packets.

Session Provides a virtual link for the information exchange that is neces-
sary to establish a session.

Presentation Provides a virtual link that is independent of data represen-
tation, i.e., it handles for example encryption.

Application Provides a virtual link for applications to interact with each
other, for example the File Transfer Protocol (FTP) are used by file
transfer applications.

The three lowest layers must be implemented in all intermediate nodes
such as routers and switches. The four upper layers on the other hand is
only needed in end nodes. However, in an ad hoc network all nodes are end
nodes and since they also can function as routers all the seven layers are
needed in every node.
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2.2 Data Link Layer

We let the directed graph G = (V, E) represent the network, where V is the
set of vertices and E is the set of directed edges. The vertices represents the
nodes in the network and the edges represents the links between nodes. In
order to specify E we need some definitions.

We define Pi as the transmission power from node i, i.e., the signal power
that the transmitter antenna in node i is feed with. Gij is defined as the
link gain from node i to node j, i.e., the power gain of the signal as it passes
the transmitter antenna, the radio channel and the receiver antenna. Thus,
the received signal power in node j when node i transmits is given by PiGij .
Further, we define Nj as the noise power in node j, i.e., the noise power
that is received in node j. With the above definitions we can define the
signal-to-noise ratio (SNR), Γij , in node j when node i transmits. As the
name suggest Γij is the quotient between the received signal power, PiGij ,
and the received noise power, Nj .

Γij =
PiGij

Nj

(2.1)

If Γij is sufficiently large then node i can transmit reliable, i.e., error
free, to node j. In this case we say that there exists a link (i, j) from node
i to node j. Let γR denote this reliable communications threshold then the
set of links E (or set of directed edges) is given by:

E = {(i, j) : Γij ≥ γR, ∀(i, j) ∈ V × V} (2.2)

The absolute level of γR depends on several of the radio systems properties,
such as the modulation, data rate, and the channel coding.

Note that (i, j) ∈ E does not necessarily imply that (j, i) ∈ E , but if we
make the following assumptions:

• All nodes transmits with equal power.

• The channel is reciprocal and all nodes are using isotropic antennas.
A isotropical antenna is a theoretical antenna that radiates equally
well in all directions. This assumption gives us Gij = Gji, ∀i, j ∈ V.

• The noise power in all nodes are equal, i.e., Ni = Nj , ∀i, j ∈ V.

• All links operate at the same fixed data rate.

Then it will hold that (i, j) ∈ E ⇔ (j, i) ∈ E .
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2.2.1 Medium Access Control

For simplicity we will use the basic time division multiple access (TDMA)
protocol in the analytical analysis of fixed priority queues (see section 3.1).
The basic TDMA protocol have a poor channel utilization when there are
nodes with prominent greater communication needs than most of the other
nodes. This is a situation that often arise when the nodes are geographically
scattered, since this gives rise to bottlenecks when a great part of the traffic
is routed over a few nodes. For that reason we will use the generalized time
division multiple access (GTDMA) protocol with perfect traffic adaption in
the rest of our work.

In a GTDMA network, nodes with greater communication needs can be
assigned more time slots, than other nodes, and in that way increase their
capacity. Perfect traffic adaption means that the nodes are assigned time
slots in correspondence to the average traffic load that they are exposed to.
Further, to minimize the network delay the time slots for each node should
be evenly spaced in the GTDMA frame, that however is a tough problem.
To circumvent this, we will permute the slot allocation at the start of each
new frame. In that way we obtain the evenly spaced property on average
over time.

The only deviation we make from the standard (G)TDMA protocols is
that we will not use the common first-come-first-serve queuing discipline,
instead we will use the queuing disciplines described in chapter 3.

For simplicity we make the following assumptions on the (G)TDMA
protocol:

• Perfect slot synchronization, i.e., every node has access to a perfectly
synchronized time reference.

• All packets are of equal length and it takes a whole time slot to trans-
mit a packet.

2.3 Transport and Network Layer

2.3.1 Traffic model

Traffic that arrives to a network can be categorized in two categories. Traffic
with a single source and destination (unicast) and traffic that has multiple
destinations (multicast). Unicast is obviously used for point-to-point com-
munication such as file transfers, telephone calls or email. Whereas multi-
cast is used when the information needs to be distributed to multiple nodes,
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which is the case with for example group calls and situation awareness ser-
vices. Even though multicast is an important traffic type we will focus on
unicast traffic in this work since it is easier to analyze analytically.

Unicast traffic can be modeled as a stream of packets where each packet
enters the network at a source node i ∈ V according to a probability function
ps(i) and leaves the network at a destination node j ∈ V. The destination
node for a packet can be modeled as a conditional probability, i.e., given
that the source node is i the probability that the destination node is j is
pd(j|i).

We will use a uniform traffic model where the packets from service class
c arrives to the network according to a Poisson process with intensity λc

N .
That the traffic model is uniform means that each node is equally probable
as source node, hence ps(i) = 1/N , and that each node except the source
node is equally probable as destination node, and hence pd(j) = 1/(N − 1),
where N = |V| is the number of nodes in the network.

2.3.2 Routing

Since the network should provide multihop functionality each node also
functions as router and therefore must have a routing table. For routing
we will use the shortest-path algorithm, i.e., a packet will be routed along
the route that traverses the least number of nodes. This algorithm has the
property that it minimizes the channel utilization, i.e., it requires the least
number of retransmissions of a packet for it to reach its destination. If
it exists more than one shortest route between two nodes then all traffic
between those two nodes always uses the same route. The routing table
can be calculated with for example Dijkstra’s algorithm [11]. Denote this
routing table R where the table entry R(k, l) is a route rkl from node k
to node l. We will assume that the graph (V, E) forms a connected graph,
i.e., there exists a route between every node pair, and hence the number of
routes in the network is given by |R| = N(N − 1).

With the routing table given we can calculate the average traffic load λc
i

from service class c on node i. First define Λij as the number of paths that
contains the directed link (i, j). Since there is a total of N(N − 1) routes in
the network the quotient Λij/N(N − 1) represents the relative load on link
(i, j). With this we can write the average traffic load λc

ij from service class
c on link (i, j) as

λc
ij = λc

N

Λij

N(N − 1)
, (2.3)

where λc
N is the average traffic load on the network from traffic class c.
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We note that Eq. (2.3) only is valid when all traffic from service class c is
forwarded through the network. If packets from service class c is dropped
then Eq. (2.3) will give an over estimation of the link load.

Now summing over all nodes that node i has a link to we get

λc
i = λc

N

∑

j:(i,j)∈E

Λij

N(N − 1)

= λc
N

Λi

N(N − 1)
, (2.4)

where Λi is the number of routes in R that starts in or passes node i.

2.4 Performance Measures

Since we are interested in QoS from a delay perspective we will use the
end-to-end packet delay as a performance measure for the different service
classes. More specifically we will look at the network delay. We define the
network delay as the expected value of the average end-to-end packet delay
over all routes. We let the stochastic variable dc

i denote the node delay, i.e.,
the delay that a packet from service class c experiences when it passes node
i. Further, let Dc

kl denote the end-to-end packet delay for route rkl. Dkl

can then be written as the sum of all node delays along the route rkl and
we get

Dc
kl =

∑

i:(i,j)∈rkl

dc
i . (2.5)

Since there is N possible start nodes for a route and for each start node
there is N − 1 possible end nodes we have that there is a total of N(N − 1)
different routes in the network. With that we get the average end-to-end
packet delay over all routes as

Dc =
1

N(N − 1)

∑

k∈V

∑

l∈V\k

Dc
kl. (2.6)

The network delay for service class c is the expected value of Eq. (2.6)

Dc = E[Dc] (2.7)



Chapter 3

Queuing Systems

In this chapter we give a more detailed description of the two queuing sys-
tems that we use. We start with fixed priority queuing in section 3.1 where
we also derive an analytical expression for the network delay. Then we move
on to weighted fair queuing in section 3.2 and its implementation details.

3.1 Fixed Priority Queuing

In fixed priority queuing the packets are assigned a fixed priority according
to which service class they belong to. Packets from service class 1 is assigned
the highest priority, packets from service class 2 is assigned the next highest
priority et cetera. The packets are then transmitted in decreasing order of
priority as shown in Fig. 3.1.

The merging of packet streams that takes place in a multihop network,
when packets is relayed through the network, complicates the properties of
the arrival processes at the nodes in the network. The problem is that the

c− 1 1C c

λci

i

Node iQueue

· · · · · ·

Figure 3.1. Packets from service class c joins a fixed priority queue behind all
packets from service classes that has a higher priority and before all packets from
service classes with lower priority.

13



14 Queuing Systems

merging can create a strong correlation between the packets inter-arrival
times and the packets transmission time. A common approximation when
packets arrives according to a Poisson process and have a exponentially dis-
tributed transmission time is the Kleinrock independence assumption [12].
It simply states that the relay traffic is of Poisson type and independent of
transmission time. In a TDMA network the transmission times clearly is not
exponentially distributed for that reason one might have second thoughts on
applying the assumption on TDMA network. However, in [13] they show
that the Kleinrock independence assumption is a fairly good approxima-
tion when applied to STDMA networks. Further, since the objections to
applying Kleinrock’s independence assumption in a TDMA network is es-
sentially the same as in a STDMA network we will use the assumption in
the following.

This assumption enables us to treat the queue in node i independently
of all the other queues and as if the arrival process for the different service
classes is of Poisson type with intensity λc

i given by Eq. (2.4).
To calculate the expected delay, E[dc

i ], that a packet from service class
c experiences when it passes node i in the network we will use the general
scheme for calculating delays in priority queues that is presented in [12].
We study the system from the point of view of a newly arrived packet from
service class c and denote this packet the tagged packet.

The expected delay that the tagged packet experiences when it passes
node i in the network can be broken down in two parts, the expected waiting
time in the queue and the transmission time. Since it is a TDMA network
and all packets are of equal length, and takes a whole time slot to transmit,
the transmission time is deterministically given by the slot length Ts. Let
W c

i denote the expected waiting time in the queue for node i, for packets
from service class c. W c

i can be broken down into three parts:

1. The expected synchronization time Tsync, i.e., the expected time to
the next allocated time slot for node i.

2. The expected waiting time due to previously arrived higher, or equal,
priority packets Tphp, i.e., packets that already are in the queue and
that has a higher or equal priority and thus will be transmitted before
the tagged packet.

3. The waiting time due to succeeding arrivals of higher priority packets
Tshp, i.e. packets that arrive while the tagged packet are in the queue
and that has a higher priority and thus will be transmitted before the
tagged packet.
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Tf

Ts

t

i+ 1i i− 1 i1N

Tsync

packet arrival

Figure 3.2. Slot allocation for a N -node TDMA network. Traffic that is relayed
via node i can only arrive in the shaded area.

The expected synchronization time Tsync depends on whether node i is
the source node for the packet or if the packet is relayed via node i. If node
i is the source node for the packet then the packet arrival time is uniformly
distributed over the frame Tf and hence Tsync = Tf/2.

In the case when the packet is relayed via node i we note that there
cannot arrive any packets in node i’s time slot, since according to the TDMA
protocol node i is the only node that is allowed to transmit during this time
slot. Further, it can only arrive packets at the end of time slots, since a
packet transmission takes exactly one time slot and starts at the beginning
of a time slot. This is shown in Fig. 3.2, where time slots that relay traffic
to node i can arrive in are shaded grey. The time between the start of
two adjacent time slots, allocated to node i, is Tf . Since packets cannot
arrive in node i’s time slot nor in node i + 1’s time slot we see that the
synchronization time for relay traffic is in the interval [0, Tf − 2Ts]. Here
we make the assumption that the synchronization time for relay traffic is
uniformly distributed in that interval and we get Tsync = (Tf − 2Ts)/2. To
determine the expected synchronization time for both types of traffic we
must know how much of the total traffic that originates from the node itself
and how much that is relay traffic.

There is a total of Λi routes that passes node i and N − 1 of them has
node i as start node. Hence, (N − 1)/Λi of the traffic that passes node i
originates from the node itself and the rest of the traffic, 1−(N−1)/Λi, must
be relay traffic. Thus the expected synchronization time for the combined
traffic is given by

Tsync =
N − 1

Λi

·
Tf

2
+

(

1 −
N − 1

Λi

)

·
Tf − 2Ts

2
. (3.1)

For the second part of the waiting time we will need Little’s result [12].
It relates the expected number of packets in the queue, M , to the expected
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arrival rate, λ, and the expected time spent in queue, W , as

M = λW. (3.2)

Which expresses the intuitive feeling that a system with a long queue is
associated with long delays and high arrival rates.

Each packet that is transmitted before the tagged packet contributes a
delay of Tf . So every service class ξ that has the same as or higher priority
than our tagged packet contributes a delay of

TfM ξ
i , (3.3)

where M ξ
i is the expected number of packets from service class ξ in node i’s

queue. Summing Eq. (3.3) over all service classes that has a priority higher
than or equal to the tagged packet and together with Eq. (3.2) we get the
second part of the waiting time.

Tphp = Tf

c
∑

ξ=1

λξ
i W

ξ
i (3.4)

The tagged packet spends on average W c
i in the queue, since the queue

size and the arrival process is independent, on average it arrives λξ
i W

c
i pack-

ets from service class ξ during that time. All packets with a higher priority
than the tagged packet, that arrives during that time, introduces a delay of
Tf . Thus, for the third part of the waiting time we get

Tshp = Tf

c−1
∑

ξ=1

λξ
i W

c
i (3.5)

Finally summing Eqs. (3.1), (3.4) and (3.5) we get the total waiting
time.

W c
i = Tsync + Tf

c
∑

ξ=1

λξ
i W

ξ
i + Tf

c−1
∑

ξ=1

λξ
i W

c
i (3.6)

Solving for W c
i we get the following set of recursive equations.

W c
i =

Tsync + Tf

c−1
∑

ξ=1

λξ
i W

ξ
i

1 − Tf

c
∑

ξ=1

λξ
i
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Here, we observe that this is a triangular set of equations and thus we can
easily solve for W 1

i and obtain the following solution

W 1
i =

Tsync

1 − Tfλ1
i

.

Then we can solve for W 2
i , . . . ,WC

i recursively, the general solution is given
by

W c
i =

Tsync

(1 − Tf

c
∑

ξ=1

λξ
i )(1 − Tf

c−1
∑

ξ=1

λξ
i )

. (3.7)

With Eq. (3.7) we get the expected node delay as

E[dc
i ] =

Tsync

(1 − Tf

c
∑

ξ=1

λξ
i )(1 − Tf

c−1
∑

ξ=1

λξ
i )

+ Ts (3.8)

With Eqs. (3.8) and (2.4) in Eq. (2.6) we now have a analytical expression
for the network delay Dc in a TDMA network with fixed priority queues.
In chapter 4 we will evaluate how good this approximation is by comparing
it to simulation results.

3.2 Weighted Fair Queuing

Weighted fair queuing (WFQ) is packet approximation of the generalized
processor sharing scheme (GPS), it was developed in parallel in [8] and,
under the name packet-by-packet generalized processor sharing (PGPS),
in [9]. The GPS queuing scheme has a very attractive property. One can
allocate a specific percentage of the total system capacity to a service class.
Further, if some service classes does not utilize their full share the excess
capacity is fairly shared between those classes that need it. Thus, every
service class is guaranteed a minimum service rate, but they may experience
a better service rate if the system is not fully utilized.

3.2.1 Generalized Processor Sharing

GPS is a flow based scheme that serves multiple service classes synchronously
at a fixed rate r. If we associate each service class c with a positive real
number φc and let Sc (τ, t) denote the amount of service that service class c
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received during the time ]τ, t]. Then the GPS server is defined as a server
that satisfies

Sc (τ, t)

Sj (τ, t)
≥

φc

φj

, j = 1, 2, . . . , C (3.9)

for each service class c that are continuously backlogged during ]τ, t]. Thus,
the actual amount of service that service class c receives relative to service
class j always is greater than or equal to the quotient φc/φj . Multiplying
with Sj(τ, t) and φj on both sides in Eq. (3.9) and summing over all j:s we
get

Sc(τ, t)
C

∑

j=1

φj ≥ φc

C
∑

j=1

Sj(τ, t).

Here, we note that
∑C

j=1 Sj is the total service given by the system during
the interval ]τ, t] and that must be less than or equal to the systems capacity
integrated over that interval, that is r(t − τ). With that and by dividing
with t − τ and

∑C
j=1 φj on both sides we get

Sc (τ, t)

t − τ
≥

φc
∑C

j=1 φj

r.

If we let τ → t we see that the service rate rc(t) for service class c has a
lower bound given by

rc(t) = lim
τ→t

Sc (τ, t)

t − τ
≥

φc
∑C

j=1 φj

r = gc.

Hence, service class c is guaranteed the minimum service rate gc inde-
pendently of the amount of load the server experience from other service
classes. That minimum service rate can be adjusted, with the parameter φc,
to give favourable treatment to certain service classes. If φi = φj , ∀i, j the
scheme degenerates to uniform processor sharing and the service classes are
given their fair share, an equally big part, of the systems capacity. As stated
before the GPS scheme is flow based and is therefore not suitable for sys-
tems where the smallest entity are packets, but it can work as a foundation
to build a packet-based queue on.

The most straight forward way to make a packet approximation of GPS
is a work conserving server that serves packets in the order that they would
have finished if they where served by a GPS server. In other words if we
let Fp denote the finishing time of packet p under GPS then the packetized
server should serve the packets in increasing order of Fp, but unfortunately
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that is not possible. Consider the case when a server, that has queued
traffic, completes the service of one packet at time τ and is ready to serve
the next packet. It should pick the packet with the lowest Fp, but that
packet may not have arrived yet and the server does not know if or when
there will arrive a packet with a lower Fp. In order to strictly serve packets
in increasing order of Fp it should pick the packet with the lowest Fp in the
queue and if it, during that packets service time, arrives a packet with a
lower Fp the packet in service gets pushed back to the queue and the server
starts serving the newly arrived packet instead. This scheme is clearly not
work conserving and is the preemptive version of WFQ. In this work we
will use nonpreemptive WFQ that is work conserving and serves the packets
in increasing order of Fp under the assumption that there will not arrive
anymore packets after time τ .

3.2.2 Virtual Time

To implement weighted fair queuing we need to keep track of the finishing
times, Fp, the packets would have if they where served by a GPS server.
This can be done with a virtual time that simulates the progress of time
in the fictitious GPS server. We will use the virtual time implementation
from [9].

The virtual time V (t) is a function of real time t and is defined to be
zero when the server is idle. When the server gets busy the virtual time
starts to progress and the rate of change of V is updated on every event that
occurs in the system, with an event we mean a packet arrival or departure.
Let tj denote the real time when event j occurs in a busy period, the event
counter j is also set to zero when the server is idle. Further, let Bj denote
the set of busy service classes, i.e., classes that has packets in the queue or
in service during the open interval ]tj−1, tj [. Since there are no arrivals nor
departures in that interval the set, Bj , must be fixed in that interval. In a
busy period the virtual time is then defined to progress as

V (0) = 0

V (tj−1 + τ) = V (tj−1) +
τ

∑

i∈Bj
φi

,

for 0 ≤ τ ≤ tj − tj−1 and j = 2, 3, . . ., i.e., the virtual time increases at the
same rate as the backlogged sessions receive service.

Now we define Lξ
c as the real time it takes from when the transmission of

packet number ξ, from service class c, starts until the next transmission can
start, i.e., in a standard TDMA network it is equal to the frame length Tf .
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With that we can write the finish time for packet number ξ, from service
class c, that arrives at the real time aξ

c as

F ξ
c = max

(

F ξ−1
c , V

(

aξ
c

))

+
Lξ

c

φc

, (3.10)

where F ξ−1
c is the finish time for the previous packet of the same service

class and F 0
c is defined to be zero for all c. The first part of Eq. (3.10) is

the arrival time plus the time spend in queue and the last part is the service
time in the fictitious GPS server.



Chapter 4

Results

4.1 Scenarios

We will use three different scenarios to evaluate the performance of the
queuing systems. Common for all scenarios is that all service classes is
modeled as uniform unicast Poisson traffic, as described in section 2.3.1.
Further, they all use a test network consisting of 40 nodes and with the
topology shown in Fig. 4.1.

The network was generated by placing 40 nodes randomly within a
quadratic area, with the sides 1 km, in the neighborhood of Skara. Then
the link gain, Gij , between nodes was calculated with Detvag-90r [14], a
two dimensional deterministic wave propagation model. With the link gain
known the transmission power, Pi, was chosen to be the smallest possible
value such that the graph (V, E) is a connected graph, i.e., there exists a
way, through the network, between all node pairs.

In some of the scenarios we will use a special service class, the best effort
(BE) class. Packets that belongs to the BE class is not queued with the
same queuing scheme as packets from other service classes. Instead they
end up in their own FCFS queue and packets in this special queue is only
transmitted if the other queuing system does not have any queued packets.

Scenario I Will be used for comparing the analytical results for FPQ, that
we derived in section 3.1, with results from simulations. It consists
of three service classes, class 1, class 2 and class 3. Each with an
average arrival rate of λN/3 packets/time slot. Here we use the stan-
dard TDMA as MAC protocol, since the analytical expression for the
network delay is derived for that.

21



22 Results

Scenario II Will be used for analyzing the effect that the resource alloca-
tion parameters, φc, in WFQ has on the network delay. It consists of
two service classes, class 1 and class 2. Each with an average arrival
rate of λN/2 packets/time slot. To get a sufficiently low variance in
the simulation results we choose a simulation length of 1.5 · 106 time
slots. In this scenario we use GTDMA as MAC protocol.

Scenario III Will be used for comparing the performance of FPQ against
WFQ. It consists of three service classes, class 1, class 2 and class BE.
Each with an average arrival rate of λN/3 packets/time slot. To get
a sufficiently low variance in the simulation results we choose a simu-
lation length of 1.5 · 106 time slots. In this scenario we use GTDMA
as MAC protocol.

Figure 4.1. Network topology for the 40 node test network used in the simulations.

4.2 Analytical Results

To evaluate how well the combination of Eqs. (2.4), (2.7) and (3.8) approx-
imates the network delay, in a TDMA network with FPQ, we use scenario I
and compare the result with computer simulations. The result is shown
in Fig. 4.2(a) for the analytical expression and in Fig. 4.2(b) for the com-
puter simulation. As we see the approximation seems to work fairly well,
especially for the high priority class. However, we observe a pretty large dis-
crepancy for the low priority classes. To get a better view of the discrepancy
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we look at the relative error, εrel, which we define as

εrel =

∣

∣

∣

∣

Dc
a − Dc

s

Dc
s

∣

∣

∣

∣

,

where Dc
s is the simulated value of the network delay for class c and Dc

a is the
result from the analytical approximation. The relative error for scenario I
is shown in Fig. 4.3.

There we see that the relative error for service class 1 start at around
2.5% and then it grows slightly with increasing λN . Whereas the relative
error for class 2 and 3 grows more rapidly with increasing λN . Since most
nodes only have a few links to them the process that describes the relay
traffic will become more and more deterministic when λN increases in the
simulation. Whereas in the analytical approximation we always assume
that the relay traffic arrives according to a poission process. The poission
process has a much higher variance then the deterministic process hence the
analytical approximation will give a over estimation of the network delay,
that increases with increasing λN .

The large discrepancy for low priority classes can be explained by the
expression for the expected waiting time in queue, W c

i . As we recall from
Eq. (3.6) the expected waiting time in queue i for packets from service class
c, W c

i , contains a sum of the scaled expected waiting times for all service
classes with a priority higher than the class c. Hence, errors in the high
priority classes are accumulated and propagates to the low priority classes.

(a) Analytical (b) Simulations

Figure 4.2. Network delay in a TDMA network with FPQ.
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Figure 4.3. Relative error.

4.3 Simulation Results

4.3.1 WFQ

To see the effect the resource allocation parameters, φi, in WFQ has on
the network delay we use scenario II. In the simulation the two service
classes in the scenario is given the resource allocation φ1 = α respectively
φ2 = 1 − α and the total network load, λN , is fixed. The result for four
different network loads is shown in Fig. 4.4 where the network delay is viewed
as a function of the parameter α. There we see that the φi:s gives us the
means to control the resource allocation. As one could expect the network
delay for the two classes is equal when they have 50% each of the resources.
Then as α increases, and consequently more resources is allocated to class
1, the network delay for class 1 decreases while it increases for class 2. We
can also see that when the network load increases, and we come closer to
the asymptote for class 2, the difference in network delay between the two
classes increases.

4.3.2 WFQ vs. FPQ

For comparison of FPQ against WFQ we use scenario III and in the sim-
ulations the resource allocation parameters in the WFQ are φ1 = 0.7 and
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(a) λN = 0.05 (b) λN = 0.10

(c) λN = 0.15 (d) λN = 0.20

Figure 4.4. Network delay for different network loads λN , in a GTDMA network
with WFQ, as a function of the parameter α for two service classes with the resource
allocation φ1 = α and φ2 = 1 − α.

φ2 = 0.3. The result is shown in Fig. 4.5, where the network delay is viewed
as a function of the total network load λN .

We see that the behavior of BE class is essentially equal for the two
queuing systems. This is expected since from the BE point of view the two
queuing systems work as a FPQ with 2 service classes, the low priority BE
class and the high priority class consisting of the original class 1 and class 2.
The mutual ordering between class 1 and class 2 in the high priority class
is done with the corresponding queuing system.

To better see the differences between class 1 and class 2 with the two
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queuing schemes we look at Fig. 4.6, which is a zoomed in copy of Fig. 4.5.
There we see that, in FPQ, the performance of class 2 is suppressed in
favour of class 1. Whereas in WFQ the resources are shared between the
two service classes according to the resource allocation. Here, service class 1
is suppressed, compared to FPQ, to give service class 2 its fair share of
the resources. With the resource allocation parameters, φi, we can adjust
allocation and in the limiting case, when φ1 → 1 and φ2 → 0 the WFQ will
behave much like a FPQ.

Another interesting measure to look at is the throughput, which we
define as the average number of packets per time slot that are delivered to
their final destination. The throughput for the three service classes is shown
in Fig. 4.7 as percentage of total throughput in the network.

There we more clearly see how the low priority classes are suppressed, in
FPQ, in favour of class 1. They are even suppressed to the extent that class 1
can take all the capacity in the network. Whereas in WFQ the throughput
for the two prioritized classes levels out on their specific resource allocation,
which in this case is 70% for class 1 and 30% for class 2.

(a) FPQ (b) WFQ with φ1 = 0.7 and φ2 = 0.3

Figure 4.5. Network delay in a generalized TDMA network with FPQ 4.5(a) and
WFQ 4.5(b).
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(a) FPQ (b) WFQ with φ1 = 0.7 and φ2 = 0.3

Figure 4.6. Network delay in a generalized TDMA network with FPQ 4.6(a) and
WFQ 4.6(b).

(a) FPQ (b) WFQ with φ1 = 0.7 and φ2 = 0.3

Figure 4.7. Throughput for the three service classes as percent of total throughput
in a generalized TDMA network with FPQ 4.7(a) and WFQ 4.7(b).
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Chapter 5

Conclusions

In this report we have examined the possibility to provide a QoS mechanism
in Ad Hoc networks by using priority queues in the MAC layer. More
specifically we have studied the problem of providing QoS by the use of
fixed priority queuing (FPQ) and weighted fair queuing (WFQ) in TDMA
networks. The results have mainly been obtained by simulations, but for
FPQ we have also derived an analytical approximation for the network delay.

Our simulations show that the analytical approximation, of the net-
work delay for fixed priority queuing, works fairly well for low traffic loads.
However, the assumption that the relay traffic can be described as a Poisson
process leads to an over-estimation of the network delay, that increases with
the traffic arrival intensity, λN , and therefore the error in the approximation
increases with increasing λN . For moderate traffic loads it still works fairly
well for the high priority class, but for low priority classes the error grows
more rapidly due to the fact that the errors are accumulated and propagates
from classes with higher priority.

The evaluation of fixed priority queuing shows that it gives a very dis-
tinct delay differentiation, i.e., there is a very distinct difference in network
delay between high priority classes and classes with lower priority. The high
priority class can in fact dominate so hard that no other traffic can pass
through the network. This is due to the fact, that in fixed priority queuing,
high priority classes always takes precedence over low priority classes. Is
this a desirable property? It certainly has its applications in a military con-
text where for example priority messages1 always should take precedence
over all other traffic. However, it might not be the best way to differentiate
between traffic that has different priorities for technical reasons. Because

1Military term for messages that are allowed to interrupt all other messages.

29



30 Conclusions

in this case the priorities do not say anything about the importance of the
traffic and therefore it is no longer obvious that the prioritized traffic always
should take precedence over other traffic.

Weighted fair queuing on the other hand gives the means to control how
much of the resources that are dedicated to a specific service class. Conse-
quently no service class can totally dominate the network. One interesting
property with WFQ is that if it is combined with an admission control pol-
icy, that controls how much traffic that is allowed to enter the network, we
can in fact give absolute end-to-end guarantees if the arrival process fulfills
certain constraints [9]. This might be better suited to give QoS for technical
reasons.

We conclude that both of the evaluated queuing schemes have their
advantages and disadvantages, and non of them soley is probably the answer
to provide QoS. Instead a combination of them could be used. For example
on top there could be a FPQ with three service classes, class 1 for priority
messages and the like, class 2 for traffic that is prioritized for technical
reasons and class 3 a best effort class. Class 2 could then be divided in
to subclasses and a WFQ could be used to determine the mutual ordering
within that class.

5.1 Future work

In this work we have used a very simple Poisson model for the arriving traf-
fic. A natural extension of this work would be to use a more realistic traffic
model that models a real time application like a video conference or phone
calls. With such a model it would be interesting to study the sample prob-
ability distribution for the end-to-end packet delay for individual sessions,
like a single phone call, and see how that is affected by different queuing
schemes.
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