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Abstract

Spatial reuse TDMA has been proposed as an access scheme for multi-
hop radio networks where real-time service guarantees are important.
The idea is to increase capacity by letting several radio terminals use the
same time slot when possible. A time slot can be shared when the ra-
dio units are geographically separated such that small interference is ob-
tained. The transmission rights of the different users are described with
a schedule. Unfortunately, due to the mobility of the users, this schedule
must be constantly updated. In order to make this possible such updates
must be made in parallel with only local information, i.e. distributed
STDMA algorithms must be used.

In this report we investigate and list the properties a distributed STDMA
algorithm must have to be efficient in a military scenario. Furthermore,
we study the already existing algorithms and see what methods they use
to fulfil the properties we seek. We can conclude that none of the existing
algorithms can easily be used to create a sufficiently efficient distributed
STDMA algorithm. Of the algorithms we have described USAP is the
most interesting but not even this algorithm have the properties that are
necessary for reliable and efficient communication on the battlefield.
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Chapter 1

Introduction

1.1 Background

In future military operations, the armed forces must be able to operate
against a variety of threats (from heavy armor to irregular forces) and
in a variety of environments, including urban, mountainous and forested
terrain, and under jamming threats, sometimes while remaining covert.
This will require a very flexible command, control and communications
system that can be adapted to the prevailing situation.

The system must dynamically tailor a configuration that connects
members of smaller forces together, links these separate forces together
and connects the forces to higher command authorities and sources of
information.

The forces must be able to maintain communications capability over
extended ranges and interoperate with strategic-, operational- and tactical-
level information systems to support autonomous operations with highly
dispersed organizational elements. The network must be self-forming,
self-maintaining and scalable to permit use over small as well as large
areas of operation, possibly with large number of users.

This will require a dynamic re-configurable network that can exploit
all sensors and information sources available for maximum efficiency so
that information can be quickly acquired and assimilated at all levels of
the command’s hierarchy.

7



8 Chapter 1. Introduction

This means that much of all this information and its requirements
must be available even at the level of the individual soldiers. The system
must be able to provide its users with robust communication, situation
awareness, planning, tasking and coordination, precise geolocation and
navigation, and possibly other services not yet foreseen [1].

Since different parts of the network experience very different situa-
tions, these different parts must be able to autonomously adapt to the pre-
vailing local situations and exploit these for maximum efficiency. These
situations can vary from a merely portable Headquarter LAN to the rapid
changes on the battlefield itself. In all situations there may be hostile
jammers present, and the loss of any unit is possible.

Even under the most severe conditions, the network must provide
each soldier with the ability to transmit and receive command and con-
trol data at a minimal information rate, regardless of combat situation,
position or environment. The network must also function if divided into
sub-segments.

Therefore, deployment should be rapid and no support of pre-installed
infrastructure can be assumed. This means that the radio network should
be able to be deployed in unknown terrain and with minimal or no need
of network pre-planning.

The radio units may be distributed in the terrain in an ad hoc manner,
and line-of-sight communications cannot be guaranteed. To provide cov-
erage, robustness and flexibility in such networks,multihop functionality
is important. In multihop networks, traffic can be relayed through inter-
mediate units on its way from source to destination, thereby achieving
coverage. Distributed multihop radio networks are often referred to as ad
hoc networks.

This is also efficient for increasing the robustness of the system. Re-
laying permits the use of “shorter links”, which give better signal strength
compared to noise and hostile jammers. Several alternative routes from a
source to a destination can exist, thereby allowing multi-path routing for
further flexibility.

These requirements differ considerably from most civilian networks,
which usually are geared to low cost with pre-installed wireless infras-
tructures. Civilian networks are often hierarchical in the sense that mo-
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bile units will communicate through a central, static node. The loss of
this central node leads to network failure of all units in the surrounding
area.

All services the network will provide must be simultaneously han-
dled by the system, and each of them has different service demands. For
example, voice transmissions put high demands on the delay. The human
ear is especially sensitive to long delays, which can come from large de-
lay variations (buffered in the end), large delay mean values or a combi-
nation of both. On the other hand, a rather high bit error rate can probably
be accepted. Other information updates may have high demands on the
avoidance of bit errors, while delay may be of lesser importance.

The upholding of these requirements is usually denoted as Quality-
of-Service (QoS) guarantees. QoS can be seen as a performance contract
between the network and the application. In a mobile radio network no
absolute guarantees can be given since there is always the possibility that
the network separates into more than one network. However, in this case
QoS can be seen asbest effort in the sense that the network will achieve
the performance agreed upon as long as it is at all possible.

Although it is not possible to foresee all services that will be required
in the future, some of the basic requested services today will most likely
be relevant in the future. In [2], three services are described as particu-
larly interesting: group calls, situation awareness, and intranet connec-
tions. Group calls are generally considered to be the most important of
these services. Group calls requires a guaranteed low delay, i.e. an up-
per bound on the time it takes to transmit a message from the source to
destination or an upper bound on the variance of the delay (jitter).

One of the most challenging problems today in ad hoc network re-
search is these QoS guarantees.

Although multi-hop networks have great advantages in fulfilling mil-
itary requirements, they also make many problems more difficult than
in hierarchical networks. For example, although the relaying of traffic
can enable communication between units further away than what would
otherwise be possible, it also introduces the problem of finding the path
from source to destination. This problem is generally referred to as rout-
ing, see e.g. [3] for an overview of different routing methods in ad hoc
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networks.
Another important design issue is Medium Access Control (MAC),

i.e. how to avoid or resolve conflicts due to simultaneously transmitting
radio units.

Traditionally, MAC protocols for ad hoc networks are based on contention-
based access methods, i.e. a user attempts to access the channel only
when it actually has packets to send. The user has no specific reservation
of a channel and only tries to contend for or reserve the channel when
it has packets to transmit. This has clear advantages when the traffic is
unpredictable. More specifically, the most frequently used protocols are
based on carrier sense multiple access (CSMA) [4], i.e. each user mon-
itors the channel to see if it is used, and only if it is not will the user
transmit. However, this is done in the transmitter while collisions appear
in the receiver. This can lead to the so-called hidden terminal problem.
A way around this is to first transmit a short request-to-send (RTS) and
then only send the message if a clear-to-send (CTS) is received. This is
the general principle of the IEEE 802.11 standard [5], which at present is
the most investigated MAC protocol. However, several RTS can be lost
in a row which makes delay guarantees difficult.

Efforts have been made to guarantee QoS in CSMA-based medium
MAC, see e.g. [6], but contention based medium access methods are
inherently inappropriate for providing QoS guarantees.

One of the most important QoS parameters in many applications that
are specifically sensitive to the MAC is the delay guarantees previously
mentioned.

One approach where delay bounds can be guaranteed is time division
multiple access (TDMA), i.e. the time is divided into time slots and each
user receives its own time slot.

Unfortunately, in sparsely connected networks this is usually ineffi-
cient. But, due to the multihop properties, the time slots can often be
shared by more than one user without conflicts. This will automatically
be the case with dynamic MAC protocols like CSMA, since a user’s ac-
cess to the channel only will affect a local area.

However, to achieve both high capacity and delay guarantees one can
use spatial reuse TDMA (STDMA) [7], which is an extension of TDMA
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Figure 1.1: A 9-node network.

where the capacity is increased by spatial reuse of the time slots, i.e., a
time slot can be shared by radio units geographically separated so that
small interference is obtained.

Although STDMA has several properties that could make it useful
in tactical military communication, much research and development is
still necessary if we want this MAC protocol to reach its full potential,
especially in mobile environments.

The problem is to design STDMA schedules that fulfill required prop-
erties, e.g. minimizing delay or being able to update the schedules in
a distributed fashion. An STDMA schedule describes the transmission
rights for each time slot.

In figure 1.1 we show an example of a graph representation of a 9-
node network. In this we can see that communication between nodes 1
and 9 must be relayed by nodes 2 and 3. An STDMA schedule could as-
sign link 1, 2, and 3 to transmit simultaneously, since they are sufficiently
far from each other. Another set could be 4, 5 and 6, but not 1, 5, and
6 since, at least in this example, we are using omni-directional antennas
and the transmission of node 3 would interfere with the reception of node
2.

In the above example, all transmission rights are assigned to the links,
i.e. both transmitting and receiving nodes are determined in advance
when the schedule is created. This is called link assignment. An alterna-
tive would be to assign transmission rights to the nodes instead. In this
case only the node is scheduled to transmit in the time slot. Any of its
neighbors, or all, can be chosen to be the receiving node. This is called
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node assignment.
Generally, node assignment is used for broadcast traffic, and link as-

signment is used for unicast traffic. However, in the multipurpose net-
works of the future, the network must be able to handle both these types
of traffic simultaneously, which means that it is preferable if one assign-
ment method can be used for all traffic types.

All of these choices can be seen as different assignment strategies for
STDMA scheduling. In this thesis we will investigate the properties of
different assignment strategies that are useful for STDMA scheduling.

1.2 Previous Work

The problem of designing STDMA schedules is well addressed in the
literature. Centralized algorithms [8, 9] as well as distributed algorithms
[10, 11, 12, 13, 14] for mobile ad hoc networks have been proposed.
Few of these have been implemented into functional systems, but one of
these, USAP [14], is used for the generation of multi-channel STDMA
schedules in the soldier phone radio [15], which is designed as an ad hoc
radio for military use in mobile environments.

Previous work on STDMA has generally investigated the two types
of assignment strategies previously mentioned, i.e. node assignment and
link assignment.

Examples of node assignment algorithms can be found in [16, 17, 8,
13], and link assignment algorithms in [10, 12, 9].

Furthermore, it has been shown that finding a minimum length sched-
ule is NP-complete for both link and node scheduling [18, 19]. In [20]
algorithms for both link and node scheduling are described that focus on
generation on short schedules, i.e. a schedule where all nodes or links
are given a slot with as few time slots as possible. In [21] a more general
description of the assignment problem is given. The different assignment
methods are seen as constraints in a unified algorithm for the assignment
problem given in the paper.

The network models used by these algorithms have varied in com-
plexity. The oldest algorithms in this area generally used a simple graph
model of the network, see e.g. [7, 16]. In this an edge between two nodes
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represents that they can communicate with each other, and the lack of an
edge represents that they cannot affect each other even as interferences.

A more complex network model uses a two-level graph model, see
e.g. [22]. Here interference edges are added, meaning that there is not
sufficient signal power to receive the packet without error, but it is strong
enough to interfere with reception from other users. This model gives a
better description of the network and is still useful for a mobile scenario
where the schedule must be updated often.

A more realistic, although much more complex, model is the use of
the signal-to-interference ratio. In this case, a node is assumed to be
able to receive a packet without error if the received signal strength is
sufficient compared to the noise and all interfering signals (from simul-
taneously transmitting nodes in the network). This model was suggested
for STDMA scheduling in [23]. Although the model gives the best de-
scription of a radio network it is probably very difficult to use in a mobile
scenario.

Since a two-level graph model probably has to be used in a mobile
scenario, it is important to know how much capacity is lost compared
with the full interference information.

1.3 Contributions

We will study the behavior of STDMA in static, or low mobility, net-
works, rather than the effects and problems that the mobility creates. The
investigation can therefore be seen as an upper bound on the efficiency
of STDMA.

Furthermore, for the same reason, we will not study the practical is-
sues of how to make an STDMA scheme work. Things that can affect this
include, slot synchronization, distribution of schedules in a mobile sce-
nario, exact functionality of data link layer, effects of TX/RX turnaround
time, hostile jammers and similar effects which do affect the performance
of the network.

The original contributions to this thesis are mainly the following;

1. A comparison between the two most common assignment methods
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used today, i.e. node and link assignment. This comparison is
performed both in an analytical manner and via simulations. This
is done in order to determine when node or link assignment should
be used. Results indicate that only the size and the connectivity of
the network is necessary to determine this.

This has been published in [24].

2. A novel assignment strategy achieving the advantages of both link
assignment and node assignment. The strategy proposed is based
on a link schedule, but where transmission rights are extended.
This strategy is evaluated in comparison with the other two meth-
ods by using approximations as well as using simulations.

Most of this is published in [25] and [26].

3. Furthermore, the design of algorithms that generate the link sched-
ules is studied. We also suggest how to expand a basic link as-
signment algorithm in order to take better advantage of the new
assignment strategy so as to decrease the packet delay. Most of
this will be published in [27].

4. We include an investigation of the loss of efficiency (in terms of
throughput and delay) when the STDMA algorithm only has knowl-
edge about the two-level graph model of the network compared
to having full knowledge of the attenuation between all pairs of
nodes.

This is published in [28].

1.4 Thesis Outline

In chapter 2 we describe the network model we have used. We also
describe the layers, according to the OSI model, that are of interest to
us, i.e. data link layer, network layer and transport layer. The data link
layer describes the functionality of the links and when a link can be used
without conflicts.
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The transport layer basically gives us a model of the external traffic
of the network, whereas the network layer includes the routing of this
traffic. This main purpose of this is to calculate the traffic on the links and
nodes in the network. We also define the evaluation parameters, which
are the average end-to-end packet delay and the maximum throughput,
and describe the algorithm we assume are used.

In chapter 3 we define and exemplify node assignment and link as-
signment. We also provide approximations for the maximum throughput
and the average packet delay for these assignment methods. These are
then used to compare the efficiency of the algorithms. We conclude the
chapter with simulations of delay and throughput to determine how well
the approximations work.

In chapter 4 we describe a novel assignment method LET. Here, too,
we give an approximate formula for the delay and use this in compari-
son with simulations. These results are then compared to node and link
assignment showing the advantages of LET.

In chapter 5, we develop more advanced link assignment algorithms
that are able to take advantage of the LET property. We show that this
algorithm gives a lower average delay than LET based on the basic algo-
rithm used in the previous chapter.

In chapter 6, we make a comparison between using the traditional
graph model when designing an STDMA schedule and using the signal-
to-interference ratio. Finally, in chapter 7 we present some general con-
clusions on the effect of using different assignment strategies.

In the appendix we present a more specified description of how sim-
ulations is performed.
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Chapter 2

Network Model

This chapter introduces the network model we use and the assumptions
required. These can be divided into two parts: first, the assumptions
on the data link layer and then the assumptions from the network and
transport layers. The data link layer is described in the first section. The
assumptions on the higher layers describes how the traffic is generated
and routed.

Furthermore, we also describe how the performance is evaluated.

2.1 Data link layer

In this section we describe our model for the data link layer. In essence, it
is an interference-based model of the radio network, which is represented
by a set of nodesV and the link gainG(i, j) between any two distinct
nodesvi andvj, i �= j.

For the link level we will make the following assumptions:

• All antennas are isotropic.

• All nodes use equal transmission power.

• The data rate is equal on all links in the network.

• There is only one fixed required BER on the links.

17



18 Chapter 2. Network Model

• Slot synchronization is perfect.

• All packets are of equal length.

• A node cannot transmit more than one packet in a time slot and a
node cannot receive and transmit simultaneously in a time slot.

The assumption on isotropic antennas and equal transmission power
is mainly for simplicity, but in section 4.2 we will present a brief dis-
cussion of the consequences of directional antennas and varying trans-
mission power specified on LET, since this assignment strategy will be
affected most by these assumptions.

For any two nodes,vi andvj wherevi is the transmitting node and
vj �= vi, we define the signal-to-noise ratio (SNR),Γij , as

Γij =
PiG(i, j)

Nr
, (2.1)

wherePi denotes the power of the transmitting nodevi, G(i, j) is the
link gain between nodesvi andvj, andNr is the noise power in the re-
ceiver. For convenience, we defineΓii = 0 corresponding to the physical
situations of a node not being able to transmit to itself.

We say that a pair of nodesvi andvj form a link (i, j), if the signal-
to-noise ratio (SNR) is not less than acommunication threshold, γC. That
is, the set of links in the network,L, is defined:

L = {(i, j) : Γij ≥ γC} . (2.2)

For a set of links,L ⊆ L, we define thetransmitting nodes:

VT(L) = {vi : (i, j) ∈ L} .

For any link,(i, j) ∈ L, we define theinterference as follows

IL(i, j) =
∑

vk∈VT(L)\vi

PkG(k, j). (2.3)
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Furthermore, we define thesignal-to-interference ratio (SIR):

ΠL(i, j) =
PiG(i, j)

(Nr + IL(i, j))
. (2.4)

We assume that any two radio units can communicate a packet with-
out error if the SIR is not less than areliable communication threshold,
γR. The choice of these thresholds is of course dependent on several fac-
tors, such as the actual modulation method of the signal, properties of the
receiver noise, data rate and required BER.

The thresholdγR will be determined by the factors described above.
However, these factors only decide the lowest possibleγC. That is, we
can choose a higherγC, thereby excluding some node pairs from com-
municating with each other. By doing this we can create an interference
margin so that all links can handle some interferences. However, this
comes at the price of longer routes and the risk that the network will
divide into sub-segments. For simplicity we will assume thatγR=γC.

2.2 Transport and Network Layer

The traffic arriving at the network can be separated into two types. The
first is unicast traffic, with a single source and destination. This type of
traffic can be the carrier of many types of information, e.g. file transfer
or telephone conversations. The second type of traffic ismulticast or
broadcast, i.e. a packet has one source but many destinations. With
broadcast we mean the entire network. Broadcast traffic is very usual in
military networks, e.g. group calls or situation awareness data.

Since all nodes cannot directly communicate with all other nodes in
the network, due to limited transmission power, obstacles and large dis-
tances, all nodes in the network are assumed to be able to relay packets.
In order to do this, each node is assumed to have a routing table with
entry’s for all other nodes in the network. We will not elaborate on how
this information is obtained but merely note that the routing will have
an effect on the traffic in the network. We assume that all networks are
connected, i.e. there is always a path between any pair of nodes.
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In the following we first discuss the effects of this for unicast traffic
and then the effects for broadcast traffic.

Unicast traffic assumes that a packet entering the network has only
one destination. Packets enter the network atentry nodes according to
a probability function,p(v), v ∈ V , and packets exit the network atexit
nodes. When a packet enters the network, it has a destination, i.e. an
exit node from the network. The destination of a packet is modeled as a
conditional probability function,q(w|v), (w, v) ∈ V × V , i.e. given that
a packet has entry nodev, the probability that the packet’s destination is
w is q(w|v). For simplicity we will assume a uniform traffic model, i.e.
p(v) = 1/N , andq(w|v) = 1/(N − 1), whereN is the number of nodes,
N = |V |. This assumption will not affect our results since we use traffic
controlled schedules, thereby compensating for variations caused by the
input traffic model.

Let λ be the total traffic load of the network, i.e. the average num-
ber of packets per time slot arriving at the network as a whole. Then,
λ/N(N − 1) is the total average of traffic load entering the network in
nodevi with destination nodevj . As the network is not necessarily fully
connected, some packets must be relayed by other nodes. In such a case,
the traffic load on each link can be calculated only when the traffic has
been routed.

For unicast traffic we use the shortest route counted in the number of
hops, i.e. packets sent between two nodes will always use the path which
requires the least number of transmissions. If several routes of the same
length exist, all packets between two specific nodes will always use the
same route.

The reason why this routing strategy is used, except for its simplicity,
is that this minimizes the number of retransmissions needed before a
packet reaches the destination. Since we are assuming a fixed data rate
on the links, it would be difficult to take advantage of a strategy which
uses a longer route, since we would have to generate schedules with a
much better spatial reuse to compensate for this.

Now, letRu denote the routing table for unicast traffic, where the list
entry Ru(v, w) at v, w is a pathpvw from entry nodev to exit nodew,
wherepvw is given by the routing algorithm described above. Let the
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number of paths inRu containing thedirected link (i, j) be equal toΛij.
From now on, we will call this parameter the relative traffic on link(i, j).

Further, letλij be the average traffic load on link(i, j). Thenλij is
given by

λij =
λ

N(N − 1)
Λij.

Moreover, we have,λi as the average traffic load on nodevi. Hereλi

is given by:

λi =
λ

N(N − 1)

∑
j:(i,j)∈L

Λij =
λ

N(N − 1)
Λi,

whereΛi is denoted as the relative traffic of nodevi.
This can be described in a similar way for broadcast traffic, which

assumes that a packet entering the network has all other nodes as desti-
nation. Packets enter the network atentry nodes according to a proba-
bility function, p(v). We will also assume a uniform traffic model, i.e.
p(v) = 1/N .

Again, letλ be the total traffic load of the network, i.e. the average
number of packets per time slot arriving at the network as a whole. Then
λ/N is the total average of traffic load entering the network in nodevi

destined to all other nodes.
As the network is not necessarily fully connected, some packets must

be relayed by other nodes. In such a case, the traffic load on each link
can be calculated only when the traffic has been routed.

Radio is an inherent broadcast medium, especially when we are using
omnidirectional antennas. This means that if we are sending a packet, all
nodes within range can receive the packet if nothing else interferes with
them. Since the interference allowed in the nodes is determined by the
assignment strategy, this means that depending on what assignment strat-
egy that is used this determines the actual traffic that must be transmitted
by the nodes. For example, node assignment guarantees that all neigh-
bors are collision-free, meaning that all neighboring nodes that should
receive the packet will do so by a single transmission. Link assignment,
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on the other hand, is a single transmission over a link. If several neigh-
bors should receive the packet, they have to receive a transmission each.

We will therefore define the average traffic of a node as the aver-
age number of different packets that are to be transmitted, regardless of
whether they have one or several destinations. This means that the actual
number of transmissions of the node will be at least this high, which is
the case if node assignment is used since all packets will reach all their
destinations with a single transmission each. Other transmission strate-
gies may require a larger number of transmissions if more than one is
required for a transmission, e.g. link assignment.

For broadcast traffic, a more advanced routing method must be used
than for unicast traffic. As mentioned, radio is an inherent broadcast
medium. Dependent on which assignment strategy that is used, we can
use this to our advantage in a more or less efficient manner. One way
of doing this is to minimize the number of retransmissions needed for
a packet to reach all destinations, i.e. we want as many neighboring
nodes as possible to be reached by each transmission. This can also be
described as maximizing the number of leafs in the routing tree.

However, this is a very complex problem, so for simplicity we will
use a heuristic algorithm in an attempts to achieve this.

The following creates a routing tree for each node.
Initiate by choosing the node as root. Find the nodevi with the high-

est number of neighboring nodes that is not included in the tree. Include
all these neighboring nodes and the edges fromvi to these nodes. This is
repeated until all nodes are included in the tree.

Now, letRb denote the routing table for broadcast traffic, where the
list entryRb(v) atv is a tree with entry nodev as root. Let the number of
trees inRb containing thedirected link (i, j) be equal toΛij and let the
number of trees containing vertexvi as a non-leaf in the tree be equal to
Λi.

Further, letλij be the average traffic load on link(i, j) andλi be the
average traffic load on nodevi . Thenλij is given by

λij =
λ

N
Λij,
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andλi is given by

λi =
λ

N
Λi.

2.3 Performance Measures

One important parameter which will affect the usefulness of a radio net-
work is the delay of information from source to destination. We will start
by discussing delay for unicast traffic and then discuss how this differs
from broadcast traffic.

As seen from a network level, this can be translated to the network
delay.Network delay is the expected time, in time slots, from the arrival
of a packet at the buffer of the entry node to the arrival of the packet at
the exit node, averaged over all origin-destination pairs. This is the first
parameter we will investigate.

To determine the network delay we need the following definitions
and notations.

The stochastic variablepath delay Dkl for a pathpkl is the time, in
time slots, from the arrival of a packet at the buffer of the arrival node
vk to the arrival of the packet at the destination nodevl. Theedge delay
dkl(i, j) is the time, in time slots, from the packet arrives at the buffer of
nodevi until it is received by nodevj , given that the packet is relayed on
pathpkl. This path is deterministically given by the routing algorithm as
described in the previous section.

The path delay is thus the sum of the edge delays of that path,

Dkl =
∑

(i,j)∈pkl

dkl(i, j) . (2.5)

The average path delay is a stochastic variable defined as an average
over all origin-destination pairs:

1

N(N − 1)

∑
(k,l)∈N 2

Dkl . (2.6)

Thenetwork delay D is the expected value of the average path delay.
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Due to the relaying of packets the statistical properties of this variable
are complicated, and an exact analytical analysis of the network delay is
difficult [7]. Instead we will use computer simulations to determine this
parameter. How this is done is described in the appendix.

We will now compare the above-described with broadcast traffic.
When we have broadcast traffic, each arriving packet has all other nodes
as destination. We can now use several different definitions of the packet
delay since a packet will arrive at its destinations at different times. One
example would be the maximum delay, i.e. the delay of a packet would
be the delay until the arrival at the last node. However, most nodes will
experience a much lower delay. So instead we will use the average delay
of a packet. The delay of a packet arriving at nodevi can be written as

Di =
1

N − 1

∑
j:(i,j)∈N 2

Dij

whereDij can be described as the path delay between nodevi and node
vj . This is the path in the tree with rootvi given by the routing algorithm
for broadcast routing described in the previous section.

The network delay,D, can thus be described as the expected value of
the following expression

1

N

∑
i∈N

Di =
1

N(N − 1)

∑
(i,j)∈N 2

Dij ,

which is similar to the expression for unicast traffic. However, the actual
traffic on the nodes and links will differ, which will result in different
delays for the different traffic types.

The demand for higher data rates can often lead to highly loaded
networks. One of the advantages of STDMA is that it can function well
even under high traffic loads.

In particular, the largest admissible traffic load yielding a finite net-
work delay is highly interesting. This maximum traffic load is commonly
referred to as the throughput of the network. We define the maximum
throughput as the numberλ∗ for which the following expressions hold
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for all traffic loadsλ,{
λ < λ∗ yields boundedD
λ > λ∗ yields unboundedD

Throughput is the second parameter we study.
For the specific assignment methods we study in this thesis, we present

a good estimation of the maximum throughput given the schedule and a
specific routing. Except for LET with broadcast traffic, in which case
simulations will be performed, this is done in chapter 3.

We define connectivity as the fraction of nodes in the network that
can be reached by a node, in one hop, on average, i.e.M/(N(N − 1)),
whereM is the number of directed links in the network.

2.4 STDMA scheduling

In this section we describe and motivate the choice of STDMA algorithm
we assume is used. This algorithm is described in such a way that it can
be used independently on the specific assignment strategy.

In all assignment strategies we effectively assign time slots to sets
of links. In link assignment, these sets consist of single links, and node
assignment can be described as all outgoing links from the assigned node.
We will use the notationxi for one of these link sets and the notationX
for the union of all link sets. One thing to notice is that a link(i, j) can
belong to more than one link set, although this is not the case for node or
link assignment.

A scheduleS is defined as the setsYt, for t = 1, 2, . . . , T , whereT
is the period of the schedule. The setsYt contain the link sets assigned
time slott.

We will use the notationtransmit simultaneously to denote that all
possible receiving nodes of the link sets assigned the time slot have
SIR above the reliable communication threshold. A schedule is called
conflict-free if this is the case for all time slots in the schedule.

The algorithm assumes full knowledge of the interference environ-
ment. It needs as an input the basic path-loss, or estimates, from all
nodes to all other nodes.
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This is a description of a basic algorithm.
For each new loop a time slot, numberedt, is created. In step two

of the algorithm we first check to see if the link sets that have not yet
received a time slot can be assigned to this slot, i.e. transmit simulta-
neously with the assigned link sets. In the third step the same check is
performed on the rest of the link sets. For somet = T ≤ |V|, all link sets
will have received at their time slots and the algorithm will terminate.
The output of the algorithm are the setsYt for t = 1, 2, . . . T , whereT is
the period of the schedule and the length of theframe. When the algo-
rithm terminates the setsYt will contain the link setsxi that are assigned
to time slott.

In multi-hop networks the traffic load on the various nodes will differ
considerably. This will cause “bottleneck” effects at busy nodes with
long packet delays as a result. This can be compensated for by assigning
the more heavily loaded link sets several time slots.

That is, the algorithm works so that each link set is guaranteed a
certain number of slots in each period or frame. This number is based on
the relative traffic of each link set. Furthermore, the link sets are assigned
time slots according to a priority list. The priority of a link set is based
both on the relative traffic load and on the number of time slots passed
since the link set previously was assigned a slot. With this procedure, the
slots assigned to each link set will be spread out evenly over the period,
resulting in a decreased network delay.

In the following we will use the notationΛx
i to denote the relative

traffic of link setxi. If we use link assignment, the link set is actually a
link (i, j) andΛx

i = Λij. Node assignment, on the other hand, means that
xi = {(i, k) : (i, k) ∈ L} andΛx

i = Λi.
In the algorithm, link setxi will be guaranteedΛx

i number of slots
per frame.

In the final schedule all link sets will have at least this many time
slots, and some may have more. In general the algorithm will work for
any fixed routing.

With the above procedure, link sets with a high traffic load will obtain
several slots per frame. In this case the network delay will also depend
on how evenly over the frame, these slots are arranged. To spread out
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the slots over the frame the link sets are ordered in a list of priority. The
link set priority is set toτiΛ

x
i , whereτi is the number of slots that have

passed since the link set was previously allocated a time slot. The link
set allocation is then performed in the order described by the priority list,
highest priority first, etc.

In the following we describe the traffic sensitive algorithm obtained
with the above ideas. In addition to the inputs to the basic algorithm, this
algorithm needs the knowledge about the relative traffic of each link set.

Step 1 Initialize:

1.1 Enumerate the link sets

1.2 Create a list,A, containing all of the link sets and an empty
list B.

1.3 Sett to zero.

1.4 Calculate the number of time slots each link set is to be guar-
anteed and sethi = Λx

i .

1.5 Setτi to zero for all link sets.

Step 2 Repeat until listA is empty:

Step 2.1 Sett ← t + 1 andYt ← ∅.

Step 2.2 For each link setxi in list A:

2.2.1 SetYt ← Yt ∪ xi.

2.2.2 If the link sets inYt cantransmit simultaneously:

• If hi = 1, remove the link set from listA and add to
list B.

• Sethi ← hi − 1, and setτi to zero.

2.2.3 If the set of link sets inYt cannottransmit simultane-
ously, set

Yt ← Yt \ xi.

Setτi ← τi + 1.
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Step 2.3 For each link setxi in list B but not inYt:

2.3.1 SetYt ← Yt ∪ xi.

2.3.2 If the link sets inYt cantransmit simultaneously, setτi

to zero.

2.3.3 If the link sets inYt cannottransmit simultaneously, set

Yt ← Yt \ xi

and setτi ← τi + 1.

Step 2.4 Reorder listsA andB according to link set priority,

τiΛ
x
i ,

highest priority first.



Chapter 3

Node and Link Assignment

This chapter describes the two most frequently used assignment methods
so far, node assignment and link assignment, and describes the advan-
tages of both of them.

3.1 Link Assignment

In link-oriented assignment, the directed link is assigned a slot. A node
can thus only use this slot for transmission to a specific neighbor. In
general this knowledge can be used to achieve a higher degree of spatial
reuse. The effect is higher throughput.

Below, we describe the criteria for a set of links to be able to transmit
simultaneously with sufficiently low interference level at the receiving
nodes.

We say that a link(k, l) is adjacent to any other link(i, j) ∈ L iff
{i, j} ∩ {k, l} �= ∅(i, j) �= (k, l). Furthermore we defineΨ(L) as the
union of all adjacent links to the links inL. We assume that a node can-
not transmit more than one packet in a time slot and that a node cannot
receive and transmit simultaneously in a time slot. Alternatively, we say
that a set of linksL and the set of its adjacent linksΨ(K) must be dis-
joint:

29
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Figure 3.1: A small example.

L ∩ Ψ(L) = ∅. (3.1)

We also require that the SIR value is sufficiently high for reliable
communication, see section 2.1,

ΠL(i, j) ≥ γR ∀ (i, j) ∈ L. (3.2)

If the above two conditions, (3.1) and (3.2), hold for a set of links
L ∈ L, we say that the links inL cantransmit simultaneously.

Figure 3.1 shows a small network. Assuming that interference be-
tween nodes without communication links is small, we can see that links
1, 2 and3 can transmit simultaneously.



3.2. Node Assignment 31

One problem with this assignment method is that it does not take ad-
vantage of the inherent broadcast properties of the radio medium. Each
transmitted packet will only be received by the assigned receiver de-
spite being sent in all directions (omnidirectional antennas). This is no
problem with unicast traffic, but for broadcast traffic, where each packet
should reach several destinations, it is inefficient. In these cases the
packet has to be retransmitted for each of these receivers.

For example, if a broadcast packet has nodeB as source, it must
be transmitted three times from nodeB. Link 1, 5 and6 must transmit
the packet at different time slots. Then to reach the last destination, the
packet must be transmitted on links2 and 3. As these two links can
transmit simultaneously, it is possible to use only four time slots in order
to reach all destinations.

3.2 Node Assignment

In a node-assigned schedule, a node is allowed to transmit to any of its
neighbors in its slot. If the schedule is to be conflict-free, this means
that we have to guarantee that we will not have a conflict in any of the
neighboring nodes.

The advantage is that if the packet should reach more than one of the
neighbors to a node, one transmission of the packet is sufficient to reach
them all. This makes node assignment very efficient for broadcast traffic.

There are two necessary conditions for the situation when all the
nodes in a setV are allowed to transmit packages simultaneously. Let
the neighbors Ω(v) to a nodev ∈ V be the set of all nodes that have
a link from v to itself. The neighbors are the nodes thatv possibly can
transmit a packet to. Similarly, letΩ(V ) denote the union of all neighbors
of all nodes inV .

Thefirst condition is that two neighbors cannot transmit at the same
time. Another way to say this is that the setsV andΩ(V ) must be dis-
joint:

V ∩ Ω(V ) = ∅. (3.3)



32 Chapter 3. Node and Link Assignment

Let L(V ) be the set of all links from the nodes inV to their neighbors in
Ω(V ). Since it must be possible to use all the links inL(V ) for transmis-
sion simultaneously, we state thesecond condition:

ΠL(V )(i, j) ≥ γR for all (i, j) ∈ L(V ) . (3.4)

If the above two conditions, (3.3) and (3.4), hold for a set of nodes
V ∈ V, we say that the set of nodes cantransmit simultaneously.

If we return to the example network and compare it with link assign-
ment, we see that the transmitting nodes to the three links that could
transmit simultaneously cannot be permitted to transmit simultaneously
when we use the node-assignment strategy, since both nodeA andC may
choose to transmit toB.

In the broadcast traffic example, nodesA, C andE can be reached
by one transmission ofB, thereby decreasing the number of necessary
transmissions. However, to reach the last two nodes we must transmit on
A andC, and these nodes cannot transmit simultaneously. This results in
the use of three time slots in order to reach all destinations, which is one
time slot lower than for link assignment.

3.3 Analysis

In this section we present some analytical results that are useful when
evaluating the properties of node and link assignment. We first discuss
throughput and then continue with an approximation of the network de-
lay at low traffic arrival rate.

In [29] the throughput in a network with fixed capacities on the links
and fixed routing is determined. Here, we will do the same specifically
for a link-assigned schedule and a node-assigned schedule.

A link-assigned schedule contains, for each time slot in the frame,
the set of links(i, j) that are allowed to transmit in that time slot. A
node-assigned schedule contains the set of nodesvi that are allowed to
transmit in each time slot. We assume that the number of time slots in a
frame,T . We do not consider packet failures and retransmissions.

Each link may be assigned several time slots per frame. Lethij(SL)
denote the number of slots in scheduleSL where link(i, j) can access a
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time slot and similarly lethi(SN) denote the number of slots in schedule
SN where nodevi can access a time slot.

3.3.1 Throughput for link assignment

The following is done for link assignment. Later we will do the same
for node assignment. As was previously defined, the throughput is the
largest admissible traffic load yielding a finite network delay. Studying
equations (2.5) and (2.6), it is easy to realize that the network delay is
bounded as long as the edge delay of all links is bounded; the network
delay is unbounded if the edge delay of any of the links is unbounded.

So for a good estimation of the throughput, we only need to find the
smallest value ofλ so that at least one of the link queues are saturated.
This will happen when the offered traffic rate on the linkλij equals the
rate at which it can transmit packets, i.e.hij/TL packets per time slot,
whereTL is the frame length of the link-assigned schedule. This gives us
the following equation for each link in the network for unicast traffic

λij =
λ

N(N − 1)
Λij =

hij

TL
,

thus resulting in the following saturation traffic arrival rate for the
link

λ =
hijN(N − 1)

TLΛij
.

The throughput of the networkλ∗(SL) can now simply be calculated
as

λ∗(SL) = min
(i,j)∈L∗

hij(SL)N(N − 1)

TLΛij
. (3.5)

Furthermore, if we use schedules that are fully compensated for traf-
fic, i.e. hij = Λij, the formula for link assignment can be simplified
to

λ∗
L =

N(N − 1)

TL
. (3.6)
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Figure 3.2: The figure shows the ratio between estimated values of the maxi-
mum throughput and simulated values for the maximum throughput
for networks of different connectivity. The ratio is plotted for 100
networks of size 20 nodes with unicast traffic.

For broadcast traffic the formula for the throughput will be

λ∗
L(SL) = min

(i,j)∈L∗

hij(SL)N

TLΛij

, (3.7)

and for a schedule that is fully compensated for traffic

λ∗
L =

N

TL
. (3.8)

In figure 3.2 we show a comparison of this estimation with simula-
tion results. As can be seen this estimation is sufficiently good for our
purposes. The largest part of the deviation between simulated and esti-
mated results is probably due to the high delay variance of the simulation
results close to the maximum throughput.

3.3.2 Throughput in node assignment

The corresponding notation for node assignment ishi(SN) as the num-
ber of time slots assigned to nodevi, andTN as the frame length. The
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throughput for node assignment in the case of unicast traffic is

λ∗(SN) = min
(i∈V )

hi(SN)N(N − 1)

TNΛi
, (3.9)

and the corresponding result for broadcast traffic can be written as

λ∗(SN) = min
(i∈V )

Nhi(SN)

TNΛi
. (3.10)

For schedules that are fully compensated for traffic, i.e.hi = Λi the
formula for node assignment with unicast traffic can be simplified to

λ∗
N =

N(N − 1)

TN
(3.11)

and, similarly, for broadcast traffic

λ∗
N =

N

TN
. (3.12)

The ratio between the throughput of a link-assigned schedule and the
throughput of a node-assigned schedule can then be written as:

λ∗
L

λ∗
N

=
TL

TN
. (3.13)

Notice, this is valid for both unicast and broadcast traffic.

3.3.3 An approximative formula for the network delay

We now derive an expression for the network delayDL for a link-assigned
schedule with unicast traffic.

DL =
∑

(i,j)∈L

Λij

N(N − 1)
dij , (3.14)

wheredij is the average expected edge delay on link(i, j).
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In order to determine the network delay, we make two extra assump-
tions. Even if they are not fulfilled, it is still a useful approximation of
the network delay.

First, the slots in the schedules assigned to a node are perfectly spread
over the frame, i.e. the distance between two assigned slots is equal. The
algorithm used in the simulations attempts to do this, but the algorithm
is not optimal and it is not always possible to spread the slots evenly.

Second, the relay traffic can be described as a Poisson process. This
is certainly not the case, since relay packets can only arrive in specific
time slots. However, it is normally a good approximation. This is an
attempt to use the same principle as the independence assumption [29],
but for a TDMA network with fixed packet size.

With these assumptions, the average expected edge delay for a link
can at low traffic arrival rate be written as:

dij =
TL

2hij

,

which inserted in (3.14) gives the network delay of a link-assigned sched-
ule

DL =
∑

(i,j)∈L

Λij

N(N − 1)

TL

2hij

.

Furthermore, if the schedule is fully compensated for traffic, we have

DL =
MTL

2N(N − 1)
,

whereM is the number of links in the network.
The corresponding result for a node-assigned schedule is

DN =
∑
i∈V

Λi

N(N − 1)

TN

2hi

,

and for a schedule fully compensated for traffic

DN =
NTN

2N(N − 1)
.
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The ratio between the network delay of link assignment and the net-
work delay of node assignment can then be written as:

DL

DN
=

M

N

TL

TN
=

M

N

λ∗
N

λ∗
L

. (3.15)

Simulations in the next section will show that this is a good approxi-
mation except for low connectivity.

3.4 Evaluation and Results

In this section we compare the delays and throughput for node assign-
ment and link assignment. The results for network delay are generated
by network simulation as described in chapter 2. Furthermore, for unicast
traffic we compare these simulated results with the approximative results
given in section 3.3. The comparison begins with unicast and concludes
with broadcast traffic.

3.4.1 Unicast Traffic

We start the investigation by studying the networks at high traffic loads.
The first parameter we study here is the ratio between maximum through-
put λ∗

L of link assignment and maximum throughputλ∗
N of node assign-

ment, i.e.

λ∗
L/λ

∗
N,

which we know from equation (3.13) equalsTN/TL.
As can be seen in figure 3.3, this ratio exhibits considerable variations

over the networks studied. One conclusion in these simulations is that
link assignment provides higher throughput. This is not so surprising
since the degree of spatial reuse is higher for link assignment.

To determine how much better link assignment can be, we plot in
figure 3.4 the ratioλ∗

L/λ
∗
N averaged over connectivity for networks of

different sizes. As can be seen,λ∗
L/λ

∗
N increases with the size of the

network and decreases if connectivity is increased.
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Figure 3.3: The figure shows the ratio between maximum throughput for link
assignment and node assignment for networks of different connec-
tivity. The ratio is plotted for 500 networks of size 20 nodes.
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Figure 3.4: The figure shows the average ratio between maximum throughput
for link assignment and node assignment for networks of different
connectivity. Ratio between throughput for networks of different
size 10, 20, and 40 nodes.
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Figure 3.5: The figure shows the ratio between delay for link assignment and
delay for node assignment. The ratio is plotted for 500 networks of
size 20 nodes.

We continue by studying the network delay at low traffic loads.
The second parameter studied is the ratio between network delay of

link assignment and node assignment at low traffic loads. In figure 3.5
this parameter can be studied. The variance is rather low and a linear
relationship between delay and connectivity can be detected.

To see how well equation (3.15) approximates the delay we plot
DL/DN ∗ λN/λL, which should be approximatelyM/N . As can be seen
in figure 3.6, this works fairly well.DL/DN is slightly lower than pre-
dicted independent of connectivity.

The last parameter we study for unicast traffic is the input traffic load
of the network which gives equal network delay for node and link assign-
ment. This parameter is interesting since it determines for what traffic
loads link/node assignment is preferable. That is, for traffic loads higher
than this parameter, link assignment is preferable, and at lower traffic
loads node assignment is preferable.

As can be seen in figure 3.7 the variance over the simulated networks
of this parameter is less than for the other parameters, which means that
the average value is highly interesting. This average is shown in figure
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Figure 3.6: The figure shows the ratio between delay for link assignment and de-
lay for node assignment multiplied by the ratio between the through-
put for link assignment and throughput for node assignment. This
should approximately be equal to the connectivity of the network
multiplied by N − 1, which is the line plotted in the figure. The
ratio is plotted for 500 networks of size 20 nodes.

3.8. From this we can conclude that for unicast traffic the preferable
assignment method can be determined with knowledge only of the con-
nectivity of, and input traffic to, the network.

3.4.2 Broadcast Traffic

We start the investigation on broadcast traffic by returning to the case of
networks at high traffic loads. The parameter studied is the ratio between
maximum throughputλ∗

L of link assignment and maximum throughput
λ∗

N of node assignment, i.e.

λ∗
L/λ

∗
N,

which equalsTN/TL for broadcast traffic, too.
This ratio can be studied for networks of size 20 nodes in figure 3.9.

Similar to unicast traffic, this parameter exhibits considerable variations
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Figure 3.7: The figure shows the input traffic level giving equal network delay
for different network connectivity. This is plotted for 500 networks
of size 20 nodes.
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Figure 3.8: The figure shows the traffic load which gives equal network delay
for 500 networks of sizes 10, 20, and 40 nodes.
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Figure 3.9: The figure shows the ratio between maximum throughput for link
assignment and node assignment for broadcast traffic. The ratio is
plotted for 500 networks of different connectivity of size 20 nodes.

over the networks studied. However, unlike for unicast, the decrease in
variation with connectivity is significant. For high connectivity there is
very little variation left.

Not very surprisingly, node assignment behaves better than link as-
signment for nearly all networks, especially for high connectivity, al-
though there are networks where link assignment achieves the higher
throughput.

To make a more complete comparison, we plot, in figure 3.10, the ra-
tio λ∗

L/λ
∗
N averaged over connectivity for networks of different sizes. As

can be seen,λ∗
L/λ∗

N decreases with both network size and connectivity.
This is because the number of neighbors a node has increases when any
of these parameters are increased, which node assignment can take better
advantage of.

We continue by studying the network delay at low traffic loads. In
figure 3.11 we see that node assignment always performs better that link
assignment, especially for networks of high connectivity. In figure 3.12
this is averaged over the networks. We see that this effect increases with
network size and connectivity in the same way as for throughput.
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Figure 3.10: The figure shows the average ratio between maximum throughput
for link assignment and node assignment for broadcast traffic. The
ratio between throughput for networks of different size 10, 20, and
40 nodes.

From this we can conclude that link assignment can never compete
with node assignment for pure broadcast traffic.
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Figure 3.11: The figure shows the ratio between delay for link assignment and
delay for node assignment with broadcast traffic. The ratio is plot-
ted for 500 networks of size 20 nodes.
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Figure 3.12: The figure shows the average ratio between delay for link assign-
ment and delay for node assignment for networks of different con-
nectivity with broadcast traffic. The ratio between delay for net-
works of different size 10, 20, and 40 nodes.



Chapter 4

Link assignment with Extended
Transmission rights (LET)

In this chapter we present a novel assignment strategy which is based on
link assignment.

4.1 LET principle

Notice that the interference term in (2.3) depends only on which nodes
that are transmitting and not on the nodes that are receiving packets. As-
sume that a node is assigned as a transmitter in a slot, i.e. an outgoing
link of the node is assigned the slot. If this node redirects the transmis-
sion to a node, other than the assigned receiving node, the inequality in
(3.2) still holds for all links originally assigned to the slot. This means
that the interference level of the other simultaneously receiving nodes
will not change. (Recall the assumption of omnidirectional antennas.)
The redirected transmission in itself cannot always be guaranteed to be
conflict-free.

Based on these observations, we suggest the following scheme for ex-
tending transmission rights for any given link-assigned schedule. When
a link is assigned a time slot, the node first checks whether there is a
packet to transmit on that link. If there is no such packet, any other link
with the same transmitting node might be used if the node has a packet
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Figure 4.1: A small example.

to transmit. Preferably links that are conflict-free should have priority, so
as to avoid unnecessary packet loss.

We call this strategy Link assignment with Extended Transmission
rights (LET).

To illustrate how it works we present a simple example. Assume
links 1, 2, and 3 in figure 4.1 have be scheduled to transmit in the same
slot. Let us study node B in more detail. If node B does not have any
packets to transmit to E, it is permitted to transmit on either of the links
5 or 6 in the slot assigned to link 1. Now, if both links 2 and 3 are used
(or if these nodes also use the LET property), neither transmission on
5 or 6 will be successful. However, for low traffic the probability that
this would happen is small. If none of the other two nodes use their
slot, the redirected transmission will be successful; and if only one of
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them transmits, we still have 50 percent probability of a success. This
is because node B cannot know which one (if any) of the others will
transmit.

We now continue by proving that by redirecting the transmissions the
nodes in the network will not cause any conflict at any node which has
not redirected their transmission. Assume thatL is a set of links such
that they can transmit simultaneously according to equations (3.1) and
(3.2), i.e.

ΠL(i, j) ≥ γR ∀ (i, j) ∈ L.

Furthermore, assume that the transmitting nodes ofLR ⊆ L redirect
their transmissions to other receiving nodes than scheduled in the initial
link schedule and thatLNR is the rest of the links, i.e.

LNR = L \ LR.

Let LU be the set of links used by the redirecting nodes, therefore,

VT(LU) = VT(LR).

If LNR is to be conflict-free, the following inequality must be valid

ΠLNR∪LU(i, j) ≥ γ1 ∀ (i, j) ∈ LNR.

For any(i, j) ∈ LNR, we can write

ΠLNR∪LU(i, j) =
PiG(i, j)

(Nr + ILNR∪LU(i, j))
.

and

ILNR∪LU(i, j) =
∑

vk∈VT(LNR∪LU)\vi

Pk

Lb(k, j)
.

However,

VT(LNR ∪ LU) = VT(LNR) ∪ VT(LU) = VT(LNR) ∪ VT(LR) = VT(L),
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resulting in,ILNR∪LU(i, j) = IL(i, j) andΠLNR∪LU(i, j) = ΠL(i, j), which
of course fulfills (3.2).

For broadcast traffic, the situation will be a little more complicated.
Each packet transmitted may have more than one receiver. This means
that some, but not all, packets may be received correctly. A worst case
scenario would be that only transmissions over scheduled links would
be received, and all of the rest of the links must be retransmitted. LET
can then behave exactly as link assignment for high traffic loads. On
the other hand, for low traffic loads, the behavior will be that of node
assignment, due to the low interference in the network. (The interference
may be higher for broadcast traffic than for unicast traffic since a packet
will be split and then might be relayed simultaneously by two nodes.)

However, there is also a possibility that more links than scheduled
happen to be collision-free. This can easily be the case if two nodes lie
close each other. Any transmission with sufficiently high SIR to one of
them will also reach the other with sufficiently high SIR.

The variable distance between the nodes in this type of network would
be another reason for an improvement compared to link assignment. If
the distance between transmitter and receiver is small enough, the signal
strength will be sufficient to handle very high interference, which can
often be the case if the link is not scheduled to the time slot.

We conclude this section by giving a more formal description of the
LET algorithm that we use in our simulations.

This is done in each node:

Step 1 If there is a packet in the scheduled link’s queue:

1.1 Transmit this packet on all links that it is supposed to be trans-
mitted on.

1.2 Remove the packet from all link queues where this transmis-
sion was successful.

Step 2 Otherwise if there is no such packet. Choose one of the node’s
other outgoing links that can be exchanged conflict-free in the
schedule that has a packet in queue:



4.2. Basic Properties 49

0 0.1 0.2 0.3 0.4 0.5 0.6 0.7
0

200

400

600

800

1000

Connectivity

D

Link Assignment
Node Assignment
LET            

Figure 4.2: Network delay in a 30 node network.

2.1 Transmit this packet on all links that it is supposed to be trans-
mitted on.

2.2 Remove the packet from all link queues where this transmis-
sion was successful.

Step 3 Otherwise if there is no such packet. Choose one of the rest of
the node’s outgoing links that has a packet in queue:

3.1 Transmit this packet on all links that it is supposed to be trans-
mitted on.

3.2 Remove the packet from all link queues where this transmis-
sion was successful.

Step 4 Otherwise, do nothing.

4.2 Basic Properties

In figure 4.2, network delay for differentλ is shown schedules using
for three different assignment strategies in a network of 30 nodes with
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unicast traffic. The assignment strategies are node assignment, link as-
signment and LET.

We see from this figure that in this network, link assignment is prefer-
able to node assignment for high traffic loads. For low traffic loads, node
assignment achieves a smaller delay. The LET method combines the ad-
vantages of the two methods and in this case achieves a smaller delay for
all traffic loads.

In this figure some areas of interest can be seen; at low traffic loads,
the ratio between delay of node assignment and delay of LET. Moreover,
the ratio between delay of link assignment and delay of LET is interest-
ing.

At high traffic loads, the ratio between throughput of node and link
assignment is interesting. The ratio between the throughput of LET
and link assignment is also interesting, but at very high traffic levels
most of the links in the network will have packets in queue. For this
case, LET will appear mainly as link assignment. LET will achieve the
same throughput as the link-assigned schedule it is based on if the link-
assigned schedule is fully traffic compensated.

This is because at very high traffic loads, the probability that a link
will have a packet to transmit in its time slot will be close to one. The
LET property will not be used, and the network will appear exactly as
a link-assigned schedule. No conflicts will appear, resulting in the same
throughput as the link-assigned schedule.

If the link-assigned schedule is not fully compensated for varying
network traffic, LET will give at least as high throughput as the link-
assigned schedule. This is because no packet transmitted on a link as-
signed in the time slot is lost in LET, and a highly loaded link can use
one of the lower loaded outgoing links from that node.

Although any link-assigned schedule may be used to extend trans-
mission rights, some link schedules may give LET more or less desirable
properties. Here we discuss what effect the link schedule has on delay.

At low traffic load, the nodes will normally only have at most one
packet in queue at a time. In this case, LET behaves as node assign-
ment, with the node-assigned schedule as the transmitting nodes in the
link-assigned schedule. A problem when generating STDMA schedules
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is how to determine which slots to give a node or link that is going to re-
ceive more than one slot, since delay through the node depends on which
specific time slots the node is given.

For example, assume that a node has received two time slots and these
are spread in such a way that the distance between them is approximately
half the frame length. Then for low traffic loads, the delay will be at
most half the frame length. If the node is given two consecutive time
slots, the maximum delay might be the entire frame length. That is, it is
usually efficient to spread a node’s time slots evenly over the frame. This
problem gets worse if nodes receive many time slots, especially since a
large part of the traffic usually flows through these nodes.

In some algorithms, see e.g. [30], an effort is made to spread the time
slots a node or link is given equally over the frame. However, even if the
link schedule has perfectly spread time slots, this may not be the case for
the transmitting nodes. Therefore, LET might give considerably higher
delay than a node-assigned schedule if the link schedule tends to give the
transmitting nodes consecutive time slots.

Any assignment algorithm, especially if it is of a greedy type, has a
set of rules to determine which link to assign to a time slot. One method
used is node ID, i.e. the lower the ID number, the higher the priority. To
assign links, the pair of node IDs of the transmitting and receiving nodes
can be used. A sorted list according to link priority would then give the
outgoing links from a node consecutive places in the list. Even if another
system for link priority is used, node ID is eventually used if priority is
equal for several links.

Now, assume we have a fully connected network, i.e. all nodes can
communicate with all other nodes without relaying. Furthermore, in this
case we can assume that there is no spatial reuse, although in a link sched-
ule using an interference-based model, this might be possible due to cap-
ture. In this case the assigned schedule would be the sorted list described
above, which gives high network delay.

One way to avoid this problem is to give the links a link ID which is
random, although different, for each link.

The assumptions used in this paper is the use of omnidirectional an-
tennas and equal transmission power of all nodes in the network. If this
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is not the case, a node cannot redirect its transmission to any other of its
neighbors since this might require an increase of signal power or redirec-
tion of the antennas. Any change of the outgoing power strength and di-
rection can ruin the conflict-free properties of the other receiving nodes.

However, some of the nodes may still be reached without such a
change, and the LET properties can still be used with these nodes, al-
though this is less efficient than if all nodes could be reached.

An alternative way of designing a LET schedule would be to base it
on a node-assigned schedule instead and replace each node in the sched-
ule with one of its outgoing links. Using LET on this schedule would
result in a schedule that would behave as a node-assigned schedule for
all traffic loads and traffic types, thereby achieving the advantages of
node assignment for broadcast traffic. The actual order in which packets
are transmitted can be different, though.

Unfortunately, this schedule would not have the positive properties
of link assignment for unicast traffic.

4.3 Analysis

The same assumptions as we made for node and link assignment in pre-
vious chapter can be made for LET as well. However, since LET be-
haves like a node-assigned schedule at low traffic loads, the link-assigned
schedule would have to try to spread the time slots for the transmitting
nodes of the links evenly over the frame instead of the link time slots.
However, the algorithm used in the simulations does not attempt to do
this. This results in a larger discrepancy than for node assignment or link
assignment when compared with simulations.

The network delay for unicast traffic using LET for low traffic loads
under these assumptions can be written as:

DLET =
∑
i∈V

Λi

N(N − 1)

TL

2hi
. (4.1)

For a schedule fully compensated for unicast traffichi = Λi, this
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results in,

DLET =
NTL

2N(N − 1)
.

The ratio between network delay of link assignment and network de-
lay of LET for unicast traffic can be written as

DL

DLET
=

M

N
. (4.2)

and the ratio between network delay of node assignment and network
delay of LET can be written as

DN

DLET
=

TN

TL
=

λ∗
L

λ∗
N

. (4.3)

4.4 Evaluation and Results

In this section we compare the delays and throughput for LET with node
assignment and link assignment. The results for network delay are gen-
erated by network simulation as described in the appendix. No compar-
ison for throughput in the case of unicast traffic is included since LET
achieves the same throughput as link assignment. For broadcast traffic
such a comparison is included, using simulations to determine the maxi-
mum throughput for LET.

Furthermore, we compare these simulated results with the approxi-
mative results for unicast traffic given in section 4.3.

In the simulations of LET we have the extra simulation assumption
that the link ID is random, as described in section 4.2.

4.4.1 Unicast Traffic

The first comparison is node assignment and LET. Therefore, the param-
eter studied is the ratio between network delay of node assignment and
network delay of LET at low traffic loads, i.e.

DN/DLET.
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Figure 4.3: The figure shows the ratio between the delay of node assignment
and the delay of LET. The ratio is plotted for 500 networks of size
20 nodes.

If this parameter is greater than one, LET is always preferable. If it is
less than one, node assignment is preferable for low traffic loads.

In figure 4.3, this parameter can be studied for networks of size 20
nodes. As can be seen there are some variations over the different net-
works. In figure 4.4 we plot the ratioDLET/DN averaged over connectiv-
ity for networks of different sizes. As can be seen,DLET/DN decreases
with the connectivity. This is because the gain in spatial reuse of link
assignment compared with node assignment decreases with connectiv-
ity. Its increase with network size is consistent with the approximation
in equation (4.3), since it should be close toλL/λN.

It can be concluded that for the chosen assignment algorithms, except
for high connectivity, a link-assigned schedule with extended transmis-
sion rights gives lower delay than a node-assigned schedule. For very
high connectivity, LET can give a higher delay than node assignment be-
cause the link-assigned schedule our method is based on does not attempt
to spread the time slots a node is assigned evenly over the frame.

We conclude the study of network delay for unicast traffic by exam-
ining the ratio between network delay of link assignment and network
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Figure 4.4: The figure shows the average ratio between delay for node assign-
ment and delay for LET for networks of different connectivity. The
ratio between delay for networks of different size; 10, 20, and 40
nodes.

delay of LET at low traffic loadsDLET/DL. In figure 4.5, this ratio is av-
eraged for networks of different sizes. It can be concluded that LET de-
creases the network delay considerably compared with link assignment.
This effect increases with network size and connectivity. This is not a
surprising result, since increasing network size or connectivity increases
the number of outgoing links of a network node, thereby giving LET
more opportunities.

From these simulations and the knowledge that LET always achieves
at least as high throughput as link assignment, we can see that for unicast
traffic LET is preferable to both link and node assignment except for
networks of very high connectivity and low traffic.

4.4.2 Broadcast Traffic

We will now study LET in the case of broadcast traffic. In figure 4.6 we
plot the ratio between delay for LET and the delay for node assignment.
As can be seen there is a considerable variation over the different net-
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Figure 4.5: The figure shows the average ratio between delay for link assign-
ment and delay for LET for networks of different connectivity. The
ratio between delay for networks of different size; 10, 20, and 40
nodes.

0.2 0.4 0.6 0.8 1
0

0.5

1

1.5

2

Connectivity

D
LE

T
/D

N

Figure 4.6: The figure shows the ratio between delay for LET and delay for
node assignment for networks of different connectivity. This ratio is
plotted for 500 networks of size 20 nodes with broadcast traffic.



4.4. Evaluation and Results 57

0.1 0.2 0.3 0.4 0.5 0.6 0.7 0.8 0.9 1
0.3

0.4

0.5

0.6

0.7

0.8

0.9

1

1.1

1.2

1.3

Connectivity

D
LE

T
/D

N

10 nodes
20 nodes
40 nodes

Figure 4.7: The figure shows the ratio between delay for LET and delay for node
assignment for networks of different connectivity. This is plotted
for networks of different size 10, 20, and 40 nodes with broadcast
traffic.

works. However, for all except the highest connectivities, LET achieves
the lower delay.

In figure 4.7, this ratio is averaged for networks of different sizes. It
can be concluded that for high connectivity, LET achieves approximately
the same result as node assignment with small dependence on network
size. However, for low connectivity we see a considerable improvement
when using LET for increasing network size.

We conclude the investigation of broadcast traffic by returning to the
case of networks at high traffic loads. The parameter studied then is the
ratio between maximum throughputλ∗

LET of LET and maximum through-
putλ∗

N of node assignment, i.e.

λ∗
LET/λ

∗
N.

This ratio can be studied for networks of size 20 nodes in figure
4.8. Except for very low connectivity, in most networks node assign-
ment gives considerably much higher throughput than LET; a factor two
or more. It is interesting to see that for very low connectivity we have
networks where LET outperforms node assignment.
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Figure 4.8: The figure shows the ratio between maximum throughput for LET
and maximum throughput for node assignment for networks of dif-
ferent connectivity. This ratio is plotted for 500 networks of size 20
nodes with broadcast traffic.

We can study this parameter averaged over size in figure 4.9 and see
that this effect increases with the network size.

4.4.3 Conclusions

In this chapter we have presented a novel assignment strategy (LET),
which is based on link assignment. We have shown that for unicast traffic
LET is preferable to both link and node assignment except for networks
of very high connectivity and low traffic.

For broadcast traffic we see that LET outperforms node assignment
for low traffic arrival rates. However, this comes at a considerable cost in
terms of throughput. One exception is low connectivity, where LET can
give the same throughput as node assignment.

We can therefore conclude that LET is very useful for low connectiv-
ity networks independent of the traffic type. For a higher network con-
nectivity we have to consider what kind of traffic the network is designed
to handle when choosing the assignment strategy.
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Figure 4.9: The figure shows the ratio between maximum throughput for LET
and maximum throughput for node assignment for networks of dif-
ferent connectivity. This is plotted for networks of different size 10,
20, and 40 nodes with broadcast traffic.
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Chapter 5

Algorithms designed for LET

As could be seen in the previous chapter, LET can achieve very poor
performance results if the link schedule which it is based on is poorly
adapted to the properties of LET. In this chapter we will study the perfor-
mance enhancement in terms of delay that can be achieved if we take into
consideration that the LET property will be used when the link schedule
is generated.

The main reason for this poor behavior is that LET behaves as node
assignment for low traffic loads, but the algorithm designs the schedule
for link assignment. In order to achieve a low delay for low traffic arrival
rates we use a priority system to spread a link’s slots evenly over the
frame. However, this does not necessary correspond to the transmitting
nodes in the link-assigned schedule being spread evenly over the frame.

In this chapter we will see the effect when we use an algorithm that
attempts to do this. This will be done mainly for unicast traffic, but some
examples of the effect for broadcast traffic will also be included.

All results in chapter 4 indicate that although LET can achieve net-
work delays as low as node assignment for broadcast traffic, we will lose
a considerable amount of the capacity. This will also be the case for this
modified algorithm.

61
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5.1 Double Priority

We will expand the algorithm described in chapter 2 so that it uses double
priority. The links are here assigned time slots according to two priority
lists. The primary priority of a link is the number of time slots passed
since the transmitting node was previously assigned a slot multiplied by
the relative traffic of the transmitting node. The secondary priority of
a link is the number of time slots passed since the link was previously
assigned a slot multiplied by the relative traffic of the link. When we de-
termine which link to test next, we first check which link has the highest
primary priority. If two or more links have equal priority, the secondary
priority is used to determine which of these to test first.

With this procedure, the slots assigned to each node will be spread
evenly over the period, resulting in a decreased network delay when us-
ing LET.

In the following, we describe the traffic sensitive algorithm obtained
with the above ideas.

Step 1 Initialize:

1.1 Enumerate the links

1.2 Create a list,A, containing all of the links and an empty list
B.

1.3 Sett to zero.

1.4 Calculate the number of slots each link is to be guaranteed and
sethij to Λij .

1.5 Setτ 1
i to zero for all nodes.

1.6 Setτ 2
ij to zero for all links.

Step 2 Repeat until listA is empty:

Step 2.1 Sett ← t + 1 andVt ← ∅.

Step 2.2 For each link(i, j) in list A:

2.2.1 SetLt ← Lt ∪ (i, j).
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2.2.2 If the set of links inLt cantransmit simultaneously:

• If hij = 1, remove the link from listA and add to
list B.

• Sethij ← hij − 1, and setτ 1
i andτ 2

ij to zero.

2.2.3 If the set of links inLt cannottransmit simultaneously:
set

Lt ← Lt \ (i, j).

Setτ2
ij ← τ 2

ij + 1.

Step 2.3 For each link(i, j) in list B but not inLt:

2.3.1 SetLt ← Lt ∪ (i, j).

2.3.2 If the links in Lt can transmit simultaneously, setτ 1
i

andτ 2
ij to zero.

2.3.3 If the links inLt cannottransmit simultaneously, set

Lt ← Lt \ (i, j)

and setτ 2
ij ← τ 2

ij + 1.

Step 2.5 Setτ1
i ← τ 1

i + 1 for nodes not inVT(Lt).

Step 2.6 Reorder listsA andB according to priorities,

τ 1
i Λi andτ 2

ijΛij

with the highest priority first.

We will now compare the algorithm described above with the previ-
ously described algorithm for LET. To separate them, we need some form
of notation. We will use the term modified LET to denote LET results
based on the above algorithm.

5.1.1 Simulation results

We now compare the delay of link assignment to the delay of LET for
unicast traffic, i.e. DL/DLET. According to equation (4.2), this ratio



64 Chapter 5. Algorithms designed for LET

0.1 0.2 0.3 0.4 0.5 0.6 0.7 0.8 0.9 1
0

2

4

6

8

10

12

14

16

18

20

Connectivity

D
L
/D

LE
T

−
m

od
ifi

ed

Figure 5.1: The figure shows the ratio between network delay for link assign-
ment and network delay for the modified LET with unicast traffic.
This should be approximately equal to the connectivity of the net-
work multiplied byN−1, which is the line also plotted in the figure.
The ratio is plotted for 500 networks of size 20 nodes.

should be approximately equal toN − 1. The results, given in figure
5.1, with this modification are close to the expected result, but with an
increase in variance with connectivity. This double priority system does
not seem to spread the time slots as well as a single priority system and
and this becomes more complicated for larger numbers of links.

A possible explanation for this is the following: The links which are
most loaded in the network are often rather centralized links in the net-
work and are normally not especially short, due to the routing principal
of using the least number of hops. These links are thereby rather diffi-
cult to schedule simultaneously. However, with the single priority system
these links will be tested before the rest of the links in the network. This
results in a fairly efficient way of finding schedules permitting these links
to transmit simultaneously.

A problem of using node priority first is that most nodes have at least
one outgoing link that is short and thereby simpler to add to the sched-
ule. These links can be sorted for testing much earlier than before, thus
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Figure 5.2: The figure shows the ratio between network delay for LET and net-
work delay for the modified LET with unicast traffic. The ratio is
plotted for 500 networks of size 20 nodes.

blocking the more difficult links from being assigned. This can result in
the case where few of the more difficult links to assign receive time slots
in the first part of the schedule, but get virtually all their time slots in the
last part of the schedule, which is not a good solution for spreading the
time slots evenly over the schedule.

In figure 5.2, we plot the ratio between network delay for the modified
LET and network delay for ordinary LET. We see in this figure that for
most of the networks the modification improves the performance of LET.
This is especially the case for high connectivity. For low connectivity it is
less efficient, probably due to rather inefficient distribution of time slots
in these cases. In figure 5.3 we plot this ratio averaged over connectivity
for networks of different size.

We see here that the modified LET performs better for all but low
connectivity. This is probably because the normal link assignment.

We now return to the approximation given in equation (4.3). In order
to see how well this works we plotDLET/DN ∗λL/λN, which should give
results close to one for all connectivities. This can be studied in figure
5.4 averaged over connectivity. The approximation works rather well,
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Figure 5.3: The figure shows the ratio between network delay for LET and net-
work delay for the modified LET. The ratio is plotted for networks
of different size 10 and 20 nodes.
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Figure 5.4: The figure shows the ratio between network delay for the modified
LET and network delay for node assignment multiplied by the ratio
between the throughput of link assignment and the throughput of
node assignment. This should be approximately equal to one. This
is plotted for networks of different size; 10 and 20 nodes.
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Figure 5.5: The figure shows the ratio between delay for the modified LET and
delay for node assignment with unicast traffic. The ratio is plotted
for 500 networks of size 20 nodes.

especially for the 10-node networks.

Finally, for unicast traffic we compare the modified LET with node
assignment. In figure 5.5 we can study this for networks of size 20 nodes.
As can be seen, there is a considerable variance over the networks, but
most networks have lower delay when we are using LET. In figure 5.6,
we averageDLET/DN over connectivity. This average stays below one for
all connectivities and network sizes, i.e. for unicast traffic LET always
performs better on average than node assignment.

5.1.2 LET for broadcast traffic

For broadcast traffic, the variance of traffic over the outgoing links of a
node is smaller, making the method of spreading the time slots of a link
easier.

Since the double priority method for LET was developed for unicast
traffic, it is interesting to see how it behaves compared to the normal LET.
Therefore the first parameter studied here is the ratio between delay of
the modified LET and normal LET.
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Figure 5.6: The figure shows the ratio between delay for the modified LET and
delay for node assignment. The ratio is plotted for networks of dif-
ferent size 10 and 20 nodes.

In figure 5.7 this is plotted for networks of size 20 nodes. We can see
that for most networks the modification gives a considerable improve-
ment, especially for medium connectivity networks. We can conclude
that the modification works well also for broadcast traffic. (Even better
than for unicast)

We continue by studying the most interesting parameter, i.e a com-
parison between LET and node assignment. In figure 5.8DLET/DN is
plotted for 500 networks of size 20 nodes. As can be seen, LET gives
a lower delay for nearly all networks, except for the full connectivity
networks.

In figure 5.9, this is averaged over connectivity for networks of dif-
ferent size. It can be concluded that also for broadcast traffic, LET gives,
in average over the simulated networks, lower network delay than node
assignment, at least for low traffic loads.
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Figure 5.7: The figure shows the ratio between delay for the modified LET and
delay for LET with broadcast traffic. The ratio is plotted for 500
networks of size 20 nodes.
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Figure 5.8: The figure shows the ratio between delay for the modified LET and
delay for node assignment with broadcast traffic. The ratio is plotted
for 500 networks of size 20 nodes.
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Figure 5.9: The figure shows the ratio between delay for the modified LET and
delay for node assignment with broadcast traffic. This is plotted for
networks of different size 10 and 20 nodes.

5.1.3 Conclusions and Further work

In this chapter we have briefly introduced how network performance is
affected by the link-assignment algorithm we base LET on. The use of
double priority gives very efficient schedules for a fully connected net-
work. However, for low connectivity it is a less efficient way of spread-
ing time slots than the single priority method used in previous chapters.
More research is necessary if we want to fully exploit the advantages of
LET.

The double priority method is a good start, though. For most net-
works it gives an improvement compared to node assignment in terms of
delay both for unicast traffic and broadcast traffic. On the average over
the simulated networks, the modified LET gives lower network delay
than node assignment.

The result of this is that LET is the preferable assignment method
for all networks except for networks with a high traffic load of mainly
broadcast traffic.



Chapter 6

Model Comparison

In this section we investigate the loss of efficiency (in terms of throughput
and delay) when the STDMA algorithm only has knowledge about the
two-level graph model of the network compared to having full knowledge
of the attenuation between all pairs of nodes. This is done for conflict-
free scheduling with link assignment since this is the base for LET.

6.1 Graph-based Network Model

The traditional approach in designing reuse schedules is to use a graph
model of the network. Given a graph, a reuse schedule can be obtained
by studying the set of edges. One problem with this approach is that,
depending on how the graph is chosen, it may result in schedules with
serious interference in terms of SIR.

In the graph-based method, a graph representationGγ is chosen. In
order to represent the radio network as a directed graph, we denote by
Gγ the directed graph that is obtained by defining the set of nodesV as
vertices and the set of edgesE as follows

(i, j) ∈ E if and only if Γij ≥ γ ,

i.e. the set of edges is the set of node pairs with SNR not smaller thanγ.
The schedule is then designed from the graphGγ. Interferences from

other nodes are not taken into account. The traditional method for node
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assignment given a set of edges is to say that two nodesvi andvj can use
the same time slot if and only if:

• edge(i, j) /∈ E and edge(j, i) /∈ E, and

• there is novk such that(j, k) ∈ E and(i, k) ∈ E

The first criterion is based on a node not being able to receive and trans-
mit simultaneously in the same slot. The second criterion is that a node
cannot receive a packet from more than one node in the same slot. These
criteria translate to the condition that nodes must be at least two hops
away from each other in order to be scheduled to the same slot. For a
more precise description of this problem see [16].

Observe that the above criterions are not sufficient to guarantee that
the assignment is conflict-free in terms of SIR, as defined in the previ-
ous section. The assignments that fulfill the above two criteria do not
necessarily fulfill the SIR criterion given in condition (3.2). They may
therefore not be able totransmit simultaneously according to our defini-
tions. We illustrate this with a small example.

In figure 6.1 we see the edges obtained for a sample network by
choosing the thresholdγC to be13 dB.

Now, assume that links (2,4), (7,5) and (8,9) have been assigned the
same time slot. This is possible according to the graph model of the
network. If all of these nodes transmit at the same time, then the SIR cal-
culated at node 5 will be only 1.6 dB. This is because the SNR between
nodes 5 and 8 is just below what is needed for communication and the
SNR between 5 and 7 is just above.

From the example we see that the graph approach if applied as above
will result in serious interferences.

However, graph-based algorithms can still be useful. One method of
avoiding the serious interference levels shown in the example above is
to base the schedule on a graph where also node pairs with SNR less
thanγC are included as interference edges [31]. The edges with SNR
lower thanγC will not be assigned time slots, but only be used in the
test criterion. By considering a graphGγ and lettingγ take a valueγI

smaller thanγC, the set of edges will contain not only the links but also
interference edges, which represents the case when the signal from one
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Figure 6.1: The graphGγ obtained forγ = 13 dB of a small sample network
consisting of ten nodes.

user is too weak to be used for communication but is still strong enough
to interfere. We will callγI theinterference threshold.

However, all transmissions in the time slot will add to the interfer-
ence. The choice ofγI thereby determines the remaining interference.
By choosing the threshold for a communication link,γC, slightly greater
than what is needed for reliable communication,γR, we assure that the
communicating link can handle these remaining interferences. The fol-
lowing example illustrates this procedure.

Consider our previous example. Figure 6.2 shows theGγ with γ
chosen to be7 dB. The interference edges obtained are illustrated with
dashed lines. With this graph description we can see that the links(2, 4),
(7, 5) and(8, 9) cannot share the same slot. This will not be allowed since
there are edges(2, 5) and(5, 8), which means that interference violation
in node 5 will be avoided.

In some cases the interference edges will also prevent assignment of
nodes that can be assigned to the same slot without violating the SIR
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Figure 6.2: The graphGγ obtained forγ = 7 dB. The interference edges are
indicated with dashed lines.

criterion. One such example is links(10, 5),(2, 1) and(8, 6). These three
links will not be allowed to share a slot since there is an edge(2, 5) and
an edge(8, 5). However, the SIR values on all these three links are above
10 dB. This is because the signal levels on these links are so strong that
quite strong interferences can be accepted.

The graphsGγC andGγI with a properly chosenγC andγI can now be
used to generate a reuse schedule with any assignment algorithm taking
a graph as a network model.

6.2 Evaluation and Results

Since we study conflict-free schedules, we have to generate these based
both on the SIR model and the two-level graph model with appropri-
ate SIR. Remember from section 2.4 that a schedule is considered to be
conflict-free if the SIR is above a thresholdγR. However, it is difficult to
design a graph-based schedule to a certain minimum value ofγR, since
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given aγR we have to find appropriate values ofγC andγI such that the
resulting SIR is as close toγR as possible.

If we have one strong interferer with an interference that lies just
below the interference threshold, the resulting SIR will at least have the
value

γC

1 + γI
.

A simple choice here is to setγI to 0 dB. Then all remaining interfer-
ences will be weaker than the receiver noise. If, for example, we choose
γC to be 10 dB, our single interferer will give us a resulting SIR of 7 dB.
For more than one strong interferer, we can get a lower resulting SIR. Of
course, this is under the assumption that the communication link has a
SNR close to the thresholdγC.

Now we can see that a very low value ofγI (below 0dB) will, even
in a worst case scenario, result in a SIR close to to the communication
threshold. But this will also result in very many interference edges in
the graph and thereby a very low spatial reuse. On the other hand, a
high value ofγI (close toγC) can result in very low SIR, even below 0dB
independent on the choice ofγC, although it allows for high spatial reuse.

Without any further investigations we will use 10dB as the commu-
nication link threshold and 0dB as the interference threshold.

Since we have no perfect way of designing a graph-based schedule
so that the minimum SIR becomesγR, the choices ofγC andγI have to
be made such that we are certain that the resulting SIR values are equal
to or higher thanγR, thereby most often achieving resulting SIR values
that are much higher than necessary (with of course, the corresponding
loss in spatial reuse).

SIR-based scheduling, on the other hand, can set its target SIR toγR

and achieve a resulting SIR that is very close to its target. However, since
we have not investigated the choices ofγC andγI , we ignore this fact and
assume that appropriate values ofγC andγI can be found to achieve the
desiredγR in the comparison.

In order to do this, we will useγC andγI to be 10dB and 0dB, respec-
tively, in the generation of the graph-based schedule and use the resulting
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Figure 6.3: The figure shows the ratio between network delay for SIR-based
schedules and network delay for graph-based schedules for different
network connectivity. The ratio is plotted for 100 networks of size
40 nodes.

minimum value of SIR over all time slots forγR when we are generating
the SIR-based schedule.

In figure 6.3, the ratio between the network delayD for SIR-based
schedules and the network delayDgg for graph-based schedules is plot-
ted. In figure 6.4 the corresponding ratioλ/λg for the maximum through-
put is plotted. The graph-based schedules perform worse than the SIR-
based schedules. For example, almost a third of the maximum throughput
is lost in some cases.

To motivate why this is the case we plot the distribution of the min-
imum SIR of the time slots for both schedules for one of the networks.
As can be seen, the algorithm using the SIR-model manages to schedule
its slots to a resulting SIR much closer toγR than an algorithm using the
graph model. Since the graph-model has much less information about
the network, it has to behave more carefully in its assignment of the time
slot.
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Figure 6.4: The figure shows the ratio between the throughput for SIR-based
schedules and the throughput for graph-based schedules for different
network connectivity. The ratio is plotted for 100 networks of size
40 nodes.

6.3 Conclusions and Comments

Our simulation results indicate that the network performance of the graph-
based scheduling may suffer compared to the interference-based schedul-
ing, depending on the SIR thresholds.

In order to achieve collision-free schedules, up to one third of the net-
work capacity can be lost with the more careful graph-based scheduling
due to limited information about the network. No clear dependence of
the network connectivity has been observed.

Since the interference-based scheduling is very complex, it is difficult
to use in distributed scheduling algorithms, which means that some form
of model with limited information must be used. On the other hand, for
the graph-based scheduling, more investigation is necessary about how to
determine the thresholds used in the scheduling, as we might otherwise
lose too much of the network capacity. In the stationary or temporary
stationary case, where the knowledge of the full interference environment
can be assumed, the SIR model offers sufficient improvement to be worth
its increased complexity.
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Figure 6.5: The figure shows the distribution of the minimum SIR of the time
slots both for a graph-based schedule (dashed) and for a SIR-based
schedule.



Chapter 7

Conclusions

In this thesis we have studied the different assignment strategies used
for STDMA. The first comparison was between the two most commonly
used assignment methods, i.e. node and link assignment. We conclude
that, in the unicast case, link assignment behaves better for high traffic
loads, achieving a higher throughput. However, this comes at a cost of
higher delay than node assignment for low traffic loads. This shows that
for unicast traffic there is a certain traffic arrival rate for which node
and link assignment are equal good in terms of delay. Our simulation
results show that only the size and the connectivity of the network are
necessary to determine this traffic arrival rate, thereby making it possible
to generally determine which assignment method one should use for a
specific network.

For broadcast traffic, node assignment is always preferable. Basi-
cally, for heavily loaded networks with mainly unicast traffic, link as-
signment is to be preferred. If we have a considerable part which is
broadcast traffic, we should use node assignment.

In order to improve the behavior of the STDMA network we have
proposed a novel assignment strategy with the advantages of both as-
signment strategies. The strategy proposed is based on a link schedule,
but where transmissions rights are extended. This results in an assign-
ment method that behaves as node assignment for low traffic loads and
link assignment for high traffic loads.

79



80 Chapter 7. Conclusions

We have also shown that there can be significant benefits from de-
signing the algorithms that generate the link schedules so that they take
better advantage of the LET strategy.

From this investigation, we can conclude that LET is the preferable
assignment method for all networks except for networks with a high traf-
fic load of mainly broadcast traffic.

Finally, we have studied the loss of efficiency in terms of throughput
and delay when the STDMA algorithm does not have the full knowl-
edge of the attenuation between all pairs of nodes, but instead only has
knowledge of the two-level graph model of the network. This is im-
portant since STDMA will have its biggest use in a mobile scenario, in
which case knowledge about the full interference environment cannot be
assumed.

The results here indicate that the network performance of the graph-
based scheduling may suffer compared to the interference-based schedul-
ing, depending on the SIR thresholds. Up to one third of the network ca-
pacity can be lost with the more careful graph-based scheduling in order
to achieve collision-free schedules, due to limited information about the
network.

Further work in this area will be necessary if we want to design ef-
ficient STDMA schedules, not to mention a distributed version of the
STDMA algorithm.



Appendix A

Simulation Model

A.1 Simulation Setup

Due to the relaying of packets the statistical properties of the behavior
of the network is complicated, and an exact analytical analysis of the
expected delay is difficult. Therefore computer simulations will be used
in order to determine the network delay [7]. Here we give a more detailed
description of the simulation setup used.

We will first describe how the networks are generated and then how
the basic path loss between all nodes are calculated. We will also discuss
the specific routing and STDMA algorithm that we will use.

A.1.1 Generation of networks

All networks used in the comparison are generated in the following way;
N nodes are spread out uniformly in a sample terrain consisting of mixed
meadows and forest. The center frequency is chosen as 300 MHz, and
antenna heights 3 m. Both communication threshold and reliable com-
munication threshold are set at 10dB.

In the comparisons 500 networks of size 10, 20, and 40 nodes have
been generated with different connectivity. The connectivity is varied by
changing the transmission power for a network. The transmission power
is always set sufficiently high so that it gives a connected network.
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A.1.2 Link Gain

An essential part of modeling an on-ground or near-ground radio net-
work is to model the electromagnetic propagation characteristics due to
the terrain variation. A common approach is to use the basic path-lossLb

between two nodes. The most simple assumption concerning the wave
propagation is that no obstacles appear between the transmitting and re-
ceiving antennas, and no reflection or diffraction exist in the neighbor-
hood of the path between the receiving and transmitting antennas. This
model is the so-called free-space assumption.

Refined assumptions of wave propagation conditions near ground in-
clude terrain-height information and terrain-type information to estimate
the basic path-loss. See Parsons’ [32, Sec. 2.3] for an introductory de-
scription of the problem. In the digital terrain database we have used,
the height is represented as terrain-height samples at equidistant square
lattice intersection points, and the terrain type is one of maximum 256
terrain types such as fresh water, salt water, forest, wet ground, etc. We
assign electromagnetic ground constants such as relative dielectric con-
stantεr and conductivityσ for each terrain type, and we also assign sur-
face roughness for terrain types. Our database has a 50-meter grid for the
terrain-height samples and a 25 meter by 25 meter terrain-type area.

All our calculations are carried out using the wave propagation com-
putations library DetVag-90R©, [33]. Here, we use the multiple knife-
edge model of Vogler [34] with five knife edges. Currently, DetVag-90R©

works with narrow-band signals, i.e., the bandwidth of the transmitted
signal should be of percentage order of the carrier frequency.

With the assumption of omnidirectional antennas, the link gainG will
be equal to1/Lb.

A.1.3 Acknowledgment scheme

Although STDMA scheduling can accomplish the target SIR, this does
not necessary result in all packets being perfectly received, especially if
the target SIR is set low. The noisy channel can cause more errors than
can be handled by Forward-Error Correction (FEC). By using part of the
error-correction capability one can instead use the code to detect more
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errors, and use an acknowledgment scheme to retransmit the packet. This
can be done both on an end-to-end level and on the link level. Which one
is used is usually dependent on the packets-loss ratio.

In our simulations we will assume that for collision-free schedul-
ing, i.e. the target SIR is achieved, we assume that the Forward-Error-
Correction (FEC) can handle all errors on the channel and that we will
have no undetected errors. In these cases no retransmissions will be con-
sidered.

For the strategies that are not collision-free a perfect feedback chan-
nel with no delay is assumed. The only strategy of this type is LET,
described in chapter 4. All the rest are collision-free strategies.

This type of feedback channel is not very realistic, but as will be
seen, LET will be collision-free for high traffic loads, and the effect of
this acknowledgment scheme is small for very low traffic levels when no
collisions occur. Since high traffic load and low traffic load will be the
interesting areas in this investigation, the effect of this assumption is only
a simplification of the simulations. In a realistic scenario, more complex
acknowledgment schemes should be used since STDMA assumes safe
transfer of packets over the links.

For example could an acknowledge scheme similar to the one used in
TCP be used [35].

A.1.4 Traffic model - end to end

In our simulations, we assume that packets are generated by a pseudo-
Poisson process with intensityλ and with a uniform traffic distribution.

We choose Poisson traffic for simplicity and because we want to com-
pare the simulation results with the approximations which assume this
traffic model.
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