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ABSTRACT OF THE THESIS

Dynamic Relay Node Placement in Wireless Networks

by

Jorge Mena

Master of Science, Graduate Program in Computer Science
University of California, Riverside, December 2007

Dr. Vana Kalogeraki, Chairperson

With the current technology, wireless devices have found their place in the life of the

average person. These devices are present in almost every aspect of people's lives to such a

degree that they have become indispensable for business. One important capability that the

user demands is the ability to transmit data in real-time when these devices have limited re-

sources such as short battery life, limited bandwidth, low computational resources and short

transmission ranges. When the usage for such devices increases, a large amount of traf�c is

generated to the point that the user experiences long delaysand/or response times that he or

she may �nd uncomfortable or unacceptable; the shared transmission medium becomes over-

loaded and congestion results. One solution to the congestion problem is the placement of

wireless relays that use distinct portions of the radio spectrum currently unused to divert the

traf�c to a different direction. We present an on-demand algorithm that attacks the problem

of placing relay nodes in regions where high localized congestion is identi�ed. We de�ne the

Expected Transmission Delay (ETD) metric as a weighted average of both the current and

past delay observations over a window of time and is used by the nodes to measure the noise
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levels in the local environment of the node. Our algorithms use a dissemination probing

mechanism to exchange statistical local information periodically and measure the channel

load in the local environment. We provide a theoretical analysis, algorithm description, and

results with observations.
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Chapter 1

Introduction

Recent advances in embedded computing and wireless technology have led to the widespread

use of wireless devices and have found their way into almost every aspect of everyday life.

These include, but are not limited to, cell phones, receivers of television sets, remote control

garage openers, remote controls for home entertainment systems, and sensor devices with

radio communication capabilities. An increasing number ofapplications are being devel-

oped on these platforms. Such applications include emergency response systems, medical

systems, command and control systems, military and surveillance applications. For exam-

ple, in a battle�eld surveillance scenario, a network of wireless sensor devices with radio

communication and sensing capabilities can be deployed to inspect a geographical zone and

identify potential threats in the territory. In a retail store or warehouse environment, RFID

devices can be deployed for ef�cient supply chain management. Sensors or RFID readers

can be used to detect certain events, identify alarms and forward the information to a central

server or to some business application.

It is becoming clearer that the use of a variety of wireless devices will radically in�uence

our lives. However, an increasing usage of wireless communication devices has increased

demand for the communication resource that they all share: the radio spectrum. Unfortu-

nately, given the limited spectrum resource and the increasing demand for the radio spectrum
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by the users, there is an urgent need to improve the spectrum allocation and use. In the

United States, the Federal Communications Commission (FCC) has already identi�ed this

problem and taken action by recently releasing to the publicsome portions of the restricted

radio spectrum as a measure to allocate more resources. However, this measure is still not

enough to ef�ciently satisfy the demand. For example, in a cellular network we often expe-

rience “dropped calls” during high-demand periods in an overloaded network. How we cope

with these problems is the primary motivation of our work.

1.1 Scope of our work

We concentrate on wireless networks that are already deployed and functioning. There are

three types of wireless networks that we consider in this work: sensor networks, ad hoc

networks, and cellular networks; however, these three types have their own distinct charac-

teristics and needs.

In the sensor network on Figure 1.1, we have low-cost deviceswith limited resources,

such as short battery life, limited computational characteristics and short transmission ranges.

These networks work under the idea of disposable hardware, so a hardware failure is not an

issue of major importance. A major limitation of these networks is the high demand of the

wireless bandwidth particularly close to the sink, a well-known problem referred to as the

“funnel effect.” In a sensor network, the sink node is the single destination of all the traf�c

generated at the sensors in the entire network. For this reason, when the sensors generate a

large amount of traf�c, the network experiences a large demand of the frequencies close to

the sink, provoking a decrease in the transmission rate as the data approaches its destination.

This problem has been identi�ed and studied in several workssuch as [2, 42, 43].

Ad hoc networks, Figure 1.2, are wireless networks that do not concentrate on battery

life and usually have better computational resources than the sensor networks; they have

been widely studied in [41, 3, 18, 16, 32, 30, 48, 17, 25, 27]. There are two types of ad
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Figure 1.1: A sensor network covered with relays. In this network, the sensors are the
white nodes, the sink is theblacknode, and the relays are thegray nodes. With two relays
we connect the isolated sensors to the northwest and the northeast with the lightly dashed
links. Assuming that the sink may have at least two interfaces, one interface is used to
connect with the network of relays denoted by the boldly dashed links with the assistance of
a third relay node.

Figure 1.2:An ad hoc network. On this network, we can see that this neighborhood can
make a multi-hop network with their wireless devices. Sincethe devices have more resources,
their coverage range also is more powerful. Ad hoc networks may even cover an entire
metropolitan region or may also be restricted to a �oor of a building.
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Figure 1.3: A cellular network . In this network, users may travel around the cells with-
out disconnecting from the network. The main problem with this network is how one use
switches from one antenna to another. Also, this network hasproblems when users over-
load an antenna with an increasing number of connection requests. This is when we have
“dropped calls.”

hoc networks, static and mobile (MANet). An ad hoc network isusually a self-organizing

multi-hop network that does not require a �xed infrastructure. For example, there are many

“Internet hot spots” in several public places, such as coffee shops or shopping malls, where

the users connect wirelessly to the service. Other examplesare the broadcasting companies

that utilize both microwave antennas for the transmission of their signals and satellite links to

communicate over a larger distance. Ad hoc networks also suffer from connection interrup-

tion or disconnection, mainly caused by a network overload or a hardware failure, especially

if the network is mobile.

A third kind of wireless network is the cellular network; seeFigure 1.3. A cellular net-

work resembles a large infrastructure type network as de�ned in the IEEE 802.11 protocol,

where a group of wireless devices connects to an access pointplugged into a wired network

[6, 6, 4, 37]. The main problem with this type of network is thelimited communication

medium (the radio spectrum). To allocate the spectrum ef�ciently, the network carriers par-

tition their licensed spectrum into smaller portions called frequencies or channels that users
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may utilize. The wireless devices that participate in this network are equipped with single

multi-channel radios that allow them to use any of the channels that the network may cur-

rently have available. In an infrastructure network with multi-channel devices, a network

overload may occur during rush hours when there is a large demand for frequencies in the

cell area covered by the tower (the access point). Since multiple channels are used, a careful

assignment of the frequencies per cell must be done in order to eliminate inter-cell interfer-

ence caused by the wireless devices on an adjacent cell.

1.2 Context and Motivation

Our work is motivated by the poor channel access in wireless networks. Most of the home

or enterprise wireless networks operate under the single-channel, single-radio infrastructure

wireless network using the IEEE 802.11 protocol. This indicates that the wireless device

competes for the shared frequency to communicate with its peers using the CSMA/CA stan-

dard protocol for channel contention. These design considerations were acceptable in the

past due to the unreliable state of the networks, the poor battery life and the expensive com-

ponents used to produce the radios. However, this radio commodity hardware has become

cheaper due to the high advances of the digital signal processing research developed in in-

dustry nowadays; therefore, it is now feasible to design newprotocols that make better use

of the spectrum resources using a larger number of these inexpensive radio interfaces.

Recent works in the literature propose new protocols based on the assumption of inex-

pensive hardware, such as [10, 33, 23, 21, 24, 14, 22, 40, 9]. However, we do not intend to

provide a new protocol. We provide atemporal solutionthat can be usedon-demand, as a

tool for networks that have congestion problems.

We aim to provide an on-demand mechanism that detects and reacts to a congested re-

gion, allocates resources, and reroutes traf�c to temporarily mitigate the problem. Congestion

refers to the network slowdown caused by excess concurrent attempts of wireless devices to
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access the common shared channel. Congestion can be caused by several factors such as

resource unavailability (channels, queues, access points, etc.), topology designs or hardware

failures. We focus on how to identify congestion in the network, and then we act on it.

The problem we encounter is the following: given the dynamicbehavior of the users' traf�c

and the unexpected events of a hardware failure, it is possible that the network may develop

changes in its load that lead to the formation of bottlenecks1. We approach this problem by

providing a distributed mechanism that collects localizedstatistics from the network that are

used to placerelay nodesin the region capable of establishing communication links among

themselves in a non-interfering manner. Our idea is simple,we want to add additional re-

sources to a congested region in the network in order to reroute the traf�c and alleviate

congestion.We want to give a fast solution to the problem while a more permanent solution

can be implemented using additional hardware. Therefore, our work is intended for wireless

networks currently deployed in an application setting. We do not make many assumptions,

but we assume that the devices are organized in an ad hoc network and use the 802.11 proto-

col to operate.

1.3 The need for relay node placement

A relay node, or a node that attempts to provide the additional resources to the network,

is a powerful node equipped with several wireless interfaces2 and able to tune to distinct

wireless frequencies that do not interfere with one another. These relays may collect statistics

observed in a region and act accordingly. A network of relay nodes is capable of establishing

several full-duplex3 connections with other relay nodes and provides better utilization of the

available wireless spectrum because it uses the underutilized or unused frequencies in the

1Data traf�c jam due to a large volume of traf�c.
2We use the termsradio andwireless interfaceinterchangeably.
3A full-duplex connection is one that a node establishes withanother node or nodes in which it may send

and receive at the same time.
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region. Clearly, we believe that relaying technologies areneeded to solve the congestion

problem in wireless networks.

In a sensor network, relays can be used to eliminate congestion by creating additional

paths to reroute traf�c. Relay nodes self-organize into a separate network, changing the

topology of the network and forming links with sensor nodes,to minimize congestion and

improve network performance. Take Figure 1.1 as an example.The black node is the sink, the

sensors are white and the relays are gray; the sensor networkuses a single channel to connect

itself with the sensors while the relays may use orthogonal channels to make the sensor

network fully connected. The dark dashed lines represent communication using orthogonal

channels and the light dashed lines represent the entrance points into the relay network. The

relay nodes may act as virtual sinks [43] that relay traf�c from the origins of the data into the

sink using an orthogonal channel.

Similarly, in the case of a cellular network, a network of relay nodes is useful if the relays

can take a partial role of the cell tower to pick up traf�c and reroute the voice and data trans-

fer from one busy cell to another, less utilized one. Usually, the cell area is represented as a

hexagonal shape, see Figure 1.3, so the entire licensed spectrum is divided into seven groups

of frequencies: one for the cell and the other six for the remaining neighboring cells. The re-

lay network can take the measurements of the environment andadapt its channel assignment

so it uses channels that are not interfering in this region.
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Chapter 2

Background

2.1 Related Work

The literature has several approaches on how to use the channels and interfaces in a wireless

network. Wan in [43] utilizes virtual relay nodes to attack the “funneling effect” generated

at the sink. With an in-band signaling system encoded onto the packets, sensors may dis-

cover new routes through the relays rooted at the sink. If thesink is equipped with several

interfaces, then the created overlay may become completelyindependent of the existing net-

work, thus eliminating interference. We have a similar dynamic behavior with the difference

of the encoding signature byte, which requires a change of underlying protocols and makes

the setting non-standard. We prefer to adopt an improved routing algorithm than change the

underlying packet structure. Zhang [51] studies four related fault-tolerant relay node place-

ment problems and offers a constant polynomial time complexity with a small approximation

ratio. Their work is based on Steiner minimum trees where they try to minimize the number

of relay nodes into a �xed location placement; since we work under a dynamic environment

where the network traf�c varies with time, we found that thisapproach is not appropriate for

our setting. Instead, we focus on covering the regions with high detected localized conges-

tion, rather than maximally cover the entire network. Lloydproposes relay node coverage at
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the initial setup of the network where all the nodes are required to have a path to all the relay

nodes in the overlay network [26]. Lloyd also uses Steiner Trees to minimize the number of

relay nodes. We adopt his method of placing the relay nodes sothat they are evenly placed

on the straight line that connects two points, but we performthis �x dynamically, as opposed

to at the initial setup. Tang et al address our same problem in[39], except that they look

for a fault-tolerance relay network that is 2-connected. Our goals are congestion avoidance

and on-time response, rather than fault-tolerance. Wang proposes a placement of relay nodes

with the characteristic of changing the transmission powerof their radios to save energy and

prolong the life of the nodes in [45]. We assume that relay nodes are powerful enough to

outlast all the sensor nodes before they run out of energy, soan energy-ef�cient mechanism

for relay node placement is not considered in this work.

Florea argues in favor of the use of relays in a cellular network in [11]. He looks for

an optimal number of relay nodes to maximize the aggregate spectrum ef�ciency of the fre-

quencies. He concludes that relay nodes are an essential component to handle congestion in

a network but the number of relays must be minimized to achieve ef�ciency. We do not focus

on �nding the minimum number of relays, but we do take this aspect in consideration by

comparing our approach by a random placement of nodes. CAMA is a complete architecture

in which relay nodes are located on the boundary regions of two cells that try to move traf�c

from the nodes that are located in one cell onto a neighboringcell. The work by Bhargava

in [5] creates chains of relay nodes that start in highly congested cells and end in cells with

underutilized resources. He focuses more on security issues related to this type of architec-

ture than on the relay placement of the nodes. Sreng in [35] provides a study of peer-to-peer

relaying strategies in cellular networks, similar to Bhargava.

Gupta et al. make a pioneering capacity analysis on a single-channel network in [13]

and their work is extended by others in [25, 22, 40, 9, 41, 3]. We base our capacity analysis

on the observations and the work done in the literature. Karenos et al. [19] provide an

9



analysis of congestion based on a queuing model and provide ametric. Our metric is based

on environment readings performed by the nodes based on current and historical data. Draves

et al. in [10] de�ne the Expected Transmission Time in a per hop basis. This metric is

based on the Expected Transmission Count (ETX) from De Coutoin [9], who measures

the forward and reverse delivery ratios in order to compute adelivery probability at any

time t. Our Expected Transmission Delay (ETD) is also a derivationof ETX and differs

from ETT in which we compute the exponential weighted sum of both the present and past

delivery observations, rather than the calculated probabilities. We use a probing mechanism

to measure the delays of the transmitted packets and we use these transmissions to calculate

our ETD values. CODA is a channel load measurement mechanismdeveloped for sensor

networks in [42] by Wan. This work is a milestone in the congestion detection techniques

used. We based our congestion detection techniques primarily on the ideas presented in

CODA.

Yanikomeroglu [50] provides an overview of the characteristics of having both a �xed

and a mobile relaying technology for the cellular networks.Wang presents a study in [46]

on the effect of relay nodes in a sensor network in terms of energy and extension of the

lifetime of sensors. In [34], Sreng studies a coverage enhancement methodology of relay

nodes in a cellular network. He focuses more on channel assignment in the relays where they

are placed where needed. In [49], Wu works on the channel-assignment problem in cells

that experience a large demand of resources. Wang in [44] provides an interesting method

of sensor deployment at the beginning of its setup using Voroni diagrams. Voroni diagrams

provide an interesting approach that may lead to the reduction of relay nodes in our algorithm.

We left his as future work. Srinivasan provides a study of thecontour estimation of a region

of mobile sensors that adapt to the events in the environmentin [36]. In our congestion

detection scheme, we also are required to determine the shape of our region; our work differs

from Srinivasan's in that we use a message mechanism that prioritizes its packets and our

10



nodes are static, rather than mobile. All these approaches aim to provide a solution to the

placement of relays in a network considering distinct characteristics such as channel usage,

energy or geometrical dimensions of the �eld; we would rather focus on the traf�c behavior

and the congestion generated to identify regions where we place our nodes. Therefore, our

work complements and not substitutes that of the previouslymentioned researchers.

2.2 Operations Research

The problem of ef�cient resource allocation and managementis also relevant to Operations

Research. Operations Research is an area of investigation that started with World War II

in Britain. During wartime, the British were looking for improved ways to solve operating

problems such as convoy deployment, anti-submarine operations, strategic bombing, and

other problems relating to the optimum allocation of resources. During the post-war period,

many researchers found that they could apply the techniquesthey had developed to solve

similar problems in both industry or civil development projects.

We based our historical and introductory material on Operations Research from [28, 38,

31, 47, 1]. In [47], Operations Research is de�ned as follows:

Operations research is concerned with scienti�cally deciding how to best design

and operate man-made machine systems usually under conditions requiring the

allocation of scarce resources.

There exist many problems in industry that may be modeled by the techniques developed

in Operations Research. For example, in �nance we �nd investment portfolios and credit

policies; in manufacturing we �nd product scheduling; in marketing we �nd advertising

strategies; in human resources we �nd the proper assignmentof jobs to company workers. In

general, Operations Research provides models for problemssolved in a particular industry

that could be used to solve similar problems in another, totally different one.
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The problem of bandwidth allocation may be modeled also by instances studied in Opera-

tions Research [28, 38, 47]. The problem that we are trying tosolve deals with the allocation

of resources in areas where there is congestion. We can interpret this as �nding saturated

edges in a network with �ows. The relay node placement is a problem composed of two

smaller problems. One is the detection of congestion and theother one is the actual place-

ment of the relay node. The latter problem depends on the former one, so it is important to

solve the �rst correctly. Operations Research provides a well-known model that can describe

the congestion detection problem: the maximal-�ow networkmodel.

The maximal-�ow model describes the problem of how to allocate resources in a weighted

network in order to maximize the throughput delivered between two destinations. We can

adapt this model to solve the congestion problem as follows:If we set up the network that we

study as de�ned in the maximal-�ow model, we can look for locations where an excess �ow

injecting data �nds no more resources. The model uses cuts that measure the total amount

of traf�c that can cross the cut. Cuts that are overloaded (orcuts that must allocate more re-

sources to move data across the cut than the resources currently available) can be considered

as a bottlenecks of the network; therefore, their location is saved. If the �ows are known a

priori (by studying the traf�c patterns of the network), it is possible to anticipate congestion

at locations prone to form bottlenecks. The relay node placement follows the model provided

above. Our algorithm requires only knowing the congested region that we need to “patch”;

the placement problem is based on geometrical analysis.
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Chapter 3

Network Model

In this section we present our system model and the assumptions we used in our approach.

3.1 The System

We consider a wireless ad hoc network withn nodes that are arbitrarily located in a 2-

dimensional plane with known geographical locations. Eachnode is equipped withm in-

terfaces capable of transmitting and receiving data using aradio channel1 from a pool of

orthogonal channels available in the device's environment. The interfaces are assumed to be

half-duplex with a radius of coverager ; thus, full duplexity is achieved by using two inter-

faces: one that transmits and another that receives simultaneously on the same device and

uses distinct frequencies to avoid self-interference. We also assume that the band of frequen-

cies has a total bandwidth ofB and it is broken intoC orthogonal channels with equally

individual bandwidthbmagnitudes; in other words,

CX

c=1

bc = B (3.1)

1We use the termschannelandfrequencyinterchangeably throughout the text to refer to the shared commu-
nication medium used by the wireless nodes.
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Also, we assume that the number of frequencies is bounded by the number of channels

from above as

1 � m � C (3.2)

A node is able to tune its interfaces to any one channelc to generate a transmission sig-

nal that another listening interface in the neighboring node tuned on the same channel may

receive and decode. However, we prefer that once the channels have been assigned to the

interfaces, they remain tuned for an arbitrary long time to avoid the accumulated delay in-

troduced during the hardware channel retuning. With today's commodity wireless cards, the

time required to retune an interface is on the order of tens ofmilliseconds [21]; thus, a high

demand of channel retuning may introduce unnecessary complexity to control a potential in-

ef�cient channel-switching behavior. Also, at the setup phase we assume that a node is either

statically assigned channels to its interface, or algorithms such as these [48, 30, 29, 7, 32]

perform the channel assignment. Therefore, we further assume that there exists a method for

the initial channel assignment; this is important because our goal is not the channel assign-

ment but the placement of relay nodes. We take the network with its existing initial settings

and traf�c behavior, identify the congestion hot spots and bottlenecks, and then divert the

traf�c, on-demand, to relieve these areas.

Each node is characterized by its transmission range,r . We de�ne thetransmission

range of a node as the distance from the transmitting node to the farthest point where its

signal may be decoded by another before the signal degrades into noise; we deduce that this

range is �xed since we are assuming that the interface cards in the wireless nodes use a �xed

power magnitude. We also let� be theguard regionthat surrounds the transmission range to

account for the degraded signal that has become interference noise for local nodes attempting

to perform transmissions in the surrounding environment. Therefore, a transmitting node

introduces interfering noise to the environment in its interference range with radiusr + �
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Figure 3.1:Noise region of a node. Two neighbor nodes within their transmission range
distancer and their interference ranger + � . In this network, node 1 transmits and the noise
produced by this node can be detected within its interference region.
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every time it transmits, as we can see in Figure 3.1. For simplicity, we assume that other

physical characteristics such as the transmission power and signal gain stay �xed; thus, the

transmission range and the guard region are also assumed constants.

3.2 Communication Graph

We adopt a similar model as in [40] to represent our wireless network of nodes2. An undi-

rected graphG(V; E) represents the network, whereV is the set of vertices, or the nodes of

our network, andE is the set of edges, or communication links. Also, we associate a set of

channelsCu to each nodeu to represent the channels that this node is currently listening on,

andCu is a subset ofC, the set of channels that the wireless nodes can listen on. Also, we

abuse the notation a little by saying that the geographical location of a vertex in the graph is

v on the 2-dimensional plane, and the Euclidean distance thatseparates two vertices in the

graph,u andv (or nodes in the network), isd(u; v).

To properly model our network, an edgee = ( u; v) belongs to the setE if the following

is true:

1. d(u; v) < r

2. Cu
T

Cv

In other words, two wireless nodes perform a link establishment if they are within their

transmission range and they have a common channel to use.

This model adds more functionality to the network compared to the traditional infrastruc-

ture model or the single-channel ad hoc network available incommon commercial products

today. One functionality that we exploit in this work is the establishment of full-duplex con-

nections among nodes. Since our model is limited only by the number of hardware radio

2We may also use the termsCommunication Graphandwireless network of nodesor simply networkto
refer to the same concept.
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Figure 3.2:Communication Graph. This multi-channel network may be seen as two single-
channel networks using each one of the non-interfering channels 1 and 2. The resulting
networks are (1, 3, 4, 5) transmitting on channel 1 and (2, 3, 4, 6) transmitting on channel 2;
nodes 3 and 4 use both channels.

interfaces (and these by the number of channels they can listen to), it is easy to see that one

node may use one interface to listen to traf�c on one channel while it transmits using another

interface tuned on a distinct channel. Also, and more importantly, the use of distinct channels

creates an abstraction of network connections on the network distinguished by the channels,

as depicted in Figure 3.2. In this �gure, we can see that this multi-channel network of six

nodes may be broken into two single-channel networks (1, 3, 4, 5) and (2, 3, 4, 5). Moreover,

these are non-interfering networks since they both transmit under two distinct channels, say

1 and 2, with nodes 3 and 4 listening on both channels.

3.3 Relay Nodes

We de�ne arelay nodeas one that is newly introduced into the network to divert traf�c out

of a region. These relay nodes are multi-interface, multi-channel wireless nodes that form

networks on top of an existing network to create an alternative path across a geographical

area, with entrance and exit points that connect to the network underneath that uploads and
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Figure 3.3: Communication Graph with bottlenecks. In this graph we have two traf�c
sources at nodes 1 and 3 with their respective destinations at nodes 2 and 4. Node 5 forms a
bottleneck since it has to divide its resources between the two �ows that pass through it.

Figure 3.4: Communication Graph with relays. This resulting graph shows a potential
solution for the bottleneck in the previous �gure. The �ow from node 1 is diverted through a
network of three relay nodes that connect with the underlying network using channela and
connect among themselves using a non-interfering channelb.
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downloads traf�c. In essence, we are creating detours for the traf�c from one region to

another. For example, in Figure 3.3 we have a single-channelnetwork with two traf�c �ows:

one from node 1 to node 2 and another from node 3 to node 4. As we can see, node 5 creates

a bottleneck if the traf�c �ows are intense; thus, nodes in the path to node 4 may experience

large delays and drops caused by the competition for the resources of node 5. In Figure 3.4

we show how we can create a detour for one of the traf�c �ows using a network of relays.

These relays form a path that connects nodes 1 and 2, with entrance and exit points at the

respective locations of the participating nodes of the underlying network, but using a distinct

channel to communicate among the relays themselves. This method does not require any

change of the underlying network because the relay nodes maytune one of their interfaces

to the channel that this network uses at its entrance and exitpoints while it forwards traf�c

among the relay nodes themselves using another non-interfering (orthogonal) channel. This

effectively eliminates the bottleneck as well as decreasesthe channel interference among the

transmissions. Moreover, it adds more resources to a network that shows a high demand of

channel utilization.

3.4 Wireless Node Interference

Two wireless nodes interfere with each other when they both simultaneously access a com-

mon channel within their interference range, causing theirtransmissions to collide and forc-

ing the CSMA protocol being used to back off and start again. When the nodes are within

their transmission range, the CSMA protocol takes care of this problem, but when they are

farther apart in their interference range, the hidden node problem occurs as described in the

IEEE 802.11 standard.
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Chapter 4

Metrics

We now introduce the metrics we use in our work. In general, these metrics are measurements

of local criteria at the node level in the network. This is important because we assume

that there exists no centralized location to provide the overall statistics of the network, so

our distributed algorithm must use the available information that the nodes have currently

detected in their environment.

4.1 Routing

Many routing protocols have been proposed in the literature, such as DSR and AODV. AODV

is a distance vector algorithm that disseminates routing requests onto the network in an at-

tempt to �nd the �rst path towards its destination, and in most of the cases, the resulting path

selected is the shortest path. Moreover, AODV maintains routing tables to remember the

currently known paths towards a location; this feature is useful in case of link failures. Since

AODV is a popular routing algorithm, we chose to adopt it in the selection of routes in the

underlying network.

In networks where we may use distinct channels to establish connections among the wire-

less nodes (such as the relay node network), the use of one channel may be preferable to the
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use of another one in any one hop. In such cases, we assume thatAODV recognizes those

multiple connections at any hop as distinct, so in the event that a node receives a route request,

it broadcasts the request on all its channels available.

There are more protocols in the literature that may have a better approach; however, this

constitutes a research question in itself. We do not �nd any problems in the use of a distinct,

more appropriate, routing algorithm in our work.

4.2 Expected Transmission Count (ETX)

The Expected Transmission Count (ETX) is a metric that we adopt from [9] and that has

been adopted by others in [10, 23, 21, 24]. The ETX of a link in acommunication graph is

the predicted number of transmissions required to transmitover this link, including retrans-

missions [9]. Basically, a node may attempt to transmit using any channel that it assumes

will be heard by a node; however, it may be possible that thereexists a “hidden node” in the

neighborhood that collides with the signal. The contentionprotocol (CSMA/CA) will detect

the collision and perform an exponential back-off. This is acase where the transmitting node

will retransmit; this situation needs to be accounted for due to the excess use of resources

(the channel time) that the transmitting node's peers may not have or use concurrently.

The calculation of ETX is done by measuring delivery ratios.To calculate delivery ratios,

the nodes send probe packets at an average period of� seconds. Each node remembers

the number of probes received from each neighbor for a periodhistory time ofw seconds.

Therefore, the delivery ratio is calculated as follows:

r (t) =
count(t � w; t)

w
�

(4.1)

wherecount(t � w; t) counts the number of probes received from each neighbor nodeat

a timet in a window history period ofw. The denominator is the mathematical maximum
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number of probes that can be received in the window timew at a rate of one probe per�

seconds. The following observations must hold:

� � < w

� w
� is the maximum number of probes that can be sent in the periodw

� delivery ratio = 1 if no retransmissions occur

� r (t) � 1

With this notion, we can now calculate ETX as follows:

ETX =
1

df � dr
(4.2)

wheredf is the forward delivery ratio anddr is the reverse delivery ratio. Theforward

delivery ratio is de�ned as the measured probability that a data packet successfully arrives

at a receiver Y from X. This measurement is recorded from the perspective of node X and is

obtained by the following:

df = AVG f ru(t) : u is a neighbor of Yg (4.3)

whereru is thedelivery ratio at any timet, as de�ned above. In other words,df is the

average measured probability of the advertised probes received by Y.

dr = r (t) (4.4)

The reverse delivery ratio from a sender Y to X is the probability that an ACK is

successfully received by X. In other words, Y will send an acknowledgment packet back

to X when X attempts a transmission; the reverse delivery ratio measures the number of

times that Y needs to transmit an ACK back to node X. Since X expects its probes to be
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acknowledged, then they are also associated with the transmission period� , so X can easily

measure the number of ACKs received from a neighbor Y.

Some assumptions and observations made with ETX:

� Initially, dr anddf are zero.

� ETX is the predicted number of required transmissions to successfully deliver a packet
from node X to Y.

� ETX � 1

� A larger ETX value implies a large number of retransmissions, which adversely affects
the link's delivery time and throughput.

The following characteristics make ETX a much more desirable metric than shortest path:

1. Based on delivery ratios. This directly accounts for the elements that affect the link's
throughput.

2. Takes care of asymmetric links. A link's forward transmission may not be the same as
the link's reverse transmission; ETX takes care of this withthe delivery ratios.

3. The use of link-loss ratio allows us to identify low-quality hops.

4. ETX penalizes routes with a large number of hops.

5. ETX tends to minimize spectrum use, which maximizes system capacity.

A probe may be delayed due to a large queue utilization or highcontention of the channel.

In this case, actual data or control packets will also be delayed. A hop with such character-

istics would have a large ETX value in most of its links; thus,it would be observed as an

undesired hop to connect to in an attempt to discover a routing path. Also, the 802.11 proto-

col suffers from thehidden node problem. This problem may delay the delivery of probes

in case of a collision; however, this fact is an indication ofthe presence of high demand on

the channel resource in a region.
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The simple use of this metric suggests that a routing path would have a cost composed of

the arithmetic addition of all the link's ETX values that it is composed of:

P C =
X

i 2 P

ETX i (4.5)

Each time the path with the smallestP C will be chosen; therefore, a route would prefer-

ably use a small number of hops since the next hop will add up its ETX value (ETX � 1)

to the route measure. This implies that routes with the leastnumber of hops will be chosen,

but not all the time, as we may �nd cases in which a shorter pathcreates a higher end-to-end

delay than a longer one.

The minimal use of spectrum is caused by the reduced use of hops in the routing paths

chosen. This invariably reduces utilization of resources (channel time), and thus reduces in-

terference. In our work we pretend to add more capacity by theutilization of those resources

underutilized in the network. Although ETX will help us minimize the spectrum used, we

pretend to utilize temporarily that unused spectrum in a region with high demand for channel

utilization.

For more information on ETX, we refer the reader to [9].

4.3 Expected Transmission Delay (ETD)

The ETD represents the delay time required to transmit a packet of variable size to a neighbor

hop. This metric is a measure of time with the probability measure of ETX. It is similar to the

ETT metric proposed by Draves et al. in [10], except that theyuse a �xed, prede�ned packet

size and bandwidth to obtain the expected time to wait for a packet to travel to the next hop.

Our metric assumes that the nodes are time synchronized; forexample, they can use the

GPS network to synchronize their clocks. Using the probing system of the ETX metric above,

the probes contain a time stamp of the time that they were serviced and sent to delivery. When
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the probe arrives at its destination (either broadcast or ona direct link), the receiver takes a

time stamp on its arrival. The difference in time is what we call the per-hop delay that the

receiver of the packet had to wait. Notice that this delay takes all the retransmissions, channel

contentions, and queue service delays into consideration.

The metric is calculated as follows: Every time a node receives a packet, be it a probe,

data or control packet, it knows the hop delayd(t) that this packet experienced to get to this

node. This delay is kept and averaged on a per-link basis as follows:

D ec =
P

d(t)
k

; t < w (4.6)

wherew is the window history time that we use to average the last seendelayed packet

arrivals on edgeec using channelcat timet, andk is the number of packets currently received.

This average time tells us the past observations of the delaythat have occurred. The new

ETD is the weighted average of the sum of the past ETD and the current average delay time

recorded, as follows:

ETDec (t) = � � Dec +(1 � � ) � ETDec (t � 1) (4.7)

In this metric we use both the past observations and the current average delay observa-

tions seen by the node. We prefer this because we are looking for indications of potential

congestion, and it is the case, as we will see in the next section, that congestion occurs, in

general, with a period of instability with the delays observed caused by the sudden drop of

packets. These events are the ones that we are trying to identify so that our algorithm takes

action. In [9], De Couto argues that delay observation is notenough to identify a path as bet-

ter than another one because instability may cause oscillations in the decision. With this in

mind, we use the tunable parameter� to emphasize the desired parameter. An� that is closer

to 1 puts more weight in the recent history, and thus, a greater weight on instability measures;
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with an� closer to zero, the metric becomes heavily weighed on the past measurements.

4.4 Drop Count

Our nodes also keep a count of the number of dropped packets observed over the same history

window timew. We count those packets that were dropped for any reason, be it a collision

or queue drop, and we record it. We keep the drop count in a sliding window, so that as

time progresses, those drops that occurred in a period of time larger than the windoww, are

outdated and not taken into consideration.

We use the drop count statistic as a supporting indication for a bottleneck or a congested

link and that the node that registered is on the path towards this region. Usually, when conges-

tion occurs, a ripple effect occurs in the surrounding regions where the congestion is actually

happening. A node that forwards packets might drop them due to a high contention of a

channel or due to a hidden-node problem, in which case a retryis performed. Subsequently,

the node may experience an abnormal increase of its queue size, which eventually causes it

to over�ow, resulting in queue drops.

4.5 Path Cost

To measure the effectiveness of our algorithm, we use the path cost calculation to compare

two routes. Our work intends to “patch” an existing route with relays to move traf�c out of

a congestion zone. These relays are placed on the 2-dimensional plane where the existing

network is operating and use channels that are currently notused in this region. We are

more interested in the location of the relays, as the problemof channel assignment is another

research topic that can be looked up in [48, 30, 29, 7, 32] and in the literature.

We �rst start by de�ning a path. A pathP of lengthk from nodeu to v is a sequence of

verticesf v1, v2, ... , vkg in the graphG = ( V; E), such thatu = v1 andv = vk and (vi � 1, vi )
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2 E for i = 1, 2, ... , k.

u P! v

Let (u, v) 2 E, then the weight (cost) of using this path is

P C =
X

ec2 P

ETDec ; 8c 2 C (4.8)

wheree = (vi ; vi + 1) 2 P, or e is an edge inG(V; E) or a hop in the pathP.

BCc is the cumulative delay of the bottleneck channelc in the path, and it is obtained as

follows:

BCc = MAX ec2 P [ETDec ]; 8e 2 P; c 2 C (4.9)

In simple words,BCc is the maximum ETD value recorded in the path for a hope using

channelc. This value represents the minimum delay time that is spent if this path is used

on some or all the hops tuned on channelc. This is important because even if all the other

channels have a considerably smaller valueBC, the overall end-to-end delay of the path is

dominated by the channel with the largest cumulative delay.For example, given a constant

packet size for a �ow, the rate of the �ow is dominated by the longest delay that the hope

requires to move one packet across.The path cost equation is the cumulative sum of all the

ETD values recorded by the nodes on their links with their peers that constitute the pathP,

and the bottleneck channel provides the minimum delay that this path will experience in the

transmission of a packet. Therefore, one path is determinedto be better than another one by

a simple comparison of their values.
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Chapter 5

Problem Formulation

5.1 Description

We address the problem of determining the geographical placement of relay nodes in the

2-dimensional plane on regions identi�ed with high localized congestion. Our goal is to

investigate the actual location of the relay nodes and the shape of the newly created over-

lay network. The overlay network is a network of relay nodes that is capable of using the

underutilized orthogonal channels in the congested regionwith the use of its several radio

interfaces capable of establishing full-duplex paths. These paths are the new resources that

we try to add to the underlying congested network in an attempt to move some of the traf�c

that congests it out of the region. We work under the assumption that there exists a limited

number of orthogonal channels that any node, be it regular orrelay, may tune to at any time.

Also, we assume that we have a large number of relay nodes at our disposal; although we do

not impose a limit on the number of relays that we have available, we try to use the smallest

number of relay nodes possible. When the locations are determined, we assume that a robot

or the mobile nature of the relay node can place the node in location, but then the relay node

becomes static until it is not used anymore. Overall, the network of relay nodes pretends

to introduce new routing paths formed of non-interfering channels, pick up traf�c from the
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entry points of the underlying congested region, and drop off traf�c at the exit points of this

underlying region.

In order to place a new relay node, we �rst need to identify thelocation where it is needed.

After the congested regionCR is identi�ed, we want to make sure that we cover all the

entry nodes that participate in adding traf�c load to the congested region. We assume that

the channelc is the congested shared resource that a nodeni uses and transmits in a range

of r with an interference disk range of� . Therefore, the node will induce its interfering

noise within a radius ofr + � . When a node in the (underlying) network receives more

traf�c load than it can handle, we say that this node becomes abottlenecknodenb. If the

routing algorithm is not capable of �nding alternate routes, it may overuse existing routes

formed with bottleneck nodes, thus exacerbating the problem and creating a larger region of

congestion. With relays, we try to reverse that tendency by moving part of the traf�c load out

of the region.

When a node transmits data to its destination, a routing pathis determined and a �ow of

data is established. A �ow that passes through a bottleneck nodenb is one that has a pathP

such thatnb belongs to this path. For example:

ni ! ::: ! nb ! ::: ! nj

Recall thatETD ec is the expected transmission delay of an edgee = ( i; j ), composed

of the transmitting nodeni and the destination nodenj using a channelc. This value is an

expected measure of the transmission time required to transmit one data packet from node

ni to nj , including retransmissions due to collisions or queue drops. The measurement starts

from the moment the data packet is introduced in the output queue to be routed, to the moment

it is received on the other end in the same layer. When channelutilization increases, the node

will experience high delays when transmitting a data packetof average sizeL on any of its

hops due to queue size or the back-off algorithm of the CSMA/CA contention protocol in the

MAC layer. Each node in the network keeps these values and they are available on demand.
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5.2 Relay Nodes

A relay node nr is a multi-channel, multi-interface node that can establish full-duplex links

and can collect statistics of a region in order to determine which channels it should use to

avoid interfering with the existing network. Since a relay node is multi-channel, it may

tune to the currently congested channel to pick up or drop offtraf�c at the entry nodes and

transport it with other relay nodes using an available non-congested orthogonal channel. This

way, the relay node network will introduce new routing pathsto a congested region in an

attempt to “patch” the network or “detour” the traf�c and thus decrease the current levels of

congestion.

5.3 Formulation

We proceed now to formulate our problem. LetYn i ;c be be de�ned over the discrete values

[0,1] that indicate if the nodeni is currently tuned to channelc. We use this variable to

denote what channels are currently used or not used in the region. Also, for a single-channel

network, most of the values are zero, as only one channel is used in the network, but it may

be the case that the network is a multi-channel one. However,relay nodes use these values to

establish their routing paths and to identify which nodes are using the congested channel so

that no relay node is placed within their interference range.

Let Z be the set of relay nodes that form an overlay network that is connected to the

networkN of nodes.

Let f denote a �ow of data from a start noden0 to an end nodenk over a pathP of length

k.

Therefore, we want to solve the following problem [27, 15, 8,28, 1]:

Minimize
P

ec2 E ETD ec c 2 C

Subject to the following constraints:
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0 �
L

ETD ec

� �( ec) (5.1)

Yn r ;c = 0 if dist(nr ; CRnb) < r + � (5.2)

f nr 2 Z : 9Pn0 ;n r AND 9Pn r ;nk g; f = ( n0; nk) (5.3)

whereN is the set of nodes (or the graphG = ( V; E)), andc is the currentcongested

channel at the location ofni . The value�( ec) represents the total channel capacity available

in the neighborhood ofni ; this value is properly de�ned in the Capacity Analysis in the next

section. nb is the bottleneck node that covers the regionCR that we are trying to relieve,

andnr is a new relay node added to the set of relay nodesZ (or the overlay network) that is

used to form pathsPR that try to mitigate the congestion inCR. The nodesn0 andnk are

thestart andend entry nodes of the regionCR for a passing �owf that uses nodenb in its

path. These nodes meet the following conditions:

dist(n0; nb) > r (5.4)

dist(nk ; nb) > r (5.5)

Notice that we do not have the constraint that all the traf�c that enters the region must

exit. The reason is that traf�c may be dropped along the way and retransmission is required

or duplicate packets may be received. We constrain the residual rate of transmission, which

is the average packet size sent through the hop at an expectedtransmission delay ofETD ec

on the linke tuned on the channelc.

Basically, we want to add a new route of relay nodes to rerouteenough traf�c load that

approachesCR before it arrives at the bottleneck node or a congested node.When the traf�c
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has crossed the distancer + � closer tonb, it is already late to reroute the traf�c because the

nodes still need to use the shared channelc to communicate with the neighbor relay nodes if

rerouting is attempted. It may be the case that the traf�c originates from a node closer tonb

or inside the regionCR; in this case, we prefer to reroute other �ows and let this particular

�ow use the network.

The above constraints have the following meaning:

1. Constraint 5.1 refers to the residual capacity of a linkLET D ec
. The residual capacity is

limited by the capacity of the link�( ec) from above. With an increase of theETD

in the link, the residual capacity will approach zero (asETD increases with a static

average packet sizeL), and thus, the channel will become overloaded.

2. Constraint 5.2 refers to the placement of a relay outside the interference range of any

congested node. A relay nodenr placed inside any region must beconnected(through

a path or relay nodes) to the entry points that participate inall the �ows f 2 CR that

the relay node is trying to reroute such that the relay node isplaced at a distance of at

leastr + � units away from any congested node in the region.

3. Constraint 5.3 refers to connectivity of the relay node network. For any new relay node

nr 2 Z , there must exist a path that connects an entry source noden0 to the relay node

nr and another path that connects the relay nodenr to the exit destination nodenk for

data that belongs to the �owf = ( n0; nk):

One last thing that we need to address is the issue of one of therelays becoming a bottle-

neck. We assume that these nodes that become bottlenecks maybe treated the same way as

the ones we �x in the regular network; thus, we can �x them using the same approach until

we run out of channels. In this case, the total capacity of thenetwork is completely used with

a high percentage of resource utilization.
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Chapter 6

Identifying Congestion

In this section we de�ne the termcongestionand identify the regions where a node or a group

of nodes forms a congested region.

6.1 Capacity Analysis

We work on a wireless network that uses the radio spectrum of frequencies as the medium for

link establishment. We initially assume that this is a shared resource and has a �xed band-

width B. This means that there is only so much data that can be encodedonto the frequency

used on the spectrum. We de�ne theraw capacity of a channel as the total bandwidth avail-

able per channel that may be used at any one time by any one node. This means that any

wireless node that gets a slot time to use the channel, this node will utilize the full capacity

of the channel. However, since this is a shared resource, there exists a competition for the

resource, and the channel utilization starts decreasing inef�ciency. For example, if we take

as a reference the throughput perceived by a receiving node from another node that monop-

olizes the channel, we would �nd that the raw bandwidth (the capacity of the channel) is

always bigger than the magnitude of the observed throughput; this is caused by the overhead

of the CSMA/CA protocol to provide fair use of the channel if other nodes in the vicinity of
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this region want to utilize the same channel as well. If another node does want to utilize the

channel, both the original transmitting node and the neighbor node then use the channel, thus

decreasing further the observed throughput of the originaltransmitting node.

The problem is exacerbated when we have thehidden-nodeproblem present. This hap-

pens when from the perspective of a transmitting node, as it attempts to utilize the channel to

put a packet on the channel, another node farther away from its transmitting range, but still

within its interference range, attempts to transmit at the same time. This can happen because

both these nodes are not within their transmitting range, sothey may never directly contact

the other for an agreement on how to use the channel. Each node, believing that it is alone,

puts a packet on the channel, but their signals get mixed up inthe air, causing the signals

to become unintelligible; this is what we mean by the termcollision. Collisions set off the

timers of the MAC layer and a back-off algorithm gets triggered; all this only increases the

overhead, reducing the observed throughput.

Now depending on what speci�cations are required in the network to be maintained, such

as QoS requirements, the capacity of the network may vary. For example, we may say that the

capacity of the network measures the number of �ows that can pass through any wireless node

without incurring drops; this de�nition obviously dependson the rate at which each source

node introduces traf�c into the network. Another de�nition, as proposed by [13], de�nes

the capacity of the network as a relationship between the rate (throughput) and the distance

that one bit of data travels on the network. We prefer to use a reference parameter that

depends on the number of neighbors in the neighborhood. For example, suppose that we have

two nodes establishing a link and transmitting data across the channel. Assuming that there

exist no signi�cant sources of external noise or temperature that degrades the transmission

signal faster, and assuming that both nodes use a perfect scheduling for turns to transmit

(thus avoiding the overhead of contention), then these nodes would potentially use all the

bandwidth that the channel may offer. However, there is still self-interference (since the
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link is not full-duplex unless the nodes use at least two interfaces where one is dedicated

for sending and another is for receiving), which is inevitable, as well as the interference of

the node's remote, hidden neighbors (caused by their attenuating signals still present in the

neighborhood) in the network.

Thus, we de�necapacityof a channel as the fraction of the total raw bandwidth available

for use in the vicinity of the node. The available bandwidth depends on the number of nodes

located in the vicinity of the node that is analyzed as follows:

�( n) = O(
B

q
N (n)

) (6.1)

whereN (n) represents the neighbors of the noden. This value indicates that the capacity

available by a noden is dependent on the number of neighbors ofn that are actively con-

tending for the same channel. The raw bandwidth has a natural �xed capacity that depends

on the physical characteristics and coding of the signal; however, this �xed capacity must be

shared among the nodes that transmit within the interference range of the area in question,

thus proportionally reducing theperceivedcapacity of the channel. This is an adaptation

from the classic work of Gupta et al. in [13].

With this de�nition of capacity, we have obtained a reference parameter that we can use

to determine if we have a congested region or a bottleneck node. We say a node is congested

if all the following is true:

� The observed throughput is signi�cantly lower than the capacity of the channel.

� The drop count readings indicate a large number of retransmissions in the area.

� There exists a large variance in the ETD metric observed overa hop that uses the

channel.
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� There exist drops caused either by packet collisions or queue over�ows1.

First, it is important to mention that there exists no �xed threshold to make any one point

true or false. All these parameters are user dependent and their tuning will re�ect on what is

determined as congested or not. The determination depends very much on the requirements

of the network.

The �rst bullet point refers to the shared portion of the bandwidth that the tested node is

actually using. A low utilization caused by high demand of the channel is a clear indication

that there exist several neighbors that are also requestingthis channel. The second bullet

point refers to the number of retransmissions required to deliver a packet from one hop to

the next. The drop count keeps track of the number of retransmissions done in the sliding

windoww, and as this value increases, the probability that congestion is occurring increases

as well. Instability at the queues is another clear indication that congestion is occurring.

When a node over�ows its transmission queue, it dumps all thepackets off its queue and

restarts at normal behavior; this causes long delays on packets stuck in the queue that are later

dropped. Suddenly, the congested node becomes resource available and its acceptance packet

latency suddenly drops until the queue �lls up again. This unstable behavior is therefore a

clear indication of packet drops and high demand of the channel. Last, as mentioned in the

previous point, is the number of drops, which requires no further explanation.

6.2 Local Congestion

Now we turn to the localized congestion.Local congestionis one that happens in a close

region composed at least of the bottleneck node and its neighbors. The area is de�ned by the

1The networkG = ( V; E) may also be represented as a network of queues, in which the input transmission
rate must never exceed the output transmission rate of the node; otherwise, the node will accumulate packets
waiting to be serviced until the queue over�ows. For more information, we refer the reader to [12, 20].
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Figure 6.1:Localized congestion with bottleneck nodes. Two regions, A and B, exchange
traf�c through the region R, where congestion may be presentdue to the bottleneck nodes
shown in black.

disk area with radiusr + � . As can be seen in Figure 6.1, the two bottleneck nodes observe a

high demand of the channel resource to move data from region Ato region B. In this area, it

might be preferable to have a third route that can connect thetwo areas with non-interfering

channels and relieve the two bottleneck nodes that cover this area in an attempt to distribute

the traf�c. In this �gure, R is the region that we say has local congestion; it is a connected

component in which all the nodes are congested or are bottleneck nodes.

Connected components induce interference among themselves while transmitting; see

Figure 6.2. Here we have a chain network of �ve nodes, where node 1 attempts to send data

over the chain to its destination node 5. Since they are both out of range, node 1 runs its

routing algorithm and �nds this route. Immediately, it starts sending its data to node 2; this

node in turn forwards the packet to node 3, and so on until the packet reaches the destination.

Now if we assume that the� value is equal to ther range, then the interference range of

the node is at least twice as large as its transmitting range.This means that when node 1

transmits, both nodes 2 and 3 cannot transmit, thus reducingfurther the throughput of the

network. When node 3 transmits, no other node may transmit atall; compare this when node
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Figure 6.2:Congestion in a chain path. In this simple chain network, we observe that when
node 4 transmits to node 5, node 1 cannot transmit to node 2 because node 2 is within the
interference range of node 4.

1 transmits and node 4 may also transmit without interference. This example demonstrates

how the congestion problem is created in a local region.

6.3 Congestion at the Sources

Another characteristic effect of congestion is the congestion at the sources. In Figure 6.3,

we have a network with two regions, namely, regions A and B. Wepointed out a path that

connects a sender node 1 with a receiver node 2; however, a portion of this path is also utilized

by the two regions in their communication paths. This may lead to a potential congested

region denoted as region R. Due to high demand of the channel in this region, neighboring

nodes that connect to some node inside region R may experience a large delay in sending a

packet across this region; therefore, its queue may �ll up until the queue starts dropping its

packets. This may cause a ripple effect back to the source that injects these packets onto the

path. One portion of the path has a high number of packet duplicates trying to get across the

region R while the other portion is scarce of packets. This, of course, may cause congestion
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Figure 6.3:Congestion at the source nodes. In this network, node 1 transmits to node 2
through a local congested region R. Since node 1 is the source�ow, all the intermediate nodes
between this node and the region R experience large packet drops while the nodes from the
region R to the destination node 2 experience a short packet supply.

in their regions that may grow bigger if not attended.
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Chapter 7

Relay Node Placement

The placement of relay nodes starts with the detection of thecongested region that will be

“patched”; this task is performed by aheadnode that collects the region statistics and exe-

cutes the relay node placement algorithm. When a node �nds that it is congested, it assumes

the role of the head of the region. All the nodes that experience this problem start scanning

their environment as well; that is, they start the local statistics they keep and look up their

histories in order to determine the existence of instability that can trigger the placement of

relay nodes. The basic idea is to determine the local region of congestion that forms a bottle-

neck in the network so that we can introduce new resources in the form of new route paths,

thus “patching” the network with these new relay routes.This region of congestion is a sub-

network of congested nodes in the overall network, and we want to designate one of these

congested nodes as a head in charge of the determination and placement of the relay nodes

using the information received by the rest of the neighbors in the region. Once we determine

this region, we can proceed to patch it.
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7.1 Identifying Congestion

Before any placement of relay nodes is done, it is necessary to �rst detect the congested

region. This region is the one that we intend to “patch” by providing more resources in the

form of routing paths. This task is performed by aheadnode that is selected to be the leader

in charge of the region and which eventually runs the relay node placement algorithm.

When a node is congested, it assumes the role of the head node.Then it starts a messaging

protocol to identify all its congested neighbors. Every node that is congested assumes that

it is the head node of its region; however, as the messaging protocol continues, congested

regions are merged until no new neighbor is congested. At this point, the messaging stops

and the remaining head node knows the dimensions of the congested region.

A node is congested if:

� There is a large variance in the ETD metric observed when transmitting packets in

the neighborhood. An oscillating ETD metric is a good indication of instability in the

network, which is a clear indication of congestion. The ETD metric is kept in a window

sizew in order to eliminate outdated events.

� Drops exist. Drop count is used to corroborate the previous observations. When the

channel experiences high traf�c load, transmissions usually suffer from collisions and

queue drops. We keep this value per window sizew in order to prevent outdated events

from affecting current decisions.

In summary, a node is congested if the spread of its ETD metricis large during its window

w and if there exist drops.
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Algorithm 1 Relay Node Placement
Input: Region of congested nodesC
Output: None

� Compute the Convex Hull of the congested nodes set C.

� For each frontier node in the Convex Hull:

– Find the non-congested neighbor nodes of the frontier node that introduce traf�c
to the congested region.

– Use theCoverRegionalgorithm to cover with relay nodes the region composed
of the frontier node and all its neighbors. Let this set of relays beR.

� Compute the clusters of the setR using K-means with a valuek = size(ConvexHull ).
Let this set of relay clusters beCL.

� While the size ofCL > 1:

– Get cluster with the smallest size,cl1.

– Get the closest clustercl2 to cl1.

– Join these two clusters with theCoverW ithRelays algorithm by adding relay
nodes on the straight line that connects the closest two relay nodes in these two
clusters.
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7.2 Relay Node Placement algorithm

First, we note that a region of congestion is a sub-network ofnodes that contain an excess

of data load. We want to place relay nodes at the locations surrounding thef rontier nodes

(the non-congested nodes that feed this region with data) sothey make connections with the

neighbors of the frontier nodes that arenot congested (theentry nodes, see Figure 7.1) and

link these relays together to form the “bridges.” Note that the relays connect to the entry

nodes and not the actual frontier nodes; the reason is the relay nodes that connect to the

underlying network using the congested channel must keep a distance of at leastr + � from

any congested node in order to avoid their interference range at the frontier node. Also

note that these frontier nodes are naturally grouped together with their neighbors, forming

clusters that include some congested node member of the congested region. By covering

these clusters (frontier nodes and their neighbors) with relay nodes and linking them together

to form a tree, we introduce new routes that connect the entrance/exit points of the frontier

region and thus traf�c may be redirected using the newly created network of relay nodes.

7.2.1 The Convex Hull and the Node Clusters

The relay placement proceeds as follows: We �rst calculate the convex hull of the set of

congested nodesC in line1 2, thus �nding the inner frontier of the congested nodes; seeFig-

ure 7.1. Each node member of this convex hull potentially forms a cluster of non-congested

nodes, the neighbors of the frontier nodes (but not the congested node); we �nd these nodes

in line 4, cover the region with relay nodes by calling the routineCoverRegionin line 5, and

save the new positions in the setR for relay nodes in line 6. After theCoverRegionrou-

tine is completed, the network looks like Figure 7.3. When the loop in lines 3-7 terminates,

all the clusters that were formed by the members of the convexhull are covered with relay

nodes; in other words, all the neighbors of the frontier nodethat form the cluster, except the

1Refer to the detailed algorithms provided in the appendix for line numbers.
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Figure 7.1:The Convex Hull. This is the �rst stage of the Relay Node Placement Algorithm.
The congested region is a network of congested nodes linked to non-congested nodes that
form a “frontier” region. The convex hull is composed of all those non-congested nodes that
we callfrontier nodes; the neighbor nodes of a frontier node are called theentry nodes, which
are the nodes that feed the congested region with traf�c load. The frontier nodes and the entry
nodes form the Node Clusters that are covered by relays.

Figure 7.2:Join the Relay Clusters. Once the Node Clusters are covered with relay nodes,
the relay nodes form single connected components that span each cluster; we �nally join all
these networks to form one large single connected componentsuch that each relay node can
reach any other relay node in the entire network.
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Figure 7.3: Placement of a relay node. After the CoverRegionalgorithm is run, relay
nodes are placed such that they are reachable by all the entrynodes in the region and no relay
is within a distancer + � from any congested node.

congested node, can directly connect with at least one relaynode. The last thing we do is

interconnect the relay nodes present in all the clusters to form a singly connected component

(one network); see Figure 7.2.

7.2.2 Joining the Relay Clusters

The previous step gives us a set of neighbor nodes of a frontier node that we call the cluster

and a set of relay nodesR that contains the locations of the newly placed relays. Now we need

to �nd the formed clusters of this setR before we proceed to interconnect them. Note that

we have purposely forgotten the nodes that compose the clusters in the underlying network;

this is because these nodes are already covered by the relay nodes inR, so we can safely

omit them now. We �rst run theK-meansclustering algorithm to associate the nodes inR,

in line 8. This classi�cation algorithm generates clustersbased on the euclidean proximity

of the locations of the relay nodes. Also, K-means requires the number of clusters that will

be formed beforehand; this value is the size of the Convex Hull set (since each frontier node
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forms a cluster). Alternatively, we can just group the neighbors of each member ofCH and

form a cluster like so; however, it is possible and also probable that K-means will generate

clusters closer together within the wireless node communication range, thus potentially sav-

ing some relay nodes. OnceCL is populated, we connect them with the loop in lines 9-18.

We think of these clusters as small trees and the setCL as a forest of trees. Alternatively,

we can think of the setCL as a set of connected components, and we wish to join all these

components into a bigger, single tree. To join the clusters,we add branches composed of

relay nodes that connect two clusters and form one, until we have one �nal network of relay

nodes that span the areas of the non-congested frontier nodes. We proceed as follows: We

pop out two clusters from the setCL, such that:

1. The cluster that has the smallest size, we callcl1

2. The nearest cluster tocl1, we callcl2

Fromcl1 andcl2 we pick the closest relay nodes so they become the end points of a line

that we want to cover with more relay nodes, in line 14; we calltheser1, r 2. We use the

routineCoverW ithRelays in line 15, which takes the two end points, to cover this line with

the minimum number of relays so the two end points are connected, andCoverW ithRelays

returns the new clustercl3 composed of the new relay nodes. Finally, we join clusterscl2

andcl3 into cl3 and we push it back into the set of clustersCL. Note that this loop does end

because at each iteration, we decrease the number of clusters in the setCL by one.

This algorithm is run only by the head node after it received all the information from the

members of the region, including the members' neighbors, orwhen another �xed timet has

expired in order to avoid inde�nite wait.

Overall, we want to patch all the congestion zones in the entire network in a distributed

manner. It also may be the case that we may encounter relay nodes in the path of adding
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more relay nodes. In this case, the routineCoverW ithRelays takes these existing relay

nodes from previous iterations into consideration in orderto avoid creating an unnecessary

number of relays in one particular zone in the network. By doing this, it may be possible

that we merge existing bridges (set of relay nodes) with new ones if a close neighborhood is

congested, thus increasing the reach of the relay nodes to a potential global scope.

Another aspect that we must consider is the case when the relay network becomes con-

gested as well. Our algorithm does not discriminate againstthe type of nodes that are used.

The separation of nodes that we use, namely relays, congested, and non-congested nodes, is

based on thedata traf�c load amounts currently being handled, so this algorithm may also

be recursively used with relays that are congested. This means, however, thatmore traf�c is

being induced than the original network can handle. One goal of this paper is to alleviate

congestion, not accommodate traf�c load, by providing new route resources. In other words,

a better solution for a network with high traf�c intensity isto increase the number of nodes,

adding to the number originally used, and use our algorithmsas a reactive protocol in the

occurrence of congestion. Finally, we discuss some of the routines mentioned above.

7.3 CoverRegion routine

This routine places the necessary relay nodes that cover a region denoted as the setS of

nodes. A relay node must be placed in the closest location to the frontier node in the setS

such that it does not violate the following condition:

d(nr ; nc) � r + �

wherenr is a newly added relay node andnc is a congested node in the setS. The reason

for this is the relay nodes serve as entry or exit points to or from the overlay network, and to

communicate they must use the same channel that all the congested nodes are listening on.
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The constraint above is applied to prevent the use of this channel by a relay node when it

attempts to communicate with the underlying network.

Algorithm 2 CoverRegion
Input: Region of nodesS
Output: Set of relay nodesR that cover the region spanned by nodesS

� Find the two extrema points of the setS.

� Use theCover algorithm to cover the closest node to any of the extreme points.

� Use theCover algorithm to cover the 2nd closest node to the other extreme point.

� For any remaining node uncovered in the setS:

– Use theCover algorithm to cover this node.

� Connect all the newly added relaysR to form one single connected component.

This algorithm uses simple routines that are explained next. First, it separates the region

S2 into two sets: inC we have those nodes that are congested in the setS and the non-

congested nodes (frontier node ofS) plus its non-congested neighbors are grouped into the set

NC (lines 2 and 3, respectively). The setU in line 4 contains the nodes currently uncovered

by a relay andU is initially set toNC, since no node has been covered yet. The noden, the

frontier node, is obtained by the intersection ofC andS, since it is the only non-congested

node in this region (except for its neighbors).

In line 6 we calculate theExtrema points of the region. These extrema points are the

intersecting points of the boundaries of the congested and the frontier nodes; refer to Figure

7.4. If there are more than one congested node, the extrema points are the farthest points

from the frontier node where its boundary is intersected by the boundary of a congested

node. We obtain the two extrema points and �nd the closest node inU to any extreme point.

The idea here is that we want to cover the farthest nodene that is closest to an extreme point

in the region so that the position of the new relay node that covers it can maximize the relay

2Note that this is a subset of the original set of congested nodes of the congested region.
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Figure 7.4: Area to place the relay node. This graph shows the coverage regions of all
the nodes in the frontier zone. No relay node is allowed to be placed within the interference
region of the congested node; this is denoted by ther +� region. The two extreme points are
the intersection of the congested node and the frontier node. The closest neighbor node of
the frontier node that isnot the congested node to any of the extreme points will be covered
by a relay node using the routineCover. In the �gure, this node is the farthest node located
to the north of the frontier node. Finally, the relay node maybe placed anywhere inside the
Area for relay node placement.
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Figure 7.5:Last stage ofCoverRegion. During this stage, the centroid of the nodes is found
in order to connect all the relay nodes in the region to this location. At the end, all the relay
nodes connect to the region centered at this centroid and become reachable to all the relays
of the cluster.

node's coverage in the region betweenne and the frontier node.Closest in line 7 is just

an implementation of the “Nearest Neighbor” algorithm. After �nding this nodene, we are

ready to �nd the location that covers at least the nodene by calling the routineCover in line

9. We then �nd another nodene for the other extreme point and cover it also with the routine

Cover in line 13. Finally, for all the remaining nodes, we callCover for each one to cover

all of them using the loop in lines 15-17. Note that since the transmission range of all the

nodes isr , it is likely that most of the nodes are covered when the extreme nodes are �rst

covered.

At this point, we have placed relay nodes that cover all the nodes in the setNC; however,

it is possible that the relay nodes are not joined among themselves. We proceed now to

assign some relay nodes to join all the relays already placedin R. In line 21, we use the

routineCoverW ithRelays to join in a straight line all the nodes to the centroid (average

center point) of the region of relay nodesR; see Figure 7.5. Now that all the relay nodes are

connected, this setR is returned as it covers the regionS.
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7.4 Extrema

The extrema points refer to the closest point on the intersecting edges of the transmission

ranges of both a frontier node and a neighboring congested node on which an entry node is

located the closest to any congested node. This means that ifan entry node is located closer

to a congested node than this point, then it will become a frontier node because it will be

within the transmission range of the congested node. The idea behind the extrema points is

that if we can �nd the closest entry node to any of these two points, then there will not exist

any other entry node closer to any congested node; therefore, the area of potential points to

place a relay node will move away from the congested nodes.

This is a simple routine that �nds the extreme points of the frontier node and all of its

neighboring congested nodes. We de�ne an extreme point as the pointp such that:

� dist(p0; nc) = r; c 2 C

� dist(p00; nf ) = r; c 2 C

� p0 = p00

If there are more than twop values, then the extrema are the farthest two.

7.5 Cover routine

This routine determines theactual placement of a relay node. It takes a noden that it tries

to cover, plus some other structures used inCoverRegion. Since we want to covern, it is

placed in the currently covered setX , in line 2. In line 3, we �nd all the neighbors ofn

that might also get covered and sort them in order of closer proximity to n. We then �nd

the closest pointp in the area of n such that it is the closest point to any of the congested

nodesnc in the setC, and the distance betweenn and all thenc is at leastr + � (to avoid the
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Figure 7.6:Cover routine with point p. In this �gure, the relay node is located initially at
point p, which is a point with a distance of at leastr + � units from the congested nodenc

that covers the noden.

Figure 7.7: Cover routine with point q. A new pointq has been found such that it still
covers the noden that belongs to the covered setX , as well as all the elements in the setX
and also the neighbor nodeni of n.
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Figure 7.8:The region after Cover is run. This �gure shows how the network looks after
the routineCoverhas terminated. Now we have a single connected component that spans the
area covered by the entry nodes. In the future, this region will be the entry and exit gateways
for the traf�c load on the relays.

interference range of the congested nodes); see Figure 7.6.The next loop tries to cover the

next neighbor nodeni of n in N by moving the pointp to a new point delimited by the node

range ofni . If the new pointq, see Figure 7.7, in line 6 does not cause any of the already

covered nodes inX to be uncovered, then the point is accepted; otherwise, we break this

loop. Lastly, we update the setU by removing fromU the newly covered nodes inX (line

14), and we update the setR with the newly added relay positioned at pointp (line 15). We

can see the resulting network formed on top of the regionS in Figure 7.8.

7.6 CoverWithRelays routine

This routine takes a setR of existing relays in the network and two 2-dimensional points to

create a line segment that is covered with the minimum numberof equally placed relay nodes

such that the two end points are linked together by a path; seeFigure 7.9. First, in line 7 we

�nd the minimum number of relay nodes needed to cover this line as well as their spacing,

sp. We cover one end point with a relay node placedsp units away towards the second end
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Algorithm 3 Cover
Input: Noden, set of uncovered nodesU, congested nodesC, relay setR
Output: The new added relaysR

� Find the neighbor nodesN of n that introduce traf�c into the congested regionC.

� SortN in order of proximity to the noden.

� Find the closest pointp inside the transmission ranger of n such that the distance from
any congested node top > r + � .

� For all the nodesni in N :

– Find the closest pointq to ni such that the distance from any congested node to
q > r + � .

– If q does not cover all the nodes covered byp, break this loop.

– Let p = q.

� Place a relay node at the locationp and add it to the set of relaysR.

Figure 7.9: Routine CoverW ithRelays. This routine takes two points belonging to two
distinct clusters and places the minimum number of relay nodes that cover this straight line.
As a result, two clusters are joined with the setS of relay nodes.
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point still on the line so that this point is still covered (line 8). We iteratively proceed like so

until the entire line is covered and the two end points are virtually linked; for that we use the

loop in lines 9-16. It may be the case that we �nd a relay node path intersected by our line

segment. In such case, if we �nd a relay node that lies within thesp units from the previous

relay (line 10), we use it rather than place a new relay. The set S of relay node positions is

created and returned.

Algorithm 4 CoverWithRelays
Input: End pointsp1, p2 and set of relay nodesR
Output: Minimal set of relay nodesS that evenly cover the line (p1,p2).

� Calculate the largest inter-relay spacingsp between the pointsp1 and p2 such that
sp < r .

� Cover the straight line (p1,p2) with relays such that for each needed relay positionp, if
there exists a relaynr in R, usenr instead of adding a new relay; otherwise, add a new
relay located atp into S.
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Chapter 8

Evaluation

In this section we present the implementation details for our simulation. Then we provide

a run of the relay node placement algorithm over one topology, with a congestion analysis,

relay node placement details, and the results obtained.

8.1 Initial Setup

8.1.1 Implementation

We used the Network Simulator, ns2, to implement the probingmechanism, congestion anal-

ysis, and node placement simulations of our work. Our networks are set up on the order

of 20 to 30 wireless nodes using a single channel for the underlying graph. The nodes are

con�gured to use the 802.11b protocol with a maximum data rate of 2Mbps and control rate

of 1Mbps. Their physical characteristics are set up so all the interface cards have a range of

225m using a �xed transmission power. Among other settings,we use the default channel of

2.472GHz (channel 13) of the spectrum. Relay channels operate on the other two orthogonal

channels in the range from 2.412GHz (channel 1) and 2.437GHz(channel 6), separated at

least by 30MHz to make them non-overlapping.
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8.1.2 Probing

Our probing is based on a ping mechanism where in a period ofw = 1 second, each node

generates a probe packet of 64 bytes that contains the sourcenode IDand atime stampto

calculate the hop delay of this probe, then it is broadcast toall its neighbors. In response,

all the neighbors reply back to the source to allow the original sender to calculate its reverse

delay. All nodes calculate their local statistics in this way and keep a history of� = 10

seconds. We keep a value of� = 0:5, which means that we equally weight the observed

average delay and theETD calculated with the expected forwarding and reverse delays; this

way, we equally weight the statistical observations with the probabilistic measurement of

delay.

Probing packets are susceptible to large delays and drops due to congestion effects as

well. In case this happens, the node determines that there exist problems with the network

and updates its channel statistics accordingly. A situation in which a node receives delayed

probes followed by probes that arrive on time (oscillations) and then by massive drops is an

indication that there is instability in the queues1 due to congestion. We will use these events

recorded by our nodes as an indication that there is congestion.

8.1.3 Data Traf�c

In our traf�c simulation, we observe the network behavior inperiods of 100 seconds where

we purposely inject excess traf�c load at a rate of 10 packetsper second of size 1000 bytes

(plus the packet header bytes of the underlying protocols) to expand the effects on the net-

work and observe the nodes' behavior. We analyze the immediate effects of a sudden con-

gestion caused by the network users' behavior (such as the rush hour in a cellular network

or a �re in a forest covered with sensor nodes), but we are not interested in long outdated

1Instability in the queues refers to a situation in which the queue �lls up, over�ows, and gets cleared cycli-
cally.
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Figure 8.1:Wireless Network. This is the topology we used to run our experiments. It is
composed of three sub-networks interconnected by a Y-shaped bottleneck path.

network statistics; thus, we �nd it appropriate to observe the traf�c using this short interval

of time.

We used several topologies in our experiments to both identify congestion and run our

algorithm. For example, Figure 8.1 shows a network with three sub-networks connected with

a Y-shaped bottleneck path. This network has three �ows thatinject traf�c as follows:

� Flow 1: Node 8! Node 24

� Flow 2: Node 21! Node 15

58



� Flow 3: Node 18! Node 10

Each �ow has a sending node located in one sub-network component with a destination

node located in another sub-network. This means that the three �ows must use the bottleneck

path in order to deliver their packets. This is how we (arti�cially) induce congestion in the

network. With a constant transmission rate, the nodes located at the entrance points of their

respective sub-network component are expected to overloadtheir queues because these are

the points where they pick up traf�c from and drop off traf�c to the bottleneck path.

Figure 8.1 is the primary network used and presented in this report; however, when perti-

nent, results from other networks are also introduced and presented as well.

8.2 Congestion Analysis

We run several experiments on the network in Figure 8.1. We tested each �ow presented in

the previous section and we made sure that a single �ow successfully delivers all its injected

packets to its destination. We looked at both the end-to-enddelay per �ow and the hop delay

in all of our experiments.

For our congestion analysis, we started all of our �ows at time t = 5s and we looked

at each individual node statistics to determine the moment when the node �nds itself con-

gested and starts the relay node placement algorithm. For analysis purposes, we chose �ow

1 without any assumptions.

From Figure 8.2, we observe the statistics recorded by node 20, which forms part of the

path that connects �ow 1 from its source to its destination node. Not surprisingly, node 20

also is an entrance node to one of the groups of nodes to the bottleneck path. We can observe

the actual delay recorded by the simulation as TransmissionDelay. Also, we see two metrics

used: one is the Windowed Average Delay, with a window sizew = 10s, and the Expected

Transmission Delay ETD. We can observe that during the period of time t = 17s, node
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Figure 8.2:Metrics at Node 20. This graph shows the recorded Transmission Delay, Win-
dowed Average Delay, and the ETD that node 20 experienced during the experiment. This
�gure shows that the windowed average delay is a suf�cient indicator of congestion since
it is possible that it falsely suggests the existence of congestion well after it occurred (for
example, in the periodt = [19; 21]s). ETD does not suffer from this problem.
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Figure 8.3:Drop Rate at Node 20. This graph shows the recorded drop rate at node 20.
At timest = 18; 25; 50; 55; 81and90s, the node experiences massive drops greater than the
packet delivery rate of 10 per second, suggesting instability in the queue.
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20 starts experiencing high delays on its arriving packets.This event is correctly captured

by our ETD metric in the same time period, but not with the average delay. We say that

at this time, the node might be congested; therefore, we proceed to look at the drop count.

Figure 8.3 shows the recorded drops observed at node 20. Fromthis �gure we can observe a

massive number of drops at about the same time period: approximately 65 drops per second.

This means that at a rate of 10 packets constantly arriving per second, the node stopped

delivering packets that arrived about 6 seconds ago. This iscaused primarily by the channel

contention occurring around the neighborhood of node 20, and therefore, a clear indication

of congestion.

Just like in an automobile freeway, congestion occurs in a network because the network's

capacity to deliver the packets is exceeded. This means thatthe containers of the packets,

or the queues, �ll up and eventually over�ow. After this, thequeues are sudden free and

accessible, which creates an illusion of a sudden decongested node until the queue �lls up

again. This instability at the queues is an indication of congestion that we try to identify.

For example, let us examine Figure 8.3. On this graph we observe at approximately

t = 18s the node experiences a massive drop rate of almost 70 packets per second. This

means that the node is dropping at a greater rate than the rateat which the packets arrive.

This is a clear indication of a queue over�ow. Following this, we observe no packets dropped

whatsoever, followed by more packet drops. With the oscillations shown in Figure 8.2 and

the drops in Figure 8.3, we conclude that the node is congested.

Lastly, we show another topology with a clear indication of congestion. Figure 8.4 is a

network composed of three regions: A, C, and D, connected by apath in region B. Among

other �ows in the network, we observe one �ow from one node in region A, namely node 0,

to node 20 in region D.

We look at the average hop delay present in the network path and we look for the moment

where the path starts to collapse with the traf�c load. Amongall the hops, we show the statis-
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Figure 8.4:Wireless Network. This topology has three sub-networks connected by a single
path. The observed �ow is from node 0 to 20.
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Figure 8.5:Average hop delay from hops 1 to 6. This graph shows several periods of delay
oscillations.
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Figure 8.6:Drop rate at node 6. This graph shows the drop rate and drop count of node 6.
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tics recorded by node 6, the entrance point of the region B. From Figure 8.5, we observe that

at about timet = 36 seconds, the node starts to experience a sudden increase anddecrease in

delay (oscillations in the observed delay); the node is suspected to be congested. At the point

where the traf�c load arrives at node 6, this and other �ows must share the channel to move

their traf�c into the queue of node 6, but node 6 must also use the same channel to move its

traf�c onto the next hop, hop 7. This causes a bottleneck on the path where the resources in

this region do not allow node 6 to deliver its traf�c at a faster rate than the rate at which it

receives; this causes the queue of node 6 to �ll up, exacerbating the delay experienced by the

nodes feeding data into node 6, and then causes a sudden drop of packets that can be seen in

Figure 8.6. This drop generates an instant abundance of queue space in node 6 that causes a

sudden decrease of the delay observed. With this occurrence, neighboring nodes feed node 6

with another portion of load that again causes more drops. This sudden increase and decrease

in delay is the instability that we look for and try to �x.

We now present some statistics of the main congested nodes among the three �ows from

Figure 8.1. In Figures 8.7, 8.8 and 8.9, we observe the node 0 ETD values observed and

we notice that they are normal and not precisely with obviousoscillations that may indicate

congestion. However, we observe the average ETD of entry points of the bottleneck path

in Figures 8.10, 8.11 and 8.12, and we see that the hop connecting any region with the

bottleneck path has a high ETD value at several timest, causing some instability effects at

the queues. To reach a conclusion, we calculate the standarddeviation of the data in order

to know the spread of the data. We can see that the high peaks inthe ETD values add great

variance to the normal average noted on the graphs. This is corroborated with the observed

drops at the entrance points of the sub-networks, namely, nodes 6, 20, and 13 in Figures

8.13, 8.14 and 8.15. From these three points, we conclude that the node is congested by the

presence of both oscillating delays and instability at the queues.

This analysis is done at the node level with hop-by-hop delays because we are interested
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Figure 8.7:Average ETD from hops 0 to 1.

67



Figure 8.8:Average ETD from hops 0 to 2.
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Figure 8.9:Average ETD from hops 0 to 3.
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Figure 8.10:Average ETD from hops 6 to 3.
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Figure 8.11:Average ETD from hops 20 to 5.
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Figure 8.12:Average ETD from hops 13 to 4.
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Figure 8.13:Drop rate at node 6.
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Figure 8.14:Drop rate at node 20.

74



Figure 8.15:Drop rate at node 13.
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Figure 8.16:Probing results. This graph shows a series of tests to �nd the optimum probing
period. We found that a period of 1 second provides the best trade-off between the additional
channel load measurement accuracy and bandwidth consumption.

in determining congestion on a local scale, as opposed to a global scale (which is preferable,

but practically more dif�cult to obtain). In all these examples, we can see how we use the

local environment statistics read by the nodes to trigger our messaging mechanism to select

the head nodeand determine the congested region in order to proceed with the relay node

placement in the region.
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8.3 Placement of Relay Nodes

8.3.1 Probing

In the �rst experiment we evaluate our probing mechanism. InFigure 8.16 we show the

results of using differentw values; we concluded that a period of 1 second had the best

balance between channel load measurement accuracy and bandwidth consumption. From the

graph in Figure 8.16 we can conclude that the shorter the period we probe, the larger the

bandwidth used.

8.3.2 Congested Region Calculation

After a node �nds itself congested, it starts a messaging mechanism (described in the Ap-

pendix) to determine the congested region. The node broadcasts a congestion message to all

its neighbors. Each neighbor will determine if it is also congested, and if so, it will reply.

If the neighbor is congested, the congested regions will merge and the nodes will repeat the

same process with their own neighbor nodes. If the neighbor node is not congested, this node

becomes a “frontier” node. It responds to the message and stops the dissemination of more

congestion messages as the edge of the congested region has been found.

From our experiments we observed that the time that the congested node took to deter-

mine the extent of the congested region is proportional to the size of the congested region.

For example, the largest congested region is the one of node 6and it took approximately

1295ms to be calculated (node 20 took 1115ms and node 13 took 46ms). The resulting graph

that shows the congested regions can be seen in Figure 8.17. We assume that congestion

messages are given the highest priority and that the processing time to calculate whether a

node is congested is negligible (table look-ups and standard deviation calculation).
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Figure 8.17:Congested regions. This graph shows the calculated congested regions in the
network. Three regions are formed around the congested nodes 6, 20 and 13.
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Figure 8.18:Resulting relay node placement. This �gure shows the resulting placement of
relay nodes. The relays form an overlay that can reroute traf�c to and from any entry point
of a congested region.
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8.3.3 Relay Node Placement

Figure 8.18 shows the resultant relay node placement for ourtopology in Figure 8.1. From

the graphs in �gures 8.10 and 8.11, we observe that at approximately timet = 37s and

t = 17s, both nodes 6 and 20 experience traf�c instability with an average ETD of about

600ms; although this number may not be a large delay, this is compared against the currently

observed past window delay without these unstable traf�c observations (oscillations), and

we can see that the increase in delay is dramatic. The nodes also corroborate this when we

look at their drop rate measurements, with numbers tallyingat about 15 drops per second

(Figures 8.13 and 8.14, respectively); this is even more than a single traf�c �ow injection,

so this node must be dropping most of the traf�c data packets,some of the probe messages,

routing messages, and perhaps other data packets from otherlocal �ows.

In this network, two congested regions are identi�ed, so twonodes (nodes 6 and 20)

trigger the relay node placement algorithm to cover their independent region, since they are

too far apart to be in one congested region. From Figure 8.18 we can see where the relay

nodes are located. In the congested region from node 6, the frontier nodes located are 4, 5,

7, 8, and 11. These do not have neighbor nodes that are not congested, but they are also the

entry nodes of this region. A relay node must be placed to connect to each of these nodes;

four relays are used. Then they all must be linked together; therefore, six more relays are

used for a total of 10 for this congested region. To cover the congested region of node 20,

the following nodes are used: one to cover the entry node 24 and two more to connect it with

the other frontier node 5, for a total of three. Finally, node13 eventually gets congested as

well, forming a small congested region by itself. This region needs two relays to cover all

the entry nodes of the region plus two more to connect them alltogether for a total of four.

Therefore, we use a total of 17 relay nodes to create an overlay that connects all the entry

nodes of the three congested regions.
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Figure 8.19: Number of relays used. This histogram shows the number of relays used
compared to the number of relays placed by random placement.It can be seen that our
mechanism beats random placement by resulting in an number of relays used that is nearly
four times less than the number of relays associated with random placement.

8.3.4 Number of relays used

We compare this number of relays used against a random placement, given the congested re-

gion calculated a priori. Figure 8.19 shows the performancedifference of our method against

random placement. In the �gure it can be seen that our method beats random placement by

using an average of four times fewer relay nodes. This is mainly due to the shape of the con-

gested region. For example, the biggest number of relays used occurs in the congested region

of node 6. If the �gure is regular (circular with almost uniform distance from its centroid),

then random placement performs better; however, the shape of the congested region of node

6 is not regular; thus, more relay nodes are needed to cover all the entry nodes.
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Figure 8.20:Hop on nodes 6 to 3 with relays in place.

8.3.5 Local network analysis

Since we do not focus on the routing problem, we statically assign �ows into one or another

network; however, there exists suf�cient work in the literature that can be adapted easily to a

network that uses our work. Our algorithm performs the placement of relay nodes and makes

available to the network more resources that are not currently being used, and a routing

algorithm such as the ones proposed in [9, 10, 23] can be used to ef�ciently �nd the best

routes. Here, our goal is to demonstrate how the placement works; however, we also show

the results after the node placement.

In Figure 8.20, we observe a great improvement in the averageETD from the period

starting at timet = 40s until the end, compared against Figure 8.10. After a period of stabi-
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Figure 8.21:Drop rate at node 6.
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Figure 8.22:Hop on nodes 20 to 5 with traf�c rerouted and with relays.
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Figure 8.23:Drop rate at node 20.
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Figure 8.24:Hop on nodes 13 to 4 with traf�c rerouted and with relays.
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Figure 8.25:Drop rate at node 13.
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Figure 8.26:E2E Delay for �ow 1 . Congestion on �ow 1 between nodes 8 and 24.

lization of the queues, the readings normalize and no more abnormal increases and decreases

in ETD readings are observed. We can corroborate this with the drop rate readings of node 6

in Figures 8.13 and 8.21, where after timet = 40s, node 6 stops recording new drops in its

queues. Figures 8.22 and 8.24 also show the improvement in the environment statistics for

nodes 20 and 13.

8.3.6 Global network analysis

In Figures 8.26 to 8.28, we show the end-to-end delays of eachof the three �ows in the

network without relays. The high spikes in each �gure represent clear periods of instability

in the network. Also note the periods of zero end-to-end delivery in each of these three

�gures. In Figure 8.26, the zero delivery att = 10s to t = 35s is caused by the dominant
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Figure 8.27:E2E Delay for �ow 2 . Congestion on �ow 2 between nodes 21 and 15.
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Figure 8.28:E2E Delay for �ow 3 . Congestion on �ow 3 between nodes 18 and 10.
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Figure 8.29:E2E Delay for �ow 1 with relays . Relays on �ow 1 between nodes 8 and 24.

�ow 3 in the same period in Figure 8.28. A similar reasoning can be derived about the other

two �gures. As a result, we observe that only �ows 2 and 3 dominate the entire simulation

time.

We also report the corresponding end-to-end delays of the �ows after the relay nodes

are introduced. The new position of the relay nodes is observed in Figure 8.18, where we

can observe that the overlay network connects to the entry points of all the three congested

regions. Also note that links among relays do not affect the underlying network because they

use a distinct channel (these links are shown as dotted). Flow 1 enters the overlay at relay

R2 and leaves at relay R1. Flow 3 also uses the overlay via R6 and R3. Flow 2 remained

in the underlying network. The results of the end-to-end delivery of these three �ows can

be observed in Figures 8.29, 8.30 and 8.31. Once congestion is detected (indicated by high
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Figure 8.30:E2E Delay for �ow 2 with relays . Relays on �ow 2 between nodes 21 and 15.
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Figure 8.31:E2E Delay for �ow 3 with relays . Relays on �ow 3 between nodes 18 and 10.
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Figure 8.32:E2E Throughput for �ow 1 . Throughput on �ow 1 between nodes 8 and 24.

spikes), the relay nodes pick up the traf�c and thus reroute the traf�c to eliminate congestion.

This shows in the �gures with the decrease in the end-to-end delays.

We also calculated the throughput of each �ow measured in packets delivered per second,

as shown in Figures 8.32, 8.33, and 8.34. Remember that each �ow is injecting 10 packets

per second, so this value is our upper limit and that congestion is injected at time 5s. From the

three graphs we can observe the increase in packet delivery before and after the use of relays

and rerouting. It is interesting to note the high throughputdelivery at times when the �ow

is dominating and relays were not being used. For example, inFigure 8.34 we can observe

the high throughput delivery att = 25s, which coincides with Figure 8.28 at the same time.

When relays were used, this is also corroborated.
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Figure 8.33:E2E Throughput for �ow 2 . Throughput on �ow 2 between nodes 21 and 15.
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Chapter 9

Conclusions and Future Work

This work provides a congestion study and a solution to the relay node placement in a net-

work of wireless devices. We also study the related work under similar environments and we

found that no one has approached this problem with an on-demand protocol to identify local-

ized congestion zones and temporarily relieve these regions with relay nodes. In our work we

adopt some metrics, but others were used as basic foundations of our Expected Transmission

Delay. Our ETD metric is based on the work of De Couto's ETX, since we believe that this

is one of the best approaches that we found in the literature to read the traf�c and congestion

statistics in a localized, distributed manner. We use this metric, along with the drop count,

to identify the congestion regions so we can execute our algorithm. Finally, our algorithm

places a number of relays close to the minimum in the congested region with the constraint

that no relay node that communicates with the underlying network is placed within a distance

of r + � , to avoid the introduction of more noise in an area already congested. Finally, we

believe that this work can be utilized in situations where immediate action is required, such

as the rush hour in an ad hoc or cellular network; if the relay nodes are mobile, then they can

�nd their placement using the GPS localization system or a separate transporting mechanism;

however, whatever the situation, we believe that there exists a market that we can exploit.

Our results show that our combination of ETD oscillation detection and queue instability
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(drop rate) suf�ces to identify congestion during an eventual burst of traf�c. We identify

the congested region in the order of hundreds of milliseconds, depending on the size of the

region, and the computational time to place the relay nodes is negligible. We provide results

in the local region with the hop-by-hop delays as well as the global network with the end-

to-end delays. In both cases, we show signi�cant improvement of the delay readings in the

nodes. Also, we show an increase in the throughput of the entire �ow, which is expected when

the end-to-end delivery improves. Finally, we compared ouralgorithm against the random

placement of nodes in the same congested region calculated by the nodes and we showed

that in all the cases we beat random placement by using nearlyfour times fewer relays than

random placement uses. In general, we showed results on how to detect congestion, how large

the congestion is, where should relay nodes be placed, how much improvement is obtained

(in terms of delivered packets per unit of time), and how manyrelays need to be used.

In this work we have addressed the issue of how to deal with congestion by placing relay

nodes in the network; however, it is important to investigate how our metrics can work with

different routing algorithms that consider other metrics such as channel load, throughput, and

transmission delay. Another important line of research is the channel assignment problem.

Relays must choose at some point what channels they must tuneto and answer questions

such as when do they switch their channel on their interfaces, and if they do, how often. Just

as traf�c patterns are important in the decision of how to solve the congestion problem, so

are both the routing metrics used and the channel assignment. Therefore, for future research

work it is fundamental to consider these aspects in order to formulate the initial settings of a

fully deployable platform that uses multiple interfaces ina wireless network.

Another line of research is related to the placement of the relay nodes. In our work, we

concentrate on placing relays at clusters where the traf�c enters and exits the congested re-

gion. Then, we join those nodes with other clusters of relaysby simply drawing straight lines.

The use of Voronoi diagrams as a placement mechanism is an interesting line of research that
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could lead to the minimal use of relay nodes. Also, given our current settings, the minimum

number of relay nodes used to cover a given region is a similarproblem to the generation

of Steiner Trees in the congested region, which is an NP-hardproblem. We may pursue this

avenue in investigating the possible heuristics that may beutilized according to our settings

and determine if the time to compute the resulting locationsallows us to provide a viable

solution to the congestion problem.

In the detection of congestion, the incorporation of distinct statistical analysis tools for

the detection of congestion is another future work in progress. We currently use the standard

deviation to detect the spread of the ETD metric values at thenodes; however, we believe

that there is room for improvement in this regard.

Since we work with wireless networks, we may decide to relax the assumption of a static

network so our nodes become mobile. Mobility changes signi�cantly the settings and as-

sumptions that we make, especially the validity of the localized statistics collected by the

nodes. In the future we might explore to what extent will mobility affect our work and ana-

lyze which of our current settings might still hold.
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Appendix A

Detailed Description of the Relay Node

Placement Algorithm

A.1 Finding the Congested Region: a messaging protocol

A.1.1 Generate Message

Algorithm 5 Generate Message
Input: Set of nodesN and set of congested nodesC
Output: None

1: for all i 2 N do
2: i:head  i:id
3: i:dist  0
4: end for
5: for all i 2 C do
6: M:head  i:id
7: M:dist  0
8: broadcastM
9: end for

First we select theheadnode of the region as well as determine the members of this con-

gestion zone. We use a messaging protocol depicted in the algorithmsGenerate Message

andHandle Messagefor this purpose; both are an adaptation of the root selecting proce-
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dure for the Spanning Tree Protocol in the IEEE 802.1 speci�cations for Ethernet. We use

this messaging scheme to associate those congested neighboring nodes together in the region,

which are distinguished by a node identi�cation numbernodeid. The message that they ini-

tially generate broadcasts their node id of the currently known head and the hop distance to

that head: (headid, hop); note that we are implicitly assuming that the node ids are unique. A

node receiving this message knows immediately that one of its direct neighbors is congested

and starts determining if the receiving node itself is also congested, if it has not already done

so. The node reacts by comparing its currently seen head id and hop distance, and it accepts

and updates the new passed information if:

1. The message head id is lower than the currently seen head id.

2. If the head ids are tied but the hop distance is shorter.

These two checks ensure that the protocol terminates with one node as the head broad-

casting messages and the rest of the nodes accepting this node as their head.

A.1.2 Handle Message

Algorithm 6 Handle Message
Input: Set of congested nodesC and messageM
Output: None

1: if this:head > M:head then
2: this:head  M:head
3: this:dist  M:dist + 1
4: end if
5: if i =2 C OR this:dist < M:dist then
6: terminate
7: else
8: M:dist  this:dist
9: broadcastM

10: end if
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The Handle Messagealgorithm provides the behavior of the node when it receivesa

message. If a node accepts the information in the message, itupdates its head id and hop

distance not before increasing the distance by one; then, itbroadcasts its new information to

all its neighbors. Should the node decide not to accept the message information because it

knows another head with a smaller id or a shorter distance to this head, it just ignores the

message and broadcasts nothing. Now only the congested nodes are allowed to broadcast

these congestion messages. If a non-congested node receives a congestion message, it still

updates its information if it accepts it, but does not further propagate the message if the node

is not congested. This means that the non-congested node will belong to the congested region

as a non-congested node that belongs to the frontier of the region; these are thef rontier

nodes. This protocol is executed for a �xed timet starting at the moment that the �rst node

sent the �rst message. The protocol for selecting the head ofthe region converges because

once the shortest node id of the region is found, it is just a matter of time before this id is

propagated to the entire region. At the end, only the head of the region will be broadcasting

its information.

A.1.3 Message Protocol problems

It is important to note that a messaging system like this may introduce even more load into an

already congested region. We are assuming here that these messages are treated ascontrol

messagesor that they may receive a higher priority for handling. Besides, the size of a

message of this type is on the order of hundreds of bytes, which can be quickly handled.

This is a tradeoff that we must make in order to learn distributively the characteristics of the

region that we try to �x.

Once the head is selected and the nodes notice that the �xed timet has expired, they send

their local load statistics to the head of the region and �nish their participation in the protocol.

When the head receives all the information of the region, it may proceed to compute all the
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placement of the relay nodes and “patch” the region. This node is ready to invoke theRelay

Node P lacementalgorithm.

A.2 Detailed Relay Node Placement Algorithm and Rou-

tines

Algorithm 7 Relay Node Placement
Input: Region of congested nodesC
Output: None

1: R  ;
2: CH  ConvexHull (C)
3: for all nf 2 CH do
4: NC  NonCongested(nf )
5: Re  CoverRegion(NC)
6: R  R [ Re
7: end for
8: CL  K -Means(R; Size(CH ))
9: while CL:size > 1 do

10: cl1  MinSizeCluster (CL)
11: cl2  Closest(cl1)
12: CL:pop(cl1)
13: CL:pop(cl2)
14: Let r1 andr2 be the nearest relay nodes incl1 andcl2
15: cl3  CoverW ithRelays(r1; r2)
16: cl3  cl1 + cl2 + cl3
17: CL:push(cl3)
18: end while
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Algorithm 8 CoverRegion
Input: Region of nodesS
Output: Set of relay nodesR that cover the region spanned by nodesS

1: R  ;
2: C  Congested(S)
3: NC  NonCongested(S)
4: U  NC
5: n  C \ S
6: (e1; e2)  Extrema (C; n)
7: ne  Closest(U; e1)
8: if ne 6= ; then
9: Cover(ne)

10: end if
11: ne  Closest(U; e2)
12: if ne 6= ; then
13: Cover(ne)
14: end if
15: for all ni 2 U do
16: Cover(ni )
17: end for
18: p  Centroid(R)
19: TMP  ;
20: for all r i 2 R do
21: TMP  TMP [ CoverW ithRelays(r i ; p)
22: end for
23: R  TMP [ R
24: return R
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Algorithm 9 Cover
Input: Noden, setU of uncovered nodes, congested nodesC, relay setR
Output: None

1: N  Neighbors(n)
2: X  f ng
3: Sort(N; n)
4: p  Closest(nc; Area(n)) : dist(p; nc) > r + � 8nc 2 C
5: for i  1 to Size(N ) do
6: q  Closest(ni ; n) : dist(q; nc) > r + � 8nc 2 C
7: if Covers(q; X) then
8: X  X [ f ni g
9: p  q

10: else
11: break
12: end if
13: end for
14: U  U � X
15: R  R [ f pg

Algorithm 10 CoverWithRelays
Input: End pointsp1, p2 and set of relay nodesR
Output: Minimal set of relay nodes S that evenly cover the line
(p1,p2).

1: S  ;
2: d  distance(p1; p2)
3: num  d dist=RANGE e
4: if num = 0 then
5: num  1
6: end if
7: sp  dist=num
8: p  p1 + sp
9: while p < p2 do

10: r  R:nearest(p)
11: if r = ; then
12: r  new relay atp
13: end if
14: S  S + r
15: p  p + sp
16: end while
17: return S
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