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Abstract

In recent years, resource management in wireless ad hoc networks has drawn in-

creasing attention. However, due to the interference-limited characteristic of wire-

less channels and the distributed operation mode of ad hoc networks, before an

effective and efficient solution is obtained, several challenges need to be addressed.

Generally speaking, the motivation of resource management is to allocate fair share

of bandwidth and support quality of service for different users in the network. Re-

liable routing protocols could increase the packet delivery ratio and reduce the

number of rerouting operations, and thus provide the first step of effectively man-

aging the scarce wireless resource. According to a specific allocation objective, the

rate allocation schemes in the network layer calculate the entitled rate for each flow.

Then the MAC protocols support these rate allocation schemes by coordinating the

packet transmissions and guarantee the calculated rates are achieved in the MAC

layer.

As we will discuss in detail later, a well designed reliable routing protocol is an

important part of resource management in wireless ad hoc networks, especially

when nodes are changing their positions, which essentially leads to mobile ad hoc

networks (MANETs). There has been very active research on routing in MANETs

and many routing metrics and protocols were proposed in the past few years, for

both unicast and multicast transmissions. However, the reliability of transmission

remains a problem. In the first part of this thesis, a Robust Link Availability

Routing (RLAR) protocol is proposed to address the problem of reliable routing.

RLAR combines pro-active routing with on-demand routing. The two modules of

RLAR are responsible for pro-active estimation of link reliability and on-demand

optimal routing, respectively. The first module relies on the information collected

from the physical layer to estimate the normalized link availability (NLA). The

second module then takes charge of route discovery and maintenance based on

NLA. The optimal routing tree is first constructed and then additional protective

links are also added to the tree backbone to form the ultimate mesh structure so to

further enhance reliability. Through simulations, RLAR is proved to successfully

reduce the number of rerouting and improve the average communication time before

a rerouting procedure is triggered. The packet delivery ratio is also remarkably

increased.

The study of rate allocation schemes can be divided into several steps. Firstly,

a specific fairness criterion needs to be defined. Then an appropriate interference
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model is built up to investigate the interference among different flows and their

subflows. In the second part of this thesis, a price-based rate allocation scheme

is proposed. Max-min fairness is adopted as the fairness criterion to ensure that

no user is penalized excessively, and a certain minimum quality of service is guar-

anteed to all users. To accurately reflect the contention in wireless environment,

the flow contention graph is converted from the network topology graph. Based on

the flow contention graph, the clique constraint is modeled to generate the clique-

based prices, which act as the congestion signal to control the end-to-end rates of

multi-hop flows. Through analysis and simulation, the proposed scheme is shown

to be able to effectively distribute the bandwidth, according to max-min fairness

criterion, to multi-hop flows from the end-to-end perspective. The proposed scheme

has many strengths, such as distributed operation, low computational complexity,

applicability to both static and dynamic flows, and short convergence time. In or-

der to further accelerate the convergence speed of the algorithm, we propose a fast

converging approach which significantly reduces the convergence time. With little

modification, we also extend our scheme to support weighted max-min fairness.

In the third part of this thesis, we move to the design of MAC protocol for band-

width allocation. After the target rates are calculated in the network layer by the

rate allocation schemes, a MAC protocol is needed to support these schemes by

allowing each flow to obtain its entitled bandwidth through medium access control.

Unfortunately, the current MAC protocols, such as IEEE 802.11 DCF and other

variants, are usually based on random access or intuitional fairness, and thus cannot

satisfy this requirement. Therefore, we propose a novel cross-layer MAC protocol.

This protocol has a time-slotted framework. Every N time slots are defined as a

transmission frame to estimate the share of the bandwidth within the correspond-

ing maximal clique. All the nodes maintain a clique occupancy table (COT) for

each maximal clique to which they are related. Based on this framework, two dif-

ferent MAC algorithms are implemented in this protocol. The first one, Greedy

Self-Contention (GSC) algorithm, is a contention-based algorithm. With this al-

gorithm, every node contend for the shared medium at the beginning of each free

time slot. It could support arbitrary rate allocation schemes. In order to acceler-

ate the convergence speed, the second algorithm, Cooperative Token Forwarding

(CTF) algorithm, is specifically designed for the category of quasi-synchronous rate

allocation schemes. It makes use of the quasi-synchronously shared flow contention

information within each maximal clique to eliminate the medium access contention,

and thus its convergence performance is much better.
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Chapter 1

Introduction

1.1 What is a Wireless Ad Hoc Network

One of the most vibrant and active research topics in computer networking today

is wireless ad hoc networks [1]. Under some other names such as packet radio and

multi-hop networks, significant research has been ongoing in this area for over 30

years. The research on ad hoc networks can be traced back to the DoD-sponsored

packet radio network (PRNET) program in 1972, which later evolved into the sur-

vivable adaptive radio networks (SURAN) program in the early 1980s. The initial

goal of the PRNET program was to provide packet-switched networking to mobile

battlefield elements, e.g., soldiers, tanks, aircraft, etc., in an infrastructureless, hos-

tile environment [2]. The PRNET combined ALOHA [3] and carrier sense multiple

access (CSMA) approaches for medium access. It also adopted a kind of distance-

vector routing. As an evolved version of PRNET, SURAN had significant improve-

ment of the radios, scalable algorithms and resilience to attacks. The hierarchical

link-state routing protocols adopted were highly scalable.

Although originally developed for military applications, advances in portable com-

puting devices and transmission technologies in the 20th century have led to a

growing interest in deploying PRNETs in commercial applications, such as coop-

erative mobile data exchange, virtual classrooms and home networking, etc. The

IEEE 802.11 committee adopted the term “ad hoc networks” for PRNETs and
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standardized a medium access protocol that was based on collision avoidance and

tolerated hidden terminals, which gradually became part of today’s well-known

802.11 protocol suite.

Generally, a wireless ad hoc network is a computer network in which the communi-

cation links are wireless and thus it does not have a wired infrastructure to support

communication among the hosts. Figure 1.1 shows an example of ad hoc networks.

As shown, an ad hoc network is a collection of possibly mobile communication

nodes. Each node in the network is a router as well as a communication end-point.

All communication is over the wireless channel, hopping over several nodes. When

node A intends to communicate with node B, the packets are forwarded via some

intermediate nodes. Each node forwards data for other nodes, and so the choice of

which nodes to forward data is made dynamically based on the network connectiv-

ity. This is quite different from the traditional wireline computer networks, where

end nodes perform communication via some designated nodes known as routers,

switches and hubs. Also, it is different from the wireless access networks in which

centralized access points (APs) control the client nodes. When nodes in the wire-

less ad hoc networks tend to be moving from time to time, it is then usually called

mobile ad hoc networks (MANETs).

Figure 1.1: An example of ad hoc networks.
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Because of the convenience of deployment and usage, ad hoc networks are widely

accepted as a means to various applications. Its infrastructureless feature is nat-

urally applicable to the environment where there are no ready central facilities or

such facilities are difficult to deploy. The communication capability provided, if not

optimal, is fairly sufficient for communications between equipment for emergency

rescue, seafloor exploration and Ethernet-type anywhere anytime connectivity in

office environment.

Wireless ad hoc networking is a multi-layer problem [1]. From the lowest phys-

ical layer to the highest application layer, special designs need to be considered

to handle the unique characteristics of wireless ad hoc networks. The physical

layer should adapt to rapid changes in wireless signals. The medium access con-

trol (MAC) layer needs to include collision avoidance and contention resolution

through persistence and/or backoff mechanisms. MAC protocols should allow fair

access to the shared medium and reliable data transmission over the single-hop

wireless links. Due to its robustness and simple implementation, the widely used

MAC protocol in current local area ad hoc networks is the IEEE 802.11 distributed

coordination function (DCF) implemented with carrier sense multiple access with

collision avoidance (CSMA/CA) mechanism and binary exponential backoff (BEB)

algorithm. However, it has many limitations and could not support quality of ser-

vice (QoS). IEEE 802.11e standard [4] improves the original 802.11 protocol suite

by trying to differentiate service types for different traffic flows, however, it still can-

not effectively manage the resource and guarantee QoS. The network layer needs to

determine suitable paths and distribute the shared bandwidth for different flows. It

also needs to cooperate with the MAC layer to connect the single-hop transmissions

together. The transport layer must be able to deal with the relatively high packet

loss and delay compared to those in the wireline networks. Distinguishing between

the packet loss caused by the congestion and the transmission corruption is also

needed to be taken into account. Finally, applications need to be designed to cope

with the widely varying delay and packet loss, as well as frequent disconnection and
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reconnection.

1.2 Resource Management in Wireless Ad Hoc

Networks

1.2.1 The Motivations

A significant requirement in building wireless ad hoc networks is to provide fair

access to the medium and fair share of the bandwidth, as well as supporting quality

of service to meet different requirements of multiple users. However, current pro-

tocols are not able to meet this requirement. We illustrate the well-known fairness

problem of wireless ad hoc networks in Figure 1.2 as an example.

Figure 1.2: The well-known fairness problem of wireless ad hoc networks.

There are four nodes in the network constituting the chain topology. Node B and

node C are in the transmission range of each other. Therefore according to the

current dominating MAC protocol, IEEE 802.11 DCF, flow f1 and f2, which are

initiated from node B and node C respectively, will interfere with each other and

contend for the bandwidth. Let us assume that node B is in luck and gets the

medium first, then its backoff window will be reset to the minimal value. When

node B successfully get the medium and f1 becomes active, in contrary, the backoff

window of node C will be increased repeatedly. Therefore, compared to node C,

node B has greater chance to experience a short backoff time and thus could easily

obtain the medium for next transmission. Such an algorithm and protocol will lead

to the result that f1 monopolize the channel and f2 is starved with very limited

throughput. This simple example illustrates the fairness problem existing in IEEE
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802.11 DCF. Thus, we are motivated to design new resource management algorithms

and protocols. However, due to the distributive operation mode of ad hoc networks

and the random contention-based medium access control, it is often difficult to

coordinate and schedule the transmission of different flows.

On the other side of the story, QoS is sometimes regarded as a joke in the develop-

ment of computer networks, since after many years of research there is still no QoS

even in the Internet, and most of the QoS solutions turn out to be more expensive

than the resources they are trying to manage. Therefore, an effective and efficient

QoS solution for computer networks, especially in wireless ad hoc networks where

the resource is remarkably scarce and interference takes place everywhere in the

network span, is in urgent need.

There has been very active research on resource management (also called band-

width allocation) in wireless ad hoc networks and many schemes using various

approaches were proposed in the past few years, for both single-hop and multi-hop

flows. As there is no central coordinator in the whole network span, careful coop-

eration among all the nodes in the neighborhood is often needed for information

exchange and negotiation. In addition, due to the distributive operation mode of

wireless ad hoc networks, distributed algorithms and protocols are usually in favor

to support the bandwidth allocation requirement. However, there is a characteristic

of any distributed algorithm that they rely on dissemination of information between

nodes, and thus they need a period of time to converge to the stead state. At this

standpoint, the convergence time is a very important metric.

The design issues could be organized into three parts. First of all, before flows

initiate their transmission, the appropriate routes should be selected. This is called

the routing procedure. Due to the vulnerable wireless channel and mobility of

nodes, the selected route may not be always reliable. Unreliable route will lead

to frequent rerouting operations, which cause large overhead and packet loss, and

thus degrade the end-to-end reliability as well as wasting precious wireless resource.
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Therefore, a well-designed reliable routing protocol is the first step to efficiently

manage the scarce wireless resource. Once the the routes are selected and flows

become active in the network, they are prone to contending with each other for

the shared wireless resources. Therefore, controlling the rates of such flows and

regulating their packet transmission are next important steps. In the network layer,

the flow rates are calculated according to a specific allocation objective. For the

research in this aspect, various algorithms are distinguished from their different

approaches in formulating and solving the problem. As we will discuss later in

detail, the recent trend for these solutions are often based on optimization theory

and game theory. Some researchers also try to look into this problem from the

economics perspective and draw a market-based solution. It is quite interesting to

adapt the economics theories to solve the engineering problems in wireless networks.

In the MAC layer, the design issues concern about the coordination of the medium

access of single-hop flows to guarantee that the bandwidth entitlement of each end-

to-end flow is indeed achieved. As IEEE 802.11 DCF cannot provide any bandwidth

guarantee, a specially designed MAC protocol is needed.

So far, we have discussed the motivations for resource management in wireless ad

hoc networks. However, the design of such useful and economical protocols is quite

challenging, especially for the distributed algorithms and schemes. Some of the

main challenges are highlighted as follows.

1.2.2 The Challenges

Interference Model and Constraint — The wireless channel is interference-

limited. Because of the local broadcasting and spatial interference characteristics

of wireless network, the constraint for bandwidth allocation is quite different from

the counterpart in wireline networks. In order to accurately reflect the channel

interferences and flow contentions, interference model and constraint need to be

carefully developed.
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Reliable Routing — A well-designed reliable routing protocol helps increasing

the packet delivery ratio and reducing the number of rerouting operations, thus it

is quite useful for efficiently managing the scarce wireless resource. The idea of

cross-layer design and interaction is also adoptable in this area of research. How

to define the reliability of a chosen path is the first question to be answered. After

that, how to implement such design in a practical routing protocol is then put on

the desk.

Rate Allocation in the Network Layer — The bandwidth entitlement for

each flow is basically calculated in the network layer, in the form of rate allocation.

Different rate allocation schemes differ in the approach of formulating and solving

the problem, and thus may have different performances, such as application scope,

computational complexity and convergence time. Designing a rate allocation scheme

that could optimize the performance and draw a balance among the above factors

is quite challenging.

Bandwidth Allocation in the MAC Layer — When the entitlement for band-

width share is obtainable in the network layer, the next emerging problem is how

to support these rate allocation schemes, allocate the bandwidth, and guarantee

that the target rates are indeed achieved at the MAC layer. The current MAC

protocols in wireless ad hoc networks, such as IEEE 802.11 DCF and other vari-

ants, are usually based on random access or intuitional fairness. Hence, these MAC

protocols cannot satisfy this requirement and a specially designed MAC protocol is

needed. However, how to successfully coordinate and schedule the transmissions in

the MAC layer in a distributed manner desires more study.

Interaction Between the Two Layers — The interaction between the network

layer and the MAC layer is necessary for bandwidth allocation protocol design.

Generally speaking, two approaches are currently being explored, as shown in Figure

1.3. The first approach is to try to combine the different functions in two layers into

one common algorithm. This method could centralize the problem but often have
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limited application scope and high computational complexity. Another approach

is to try to solve the problems in different layers individually, and information is

exchanged between layers via cross-layer interactions. The two modules together

constitute a complete bandwidth allocation framework. No matter what approach

is adopted, how to coordinate the interaction between the two layers needs great

attention and careful design.

Figure 1.3: The framework of two different approaches for interaction between
layers.

1.3 Outline of the Thesis

This thesis consists of five chapters. In this chapter, we have introduced the basic

concept of a wireless ad hoc network. Moreover, the main motivations and several

challenges for resource management in wireless ad hoc networks have also been

addressed.

In Chapter 2, a cross-layer based reliable routing protocol for mobile ad hoc net-

works called Robust Link Availability Routing (RLAR) protocol is proposed. RLAR
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consists of two modules, which estimates the link reliability using physical layer

information and deals with robust optimal routing, respectively. Based on the opti-

mal tree backbone, a mesh structure is formed for reliability enhancement. Through

simulations, RLAR is proved to be able to increase the packet delivery ratio and

reduce the frequency of reroutings for dynamic network topologies.

The objective of the rate allocation scheme developed in Chapter 3 is to achieve

max-min fairness among different flows. To accurately reflect the clique constraint

of wireless ad hoc networks, the clique-based price is generalized to act as the

congestion signal, which controls the end-to-end rates of multi-hop flows. The dis-

tributed algorithms adopted are simple and direct, thus owning low computational

complexity. Through analysis and simulation, the proposed scheme is shown to be

able to effectively distribute the bandwidth, according to max-min fairness crite-

rion, to multi-hop flows from the end-to-end perspective. In order to accelerate the

convergence speed of the algorithm, a fast converging approach which significantly

reduces the convergence time is also proposed.

In order to support the rate allocation scheme from the MAC layer, a cross-layer

MAC protocol is proposed in Chapter 4 to coordinate transmissions among flows

and guarantee their allocated rates. Two different algorithms are implemented in

this protocol: the first one is able to support arbitrary rate allocation schemes

but has a longer convergence time, while the second one is specifically designed

for a category of rate allocation schemes and thus have a much better convergence

performance. Both algorithms are evaluated through simulations and proved to be

able to achieve the target bandwidth allocation.

Chapter 5 summarizes this thesis and suggests some future directions of cross-layer

design in distributed resource management for wireless ad hoc networks.



Chapter 2

Reliable Routing Protocol

2.1 Introduction

There has been very active research on routing in mobile ad hoc networks (MANETs)

and many routing metrics and protocols were proposed in the past few years, for

both unicast and multicast transmissions. However, the reliability of transmis-

sion remains a problem. Due to the mobility of nodes, the topology of a MANET

changes dynamically, which poses challenges for reliable transmission. Because of

the resource-limited nature of MANETs, too frequent rerouting will cause large

overhead and packet loss, which degrade the end-to-end reliability.

As [6] indicates, static and mobile wireless networks can present two very different

sets of challenges, and solutions that work well in one setting are not guaranteed to

work just as well in another. It also has been shown that many recently proposed

routing metrics, such as ETX [21], can only outperform the simple hop count metric

in static topologies. When nodes are mobile and network topology changes dynam-

ically, although using hop count metric does not lead to good performance, yet its

performance is better than such link-aware metrics. At this standpoint, specially

designed link-aware metrics for mobile environment are in urgent need.

In this chapter, we propose a new routing metric called normalized link availability

(NLA) which measures the reliability of a link. NLA is based on the link availability

10
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defined in [19] that indicates the probability of a link being continuously available

during a given period of time. Compared to the previously proposed reliability

metrics, such as link lifetime [12][13], NLA is more accurate since besides historical

information, it is also based on predictions. Then, we propose a new robust routing

protocol called Robust Link Availability Routing (RLAR) protocol for both unicast

and multicast. Based on a cross-layer approach, one of the modules of RLAR

calculates NLA from estimated physical layer information. The other module of

RLAR takes charge of the route discovery and maintenance based on this reliability

metric. The objective of our work is to increase the packet delivery ratio and reduce

the frequency of reroutings. The performance of RLAR protocol is evaluated with

promising results.

The rest of this chapter is organized as follows. Section 2.2 reviews some other reli-

able multicast protocols for MANETs. Section 2.3 depicts the framework of RLAR.

Then Section 2.4 and Section 2.5 describe the two modules of RLAR, respectively.

Performance evaluation is conducted in Section 2.6 and Section 2.7 concludes this

chapter.

2.2 Related Work

Generally speaking, there are two different approaches to improve the reliability of

multicast, one focuses on the MAC level [7][8], i.e., reliable transfer of data across

single-hop wireless links; the other one is targeted at the network level. More specif-

ically, the second approach achieves reliable multicast mainly from two aspects, i.e.,

loss recovery [9][10] and reliable routing [11][12][13]. Loss recovery ensures reliable

end-to-end delivery of unreliable multicast packets through acknowledgments and

retransmission. Reliable routing aims to build multicast routes with reliable links.

[7] presents an extension to the IEEE 802.11 MAC layer protocol called 802.11MX

to provide link level reliability. It adopts NAK/NCTS and dual busy tones to

reduce packet collisions and deal with packet loss recovery. Similar to [7], [8] also



12

uses the busy tones to realize multicast reliability. It proposes RMAC to achieve

full reliability which uses positive feedback ACKs. The limitation of RMAC is that

it has to deal with multiple feedbacks.

MAODV is proposed in [14], which is an extension of the well-known unicast routing

protocol AODV. It is a tree-based routing protocol which finds the multicast route

with minimal cost, such as number of hops, based on the distance vector approach.

However, it does not specifically consider multicast routing from the reliability per-

spective. [9] implements anonymous gossip over MAODV to improve the reliability

performance. When packet loss occurs in one receiver, a request for a copy of the

lost packet is sent to a randomly chosen member of this multicast group. In [10],

based on the multicast tree, FAT (family ACK tree) is proposed. When a link of the

multicast tree fails, the fragmented parts of the tree will be glued back to the tree

using the FAT protocol. Automatic repeat request (ARQ) is used for the recovery

of lost packets. [11] proposes a method called Independent-tree ad hoc Multicast

Routing which, based on the concept of alternate path routing, simultaneously con-

structs more than one multicast trees with minimal overlap. Since the trees are

independent, if one of them fails, packet may be delivered via an alternative tree

without invoking rerouting. However, since the tree construction does not take into

account the reliability metric, this method fails to rule out the possibility that all

the trees in the set have weak links and therefore are not reliable. This leads to the

situation that the alternate paths also fail when they are needed. In addition, with

multiple independent trees constructed, the size of the routing table in each node

grows significantly. [12] also constructs more than one multicast trees for reliable

enhancement, however, different from [11], the multiple multicast trees are of high

correlation, since they share some most reliable links as the backbones.

Previous schemes have proposed many routing metrics. The three metrics evaluated

in [6], i.e., expected transmission count (ETX), per-hop RTT, and per-hop packet

pair, could only have good performance in static networks. Based on historical node

staying time, [13] proposes a metric called “link lifetime”. [17] incorporates both
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signal stability and location stability to quantify the quality of the wireless link.

The link quality is estimated by statistically analyzing the historical information of

the link existence and no prediction is involved. Due to the dynamic property of

mobile ad hoc networks, these metrics based on historical information may lead to

misjudgement of link quality. [18] proposes a probabilistic link availability model

to predict the accumulative availability probability during a period of time. In

other words, in this estimation, a link is allowed to be broken down during one or

more intervals. Therefore, it is not feasible for routing algorithms because usually

after a link failure, a rerouting procedure will be performed. Based on the same

assumptions as in [18], [19] tries to estimate the link availability by considering

both the constant movement and possibly changing movement patterns. Although

the link availability is indicated to be predicted from the continuous available time,

how to generate this time value is not mentioned in [19].

2.3 The Framework of RLAR Protocol

The RLAR protocol is a hybrid protocol which combines pro-active routing with

on-demand routing. Each node in the network maintains two tables. The first one is

Link Quality Table (LQT) which stores the quality information of wireless links from

the node to its one-hop neighbors. Due to the mobility of nodes in MANETs, the

content of LQT should be refreshed from time to time. It is proposed here to use the

beaconing mechanism for general update of LQT. With the use of the beacon signal,

this part of RLAR is similar to the pro-active schemes. The other table is Routing

Table (RT) as mentioned in other routing protocols. In RLAR, the information

in RT is updated when a transmission session is initiated. In other words, the

routing procedure uses the mechanism of on-demand routing. Therefore, RLAR

consists of two modules: (1) link reliability estimation, and (2) route discovery

and maintenance. Besides being a hybrid combination of both pro-active routing

and on-demand routing, RLAR is also a cross-layer based protocol, since the link
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reliability is measured directly from physical layer information and forwarded to

higher layers. The framework of cross-layer design is shown in Figure 2.1. In the

next two sections, the two modules are discussed in detail respectively.

Figure 2.1: Cross-layer design framework.

2.4 Module I: Link Quality Estimation

We discuss the first module of RLAR in this section. For some existing routing

algorithms, such as MAODV [14], it is assumed that the best route between two

nodes is the one with minimum number of hops. This may be reasonable and conve-

nient in wireline networks, however, in mobile ad hoc networks, due to the dynamic

topology and node mobility, links are not always available. Low reliability route

will lead to frequent rerouting and cause interruption of communication. This is

intolerable in resource-limited wireless networks. Therefore, we give a high priority

to route reliability. As it will be shown, the information from physical layer can

be used to estimate the link quality between each pair of the neighboring wireless
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nodes. RLAR relies on it to update LQT and determine the optimal route for

robust routing.

2.4.1 Physical Layer Information Collection and Position
Vector Construction

We first describe how to collect information from physical layer and construct the

position vector based on such information. Two assumptions are made as follows.

(1) The shadowing model [20] is adopted as the propagation model. Transmission

channel could be modeled by the equation

Pr =
Pt ×Gt ×Gr × λ2

w

16× π2 ×D2 × L
(2.1)

In other words, the receiving power Pr is only related to the transmission power Pt,

transmission gain Gt, receiving gain Gr, wavelength λw, transmission distance D

and system loss L. Usually, Pt, Gt, Gr, λw and L are fixed values. Therefore, the

only factor that affects the receiving power Pr is transmission distance D. Based

on this assumption, a node can determine the distance to its neighbor from the

receiving power according to Equation (2.1).

(2) The antenna of one node can determine the compass direction θ from which

the other node’s signal is arriving. This technology is known as AOA (Angle of

Arrival) and has been shown feasible in GSM network positioning. Actually, the

wireless channel in wireless ad hoc network is much better than that in GSM net-

work, since the transmission range is much smaller (usually maximal 300m) and

the channel suffers less from those problems such as channel fading and multi-path

effect. Therefore, in wireless ad hoc networks, it is easier to determine the compass

direction from which the signal is arriving. Due to limited space here, we omit the

details of AOA. Interested readers are referred to [15][16].

Based on the two assumptions made above, a node could collect information from
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physical layer to determine the distance D to another node and the compass direc-

tion θ from which the other node’s signal is arriving. A position vector
−−→
Lmn from

the receiving node m to the transmitting node n can be derived from these two

parameters, with |−−→Lmn| = D and 6 −−→Lmn = θ. The construction of position vector is

shown in Figure 2.2.

Figure 2.2: Position vector.

In order to enable each node to collect accurate position vectors from one-hop neigh-

bors, we propose a beaconing mechanism for each node to actively broadcast the

beacon signal in the neighborhood. The objective of broadcasting beacon signal is

only to let one-hop neighbors know the current position of the sender. Therefore,

the beacon signal could be carried by a small beacon packet which is transmit-

ted in the same frequency band as data packets, or by a out-of-band signal such

as a narrowband tone. In order to avoid contention among beacon signals from

many neighbors, the inter-transmission time of two beacon signals of each node

is uniformly distributed in the range of [0.5T, 1.5T ], where T is the average inter-

transmission time of beacon signals. In addition, in order to minimize the overhead

caused by beacon signals, if a node has just sent out a data or control (ACK, RTS,

and CTS) packet, this packet could be used for determining position vector and

the next beacon signal could be skipped. In this way, the number of beacon sig-

nal transmissions is reduced. Due to the beaconing mechanism, the link quality

information stored in LQT is refreshed actively.
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2.4.2 Calculation of the Continuous Available Time Tp

We now show how to calculate the continuous available time Tp via the position

vectors constructed from the physical layer information. Without loss of generality,

assume that at time t = 0, node m and node n are at positions m0 and n0, respec-

tively. Let us consider nodes m and n are both in movement. As shown in Figure

2.3, after a short period of time τ , node m moves to m
′
, and node n moves to n

′
,

both with constant velocity and direction.

Figure 2.3: Translation of relative movement vector.

The movement vectors are
−→
Lm and

−→
Ln, respectively. Now we translate the two

nodes’ movements into one combined movement by fixing the position of one node,

say, node m. From the viewpoint of node m, the relative movement of node n

follows the vector −→ν , which we call the relative movement vector. It is obvious that

−→ν =
−→
Ln−−→Lm. However,

−→
Ln and

−→
Lm are not known due to the distributed structure

of MANETs. Instead, we can use another approach, i.e.,
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−→ν =
−−−→
Lm′n′ −

−−→
Lmn (2.2)

As discussed above, the position vectors
−−−→
Lm′n′ and

−−→
Lmn could be constructed from

physical layer information at node m at t = 0 and t = τ , respectively. By Equation

(2.2), we obtain the relative movement vector from the position vectors. In this

sense, the combined movement of both nodes could be interpreted as that while node

m is fixed, node n is moving along the vector −→ν . Based on −→ν and the assumption

that both nodes maintain the directions and velocities of their movements, the

trajectory of node n seen by node m is shown in Figure 2.4.

Figure 2.4: Trajectory of node n relative of node m.

Following the trajectory, node n can always communicate with node m until it

reaches position n′′, which is at a distance R from m′, where R is the transmission

range of each node. Let us denote the time taken by node n to move from n′ to

n′′ as Tp, which is clearly the continuous available time of the wireless link between

node m and node n from t = τ . Since
−−→
Lmn,

−−−→
Lm′n′ ,

−→ν and τ are all available, and
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that |−→ν ′| can be obtained from R and |−−−→Lm′n′ |, Tp can be calculated by

Tp =
|−→ν ′|
|−→ν | × τ (2.3)

2.4.3 Link Reliability Estimation

Once Tp is known, we can calculate the probability that a link is available during

the time period of Tp using the approach developed in [19]. Assuming a random

walk-based mobility model, each node moves in a constant direction at a constant

speed during a time interval called mobility epoch. The epoch length of each node

is exponentially distributed with mean λ−1. The direction is uniformly distributed

over [0, 2π) and the speed is also uniformly distributed in a given range. Also

assuming that speed, direction and epoch length are uncorrelated, mobility of nodes

are uncorrelated and links fail independently. Based on all the assumptions above,

a conservative prediction of the link being available in the time period of Tp is given

in [19] as

L(Tp) =
1− e−2λTp

2λTp

+
λTpe

−2λTp

2
(2.4)

To take into account the reliability of a link when selecting routes, we need a metric

to reflect this aspect and whose value should lie in the range [0,1]. Although L(Tp)

satisfies these criteria, it is not suitable for our purpose because it is associated

with a time scale of Tp. That is, it provides link availability estimation for the time

interval Tp. In general, each link will have a different Tp and thus it is impossible

to aggregate the L(Tp) of each link along a path to estimate the path availability.

Instead of using L(Tp), we start off with the term Tp×L(Tp), which is an estimation

of average available time of a link. Assuming that estimation will be carried out

regularly with period Tr, we can confine our interest of the estimation within Tr.

In other words, we are more interested to know the ratio of Tp×L(Tp) to Tr. When
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this ratio is smaller than one, a link with a higher value is more reliable than a link

with a lower value. On the other hand, when two links have Tp×L(Tp)
Tr

≥ 1, both

of them can be regarded as always available in the time period Tr and there is no

need to distinguish the availability of two such links. Based on the above reasoning,

we propose a new routing metric which is referred to as normalized link availability

(NLA) and its definition is as follows:

NLA = min[
Tp × L(Tp)

Tr

, 1] (2.5)

Once NLA is obtained, it is then forwarded to the network layer and stored in

LQTs.

Note that Tr is a tunable system parameter and could be related to R/S, where

S is the maximum speed at which nodes can move. As R/S is the minimum time

that a node would take to move out of the transmission range of another node, we

may set Tr to be a fraction of this value, say, R/S
10

or R/S
5

, depending on how often

we want to monitor the availability.

2.5 Module II: Route Discovery and Maintenance

Functionally, three phases are defined in the second module of RLAR: the initial-

ization phase, the operation phase, and the recovery phase. When a unicast or

multicast transmission is initiated, RLAR triggers the initialization phase to dis-

cover the optimal route based on the link quality information stored in LQTs. After

the route is successfully constructed, operation phase begins and data packets are

delivered to the receivers. When packet loss occurs, RLAR works in recovery phase

and tries to perform local recovery first. If the situation keeps on becoming worse

and more packets are lost, RLAR triggers rerouting procedure and enter the ini-

tialization phase. Next, we will discuss the route discovery in detail.
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2.5.1 Formation of a Robust Route

Assuming that each wireless link fails independently, the reliability of a single-chain

route P is then given by

Re(P ) =
∏

l∈P

NLAl, (2.6)

where NLAl is the normalized link availability of link l.

When a transmission session is initiated, the source node triggers the initialization

phase to discover the optimal route. The route discovery phase works in two steps:

(1) construct the optimal tree structure (for unicast, there is only one leaf in the

tree) with routes of the highest reliability; (2) according to a reliability threshold,

make additional protections for some vulnerable links in the tree backbone, thus

forming the ultimate mesh structure. Usually this is the partially connected mesh,

rather than the fully connected one. By forming the mesh structure, packets may

be forwarded through shorter path. In addition, the overall reliability is improved.

In order to simplify the demonstration of RLAR, we take a simple unicast scenario

as an example. The network topology is shown in Figure 2.5. The value on each

link is the NLA estimated from the first module. The source node S intends to send

packets to destination node D. If no route information is available, it will trigger

the route discovery.

Figure 2.5: Unicast network topology.

If the number of hops is used as the cost metric, the best route is the one with
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minimal number of hops, which is S → A → B → C → D, as shown in Figure 2.6.

However, from the viewpoint of reliable transmission, this route is not the best one.

According to Equation (2.6), the reliability of this route is Re = 0.4×0.3×0.7×0.9 =

0.0756.

Figure 2.6: Route with minimal number of hops.

RLAR algorithm regards NLA as the primary metric, so the best route is the one

with the highest reliability, but not necessary the one with minimal number of

hops. For this network topology, RLAR algorithm first constructs the optimal tree

structure S → E → F → G → C → D, which is shown in Figure 2.7(a). The

reliability of this route is Re = 0.6× 0.8× 0.5× 0.8× 0.9 = 0.1728, which is much

better than that of the minimal-hop route.

Then, in the second step, RLAR examines each link in the tree structure. For some

links, if the NLA is smaller than a given threshold Lr, e.g. Lr = 0.8, protections

for such links are made. Redundant paths are set up to protect these relatively

weaker links. Note that there is no resource reservation in the redundant paths,

only the route information is stored in RTs of corresponding nodes. When delivering

a packet, if the weak links in the tree backbone fail, the packet can be delivered

through the protection path. After this step, the tree structure becomes a mesh

structure, which is shown in Figure 2.7(b).

As a result, the reliability of this route is Re = [1− (1− 0.6)(1− 0.4× 0.4)]× 0.8×
[1− (1− 0.5)(1− 0.7× 0.3)]× 0.8× 0.9 = 0.2314, which is better than the one we

obtain in the first step.
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(a) RLAR 1st step, tree structure.

(b) RLAR 2nd step, mesh structure.

Figure 2.7: Routing result of RLAR.

2.5.2 Implementation Issues

In the previous section, we have demonstrated the procedure of route discovery.

Here we discuss some related implementation issues.

1) How to construct the optimal tree structure?

This can be achieved by simply adopting an flooding approach similar to that of

DSR. Let us consider the network depicted in Figure 2.5. Node S broadcasts RREQ

messages to A and E. Instead of the number of hops, the information included in

each RREQ message is called cumulative path reliability, which is the product of the

traversed link reliabilities. Node A then inserts (S-A 0.4) into the RREQ message

and broadcast it, while Node E inserts (S-E 0.6) into the RREQ message. When the

RREQ message from node A arrives at node E, E inserts (S-A-E 0.16) and compares

the value with the previous one. It is obvious that 0.16 < 0.6, so node E knows it

is a worse path and discards the RREQ message from node A. All the intermediate



24

nodes repeat the same procedure. When all the RREQ messages arrive at node

D, it compares the values in each packet and chooses the maximal one. The path

included in this packet is therefore part of the optimal tree structure which has the

leaf as node D. Obviously, this approach does not introduce additional overhead

compared to DSR and AODV.

2) How to construct and maintain the mesh structure?

In addition to the optimal tree structure, additional protections are made for some

vulnerable links, which leads to the mesh structure. First, an reliability threshold

Lr is used to determine whether a link is reliable enough. If a certain link with

reliability smaller than Lr, e.g., in Figure 2.5 link S-E with NLA = 0.6 < Lr = 0.8,

the redundant path S-A-E is included to protect it. This is done by including

corresponding route information in the RTs of node S and node A. Similarly, by

including route information in the RTs of node F and node B, protection path F-

B-G is provided for link F-G. The value of Lr determines the number of protected

links and therefore affects the overall reliability as well as the requirement of memory

storage for RTs. It can be tuned for different network topologies and node mobilities.

After the initialization phase, RLAR enters operation phase and data packets are

delivered to the receivers. When packet loss occurs during the operation phase,

RLAR will first try to perform local recovery. This is done by adjusting the protec-

tion links according to the up-to-date content of LQTs, while the backbone of the

original tree structure will not be changed. When the situation becomes worse and

more packets are lost, a rerouting procedure is performed and a new tree backbone

will be constructed.

It should be noted that there are many different approaches to make the protections.

In the above discussion, we adopt the most direct one - link protection. Some other

approaches such as end-to-end protection and portion protection are still under

study. The objective of these protection approaches is to draw a balance between

the reliability enhancement and the increased requirement for RT memory storage.
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2.5.3 Multicast Example

In this section, a multicast scenario is shown as an example. Based on the descrip-

tion in the previous section, the route obtained by MAODV is shown in Figure

2.8(a), while the one obtained by RLAR is shown in Figure 2.8(b). It is obvious

that the latter one has higher reliability.

(a) Resultant route of MAODV.

(b) Resultant route of RLAR.

Figure 2.8: Multicast example.
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2.6 Performance Evaluation

This section describes the simulations we have done to evaluate the performance of

RLAR. We compare the performance of this protocol with MAODV and two other

reliable routing protocols, i.e., ITAMAR [11] and RoMR [12]. How the accuracy of

link reliability estimation will affect the performance of RLAR is also investigated.

2.6.1 Simulation Setup

First the simulation setup for our experiments is described. In order to estimate

the reliability performance of the algorithms, it is assumed that no congestion and

collision is involved and all the packet losses are caused by link failures due to node

mobility.

Firstly, there is a requirement for our proposed protocol that the node density is

high enough in the neighborhood so that redundant protective links could be con-

structed. Note that this is also a common requirement for ITAMAR and RoMR.

One multicast session with single source and multiple destinations is simulated. We

use the shadowing model [20] as the propagation model in physical layer. There are

50 uniformly placed nodes in the wireless network, with distance between two adja-

cent nodes about 250 m. The transmission range is 300 m. The source sends data

at the rate of 100 packets/second. The random walk-based mobility model is used

to determine the movement of each node. λ−1 = 10 and the range from which the

random speed is generated is tuned for different scenarios. The reliability threshold

is Lr = 0.7. For each scenario, at first all the nodes have a velocity of 10 m/s. In the

next epoch, the velocity is uniformly generated from a specific range. The moving

direction is uniformly generated from [0, 2π). The link reliability estimation and

route discovery are performed at the beginning of the simulation. MAODV uses

hop-count as the routing metric, while ITAMAR builds up two independent trees

for each multicast session and RoMR uses link lifetime as the routing metric. After

the source node sends out 1100 packets, the simulation is finished. In order to better
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estimate the reliability performance, during the simulation, no rerouting is allowed.

Every scenario is simulated for 10000 times and the average result is adopted.

The performance metrics used in evaluation are:

• Packet delivery ratio: The number of packets successfully delivered to all

the multicast receivers over the total number of data packets needed to be

delivered. This metric directly measures how reliable a route is because no

retransmission is assumed.

• Average communication time before rerouting: The average communi-

cation time before a rerouting procedure should be triggered, i.e., the continu-

ous reliable communication time before route failure. Route failure followed by

rerouting procedures would interrupt the data transmission and cause packet

loss during the transient period. Therefore reliability and throughput would

benefit from longer communication time before rerouting.

• The number of successful communications: The number of communi-

cations during which all the packets are successfully delivered to the destina-

tions, i.e, no route failure occurs during the communication. This is another

metric to reflect the reliability of a selected route.

The performance comparison between RLAR and other schemes are evaluated in

each scenario. With any estimation method, certainly there is estimation error. In

order to evaluate how the estimation error in Tp will affect the performance, we also

perform some simulations of RLAR for the case with precise estimation of Tp. This

is done by pre-defining the movement trajectory of each mobile node. In this way,

an exact Tp is obtained directly. In the following plots, those results with exact Tp

are represented by the curve labeled as ”RLAR (no error)”. Note that although an

exact Tp is used in Equation (2.4) to estimate the link availability, the estimated

availability still has error incurred by the model used in [19]. Also note that it is

not possible in actual implementations to have precise Tp, however, some additional
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technologies such as GPS might help minimizing the estimation errors.

2.6.2 Simulation Results

In this section, the simulation results are shown and analyzed. The performances

of different protocols are drawn in the same figure for comparison. The horizontal

axis of each figure is nodes’ mobility speed, which represents the range from which

the random speed is generated. For example, the value 5 means the range is [0, 5],

10 represents [5, 10], and so on.

Figure 2.9 shows the packet delivery ratio. Note that during the simulation, no

rerouting is allowed, therefore it is reasonable that the packet delivery ratios of other

protocols may seem to be smaller than those reported in the literature. It is obvious

that MAODV has the worst performance since it does not consider the reliable

delivery of packets. Also, due to the less accurate estimation of link reliability,

RoMR cannot choose the optimal route and thus has lower packet delivery ratio

than RLAR. When nodes are static or quasi-static, ITAMAR has higher delivery

ratio because of two independent alternative paths. However, as the mobility speed

increases, the performance of ITAMAR drops dramatically. This is mainly due to

the fact that ITAMAR does not estimate link reliability for routing metric. When

nodes are moving fast, the probability of both independent trees having weak links

is high and the performance of the algorithm is degraded. Although ITAMAR can

reduce this probability by building up more independent trees, the requirement

for memory storage puts too much overhead to the nodes. As can be seen from

the curve labeled as “RLAR (no error)”, if we can eliminate the estimation error,

the performance of RLAR will be improved and the performance degradation due

to speed increase will also be reduced. We have also plotted the 95% confidence

interval of the simulation results of RLAR and they are reasonably small.
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Figure 2.9: Packet delivery ratio.

Figure 2.10 shows the average communication time before rerouting. This metric

is obtained by recording the simulation time before any route failure. Once a route

fails, the packet cannot be delivered to the destination via the original route, thus a

rerouting should be performed. Due to the resource-limited characteristic of wireless

networks, frequent rerouting will cause large overhead and degrade the performance

of the network. In addition, the packet in delivery during the rerouting procedure

may be lost. Therefore, if the communication time before rerouting is longer, the

original route is more reliable and the frequency of rerouting will be decreased.

From Figure 2.10, we can see that RLAR always has longer average communication

time than MAODV and RoMR. ITAMAR can achieve longer time with low mobility

speed at the cost of more memory storage of RTs. When mobility speed increases,

the average communication time achieved by ITAMAR has the similar decreasing

trend as the packet delivery ratio.
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Figure 2.10: Average communication time before rerouting.

Figure 2.11 shows the number of successful communications. A communication

is regarded as successful if no route failure happens during the whole simulation

period, i.e, no rerouting procedure is needed in the simulation time. This metric

is related to the reliability of the original route and the nodes’ mobility speed. As

shown in Figure 2.11, even when speed is low, MAODV has very few successful

communications, while the other three reliable routing protocols have much more.

It is also noted that as speed increases, the number of successful communications

drops dramatically for all protocols. This implies that in highly dynamic scenarios,

rerouting is necessary.
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Figure 2.11: Number of successful communications.

In summary, RLAR is more efficient and effective when compared to some previous

multicast routing protocols. The reliability metric estimated by RLAR from physi-

cal layer information is more accurate than the historical data used by RoMR, and

it requires much less memory storage than ITAMAR with comparable performance

at low mobility speed, while much better performance at high mobility speed.

2.7 Conclusion

RLAR is a new robust routing protocol for mobile ad hoc networks. It combines

pro-active routing with on-demand routing. The two modules of RLAR are respon-

sible for pro-active estimation of link reliability and on-demand optimal routing,

respectively. One strength of RLAR is that it accurately estimates link reliabil-

ity from physical layer information, therefore it works well with dynamic network
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topologies. Based on estimated link reliability, the optimal routing tree is con-

structed. Additional protective links are also added to the tree backbone to form

the ultimate mesh structure so as to further enhance reliability. From simulations,

RLAR is proved to successfully reduce the number of reroutings and improve the

average communication time before a rerouting procedure is triggered. The packet

delivery ratio is also remarkably increased. In addition, it has been shown that the

performance of RLAR can be further improved by more precise estimation of link

reliability.



Chapter 3

Rate Allocation in the Network
Layer

3.1 Introduction

3.1.1 Wireless Networks: Characteristics and Constraints

After the reliable routing protocol determines the traffic pattern in the network,

the following question is then motivated: can we make intelligent rate allocation

decisions that maximize the resource utility for all users? Because of the local

broadcasting and spatial interference characteristics of wireless network, the con-

straints for the optimal solution are quite different from that in wireline networks.

Let us first discuss such constraints in detail. In wireline networks, different flows

compete with each other only when they share the same link. So the bandwidth of

individual links is the resource to be allocated. However, since the wireless channel

is a shared medium and interference-limited, flows within the interference ranges

of each other compete for the medium, the shared resource in wireless networks is

thus no longer the link-based bandwidth. Let’s consider the network topology in

Figure 3.1(a).

First we assume the transmission range equals the interference range. This is a

reasonable assumption adopted in many previous works, such as [22][23][24][25].

Actually, the interference range could be adjusted by tuning the carrier sensing

33



34

(a) Topology graph (b) Flow contention graph

Figure 3.1: Contentions in wireless ad hoc networks.

threshold and is not necessarily equal to the transmission range. The choice of

interference range is a trade-off between interference avoidance and spatial reuse.

The larger the interference range is, the larger the interfering neighborhood is and

thus, nodes are more sensitive to other active flows and spatial reuse is limited.

However, such trade-off will not affect the discussion and analysis of our problem.

We will keep the above assumption unless specially indicated. In Figure 3.1, f1,1

and f1,2 are two subflows of the multi-hop flow f1. Similarly, f2,1 and f2,2 are

two subflows of the multi-hop flow f2. In wireless networks, nodes are usually

regarded as half-duplex. It means that a node cannot transmit and receive data

simultaneously. This implies that f1,1 and f1,2 cannot be active at the same time,

due to the constraint of node B. This constraint is called MAC constraint. Also, f1,2

and f2,2 cannot be active simultaneously. This is because that node C and node D

are within the interference ranges of each other. In wireless networks, nodes usually

use omnidirectional antennas and the transmission is performed as a local broadcast.

When node D is transmitting to E, the signal can also reach node C. This signal

interferes with that from node B, which prevents node C from correctly receiving the

data. In addition, assuming that the basic two-way handshake mechanism of IEEE

802.11 MAC protocol is used, an ACK packet will be sent back to the source node

from the destination node after the data packet is correctly received. Therefore,

when f2,1 is active, the subsequent ACKs transmitted in the reverse direction could



35

possibly collide with the data packets of f1,2 at node C, thus they cannot be active

simultaneously either. In these cases, flows that traverse different paths interfere

with each other. This is the interference-limited characteristic of wireless media.

Based on the topology graph, we define the flow contention graph [22], G = (V, E)

whose vertices, V , are the one-hop flows in the network. If two vertices have a

common edge e ∈ E, it means that the two flows cannot transmit simultaneously.

Figure 3.1(b) is the corresponding flow contention graph of the topology graph in

Figure 3.1(a). Note that a flow contention graph is different from a wireless link

contention graph mentioned in [23], in which each vertex represents a wireless link.

There might be more than one flow in each wireless link. Under this circumstance,

these flows traverse the same wireless link will contend for the shared capacity. In

order to show the contention relations between flows clearly, different flows in the

same wireless link are represented by different vertices in the flow contention graph,

rather than a single vertex as in the wireless link contention graph.

As we can see, there are some fully meshed subgraphs in the flow contention graph.

We call these subgraphs as cliques. A maximal clique is a clique which is not a

subgraph of any other clique. We use Ω to denote a maximal clique. For example,

there are two maximal cliques in Figure 3.1(b), i.e., Ω(f1,1, f1,2) and Ω(f1,2, f2,1, f2,2).

Only one flow can be active in a maximal clique at any time. This constraint is

called clique constraint. It is obvious that clique constraint is more restrictive than

MAC constraint. With clique constraint, flows in a maximal clique compete for

the shared medium. So in wireless ad hoc networks, the shared resource is the

bandwidth of each maximal clique rather than individual wireless links.

3.1.2 End-to-end Rates of Multi-hop Flows

There are many previously proposed algorithms which have been shown to perform

well in providing fair rate allocation among single-hop wireless flows. Regarding

the multi-hop flows, these algorithms attempt to break each of them into multiple
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single-hop flows, called subflows. Unfortunately, this approach might cause some

serious problems. This is illustrated by an example using the topology in Figure

3.1(a) again. We assume that each wireless link has an effective bandwidth of 1

Mbps. Let f1 and f2 be split into subflows f1,1, f1,2 and f2,1, f2,2 respectively. When

we consider the rates of subflows, according to the max-min fairness criterion, f1,2,

f2,1 and f2,2 share the same clique and each has a equal rate of 1/3. Thus f1,1, which

shares the other clique with f1,2, will be allocated with the remaining bandwidth

and have a rate of 2/3. However, since subflows f1,1 and f1,2 are both part of flow

f1, if the rate of f1,1 is larger than f1,2, packets from f1,1 will accumulate and cause

congestion at node B. With the use of an end-to-end transport protocol such as

TCP, the rates of f1,1 and f1,2 will stabilize to the same value, i.e., the end-to-end

rate of the multi-hop flow f1. Thus, there is no point to allocate a higher rate to

f1,1. In addition, a flow generally spans multiple hops across the network and it

is the end-to-end throughput which determines the quality of service perceived by

users. At this standpoint, it is more appropriate to consider the rate allocation from

the end-to-end perspective, rather than splitting each multi-hop flow into multiple

subflows and allocating the rates of subflows separately. Therefore, in the following

discussions, the end-to-end rates of multi-hop flows is considered.

3.1.3 Organization of this Chapter

The rest of this chapter is organized as follows. Section 3.2 presents some related

work. Section 3.3 describes the fairness objective and the price-based rate allocation

scheme. According to the clique constraint of wireless networks, the link-based price

is generalized into clique-based price in this section. Based on the clique-based

price, a new fair rate allocation algorithm is proposed to achieve max-min fairness

among different multi-hop flows. In Section 3.4, we discuss some implementation

issues. From the approach of implementing the proposed rate allocation algorithm,

it could be noted that this algorithm works in a completely distributed manner. The

performance of the proposed scheme is evaluated in Section 3.5, with both static
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and dynamic flows. In Section 3.6, we further improve the convergence time of our

scheme by skipping some unnecessary gradual adjustments. The performance of

this fast converging approach is evaluated through simulation and the improvement

is significant. The proposed scheme is extended to weighted max-min fairness in

Section 3.7. Section 3.8 highlights the contributions of our work in this chapter and

Section 3.9 concludes this chapter.

3.2 Related Work

In wireline networks, the price-based resource allocation approach has been well

studied [26]-[28]. [26] has proved that max-min fairness can be achieved for a specific

utility function. [27] shows that max-min fairness can also be achieved through the

appropriate choice of utility functions which, however, needs global information of

the network. In addition, as shown in [28], defining a sequence of utility functions

such that the limit of the maximum utility rate allocation is max-min fair will

approach max-min fair share of the network resource. [29][30] propose a simple and

direct solution - MaxNet, to this problem, i.e., to charge users the maximum price

of any of the links they use. If all users have the same utility functions, it achieves

max-min fairness.

In recent years, the rate allocation for wireless networks receive more and more

attention. Due to the unique characteristics of wireless networks, different schemes

try to look into this problem from various approaches. [22] focuses on providing

max-min fair allocation and attempts to compute the appropriate bandwidth share

for each flow based on its surroundings. However, it only considers single-hop inde-

pendent flows and splits the multi-hop flows into multiple subflows. [31] designs a

general analytical framework and mechanism for arbitrarily specified fairness model

via a utility function, and concentrates on achieving such a given fairness model by

an appropriate MAC layer design. According to the utility function, it adjusts the

persistence probability of each flow to contend for the shared medium. Again, it
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only considers one-hop flows rather than the end-to-end rates of multi-hop flows.

A scheduling algorithm is proposed in [32]-[34] to provide max-min fair end-to-end

rate allocations in wireless ad hoc networks with MAC constraint, which assumes

that nodes in a neighborhood have different frequencies and only requires that no

node simultaneously transmit and receive packets. [35] puts forward the problem

of clique constraint, however, when the problem is solved, the constraint is reduced

to the MAC constraint. The rate control mechanism studied in [23][38][39] can be

categorized as the dual congestion controller since it can be interpreted as a gra-

dient algorithm for the dual of an optimization problem. The limitation is that

the iteration of the solution to the optimization problem has highly computational

complexity. In addition, when applied to the dynamic flows, the whole iteration

process might have to restart from the very beginning. [40] proposes and studies

the primal-dual congestion controller, which updates the data rates to mimic the

gradual response to congestion feedback of TCP. In this work, even though the

congestion control is distributed, the scheduling is still assumed to be centralized.

[25] also studies rate allocation from an end-to-end perspective, but its objective

is to maximize the spatial reuse of spectrum, while guaranteeing a basic fair share

to each flow. Also, its distributed algorithm could only lead to approximate solu-

tions. Although [41] realizes many limitations of the previous papers, when trying

to eliminate such limitations, the study is based on the node-exclusive model, which

essentially only reflects the MAC constraint.

3.3 Fairness Objective and Price-based Rate Al-

location

Our scheme employs max-min fairness as the criterion. The basic idea behind

max-min fairness is to first allocate equal bandwidth to all contending users. If a

user cannot utilize its bandwidth, because of constraint elsewhere, then the residual

bandwidth is distributed among others. Thus, no user is penalized excessively, and a
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certain minimum quality of service is guaranteed to all users [32]. Max-min fairness

guarantees equal bandwidth to flows that traverse paths of similar congestion level

and transmit packets at equal rates. The definition of max-min fairness is as follows.

Definition 1. Assume there are n users in the network. If for a rate allocation, the

aggregate of allocated rates does not exceed the bandwidth bound, we say that this

is a feasible rate allocation. For a feasible rate allocation X (consisting of n rates,

i.e., x1, x2, · · · , xn for n users), comparing to any other feasible rate allocation S, if

there is a i such that xi < si, and there is a j such that xj ≤ xi and xj > sj, then

X is said to be max-min fair allocation.

More generally, a feasible rate allocation is said to be max-min fair if no flow rate

can be increased while maintaining feasibility without decreasing that of any other

flow having equal or less rate. Note that the max-min fair rate allocation is unique

since the feasible set is compact and convex [33].

Consider a network with a set of users S and a set of links L. In the price-based

rate allocation framework, in general, user and link processes are described by:

xs(t + 1) = Ds(qs(t)) (3.1)

pl(t + 1) = G(yl(t), pl(t)), (3.2)

where xs(t) is the transmission rate of user s at time t, qs(t) is the network’s con-

gestion signal communicated to user s, pl(t) is the congestion signal link l generates

(also called the price of link l), and yl(t) is the aggregate traffic arriving at l. Func-

tion D(·) is called demand function, which is often assumed to be a continuous,

positive and decreasing one. The inverse of the demand function is called utility

function, which indicates user’s goal-attainment or want-satisfaction. Function G(·)
is called price update rule. In wireline networks, different flows compete with each

other only when they share the same link, so the price is generated from each link
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to reflect the congestion within it. The basic form of G(·) is described as:

G(·) : pl(t + 1) = [pl(t) + γ(yl(t)− bl)]
+, (3.3)

where bl is the bound of link l, i.e., the link capacity, γ is a step size parameter and

[z]+ = max(z, 0).

In general Internet-like networks (called SumNet in [29]), a user is charged the sum

of the prices of all the links that it uses, i.e.,

SumNet : qs(t) =
∑

l∈Ls

pl(t), (3.4)

where Ls denotes all the links that user s uses. Some previous works ([26][27][28])

have proved that by charging the sum of the prices at all the links that a flow

traverses, max-min fairness can be achieved under certain conditions, for instance,

the appropriate choice of utility functions.

As shown in [29], MaxNet is a simple and direct approach to achieve max-min

fairness in wireline networks, in which users are charged by the maximum price of

any link they use, rather than the sum of the prices. That is,

MaxNet : qs(t) = max
l∈Ls

pl(t) (3.5)

If all users have the same utility functions, MaxNet achieves max-min fairness. The

Internet naturally supports this assumption of the same source behavior since most

of the flow-controlled traffics are generated by the dominant transport protocol

TCP. If all traffic sources have the same utility functions, simply by charging each

user the maximum price of any link that its flow traverse, the max-min fairness of

bandwidth allocation is achieved.

Since wireless transmissions are locally broadcasting in the shared media, wireless

links are always interference-limited and the flows within the interference ranges of
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each other compete for the medium even though they do not share the same wireless

link. Due to the clique constraint, the shared resource is no longer the bandwidth

of individual wireless links, but should be based on the maximal cliques. At this

standpoint, we consider to regard each maximal clique as an entity and analyze the

contention within it. In our scheme, the clique-based price is generated as:

pΩ(t + 1) = [pΩ(t) + γ(
∑

l∈CΩ

∑

s∈S(l)

xs(t)

cl

− bΩ)]+, (3.6)

where CΩ denotes the wireless links traversed by all subflows in maximal clique Ω

and S(l) denotes the set of flows using wireless link l with capacity cl. Since for a

feasible rate allocation, the aggregate of all the time fractions xs/cl never exceeds

1, the normalized bound of the resource bΩ can be set to 1.

It should be noted that, the condition that the bound bΩ = 1 is only applicable

to perfect graph1. If a contention graph is not a perfect graph, the bound should

be reduced accordingly. For example, let us consider the flow contention graph in

Figure 3.2.

Figure 3.2: Ring graph of size 5

If we apply br = 1 to this flow contention graph, according to max-min fairness,

each flow would get a rate of 1/2. However, it is impossible to get such rates

since at any time at most two flows can transmit simultaneously. In fact, this is

not a perfect graph and thus the bound should be reduced accordingly. Generally

speaking, according to the result on edge colorability in graphs [43], if we reduce the

1A perfect graph [42] is a graph in which the chromatic number of every induced subgraph
equals the clique number of that subgraph. A perfect graph has no induced subgraph that is
isomorphic to an odd hole, which contains an odd number of vertices, or its complement.
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bound bΩ to 2/3, this condition will be sufficient for all the graphs, either perfect

ones or non-perfect ones. In this chapter, we regard all the graphs as perfect

ones and keep bΩ = 1. Take the maximal clique Ω(f1,2, f2,1, f2,2) in Figure 3.1

for example. The price is updated through the following calculation: pΩ(t + 1) =

[pΩ(t) + γ( x1

clBC

+ x2

clFD

+ x2

clDE

− 1)]+.

Based on the clique-based price pΩ in Equation (3.6), the algorithm adopted in our

scheme is described as:

qs(t) = max
Ω∈Rs

pΩ(t), (3.7)

where Rs denotes all the maximal cliques that multi-hop flow s traverses. This

equation indicates that each multi-hop flow is charged with the maximum price

of all maximal cliques that it traverses; in other words, this flow is controlled by

the maximum price. The maximal clique with the maximum price is called the

flow’s controlling clique. According to Equation (3.6) and Equation (3.7), we put

forward Proposition 1 and Proposition 2 as follows. The detailed theoretical proofs

of Proposition 1 and 2 are given in Appendix A and B respectively.

Proposition 1. In wireless ad hoc networks, congestion prices are generated at

each maximal clique. By charging each multi-hop flow with the maximum price of

all maximal cliques that it traverses, the rate allocation will converge to a stable

equilibrium.

Proposition 2. When the rates of all the multi-hop flows are determined by the

same demand functions, by charging each multi-hop flow with the maximum price of

all maximal cliques that it traverses, the steady state of rate allocation is max-min

fair.
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3.4 Implementation Issues

In this section, we discuss some implementation issues on how to apply the proposed

rate allocation scheme to current wireless ad hoc networks.

3.4.1 Information Maintenance and Exchange

In the above discussion, a maximal clique is regarded as a network entity that can

carry out the price update function. However, a maximal clique is only a logical

entity based on flow contention graph. To deploy the scheme in actual ad hoc

networks, the information maintenance and price update need to be carried out by

the nodes traversed by all subflows in the maximal clique.

To implement our scheme, each node in the network needs to know neither the

entire network topology, nor the complete flow contention graph. Instead, each

node maintains the contention information of local portion of the network, which

includes the local flow contention graph, rate of each local subflow, and price of each

local maximal clique. Take Figure 3.1(a) for example. Node A is only related to

subflow f1,1, which is contending with f1,2. Therefore the information maintained

by node A includes the flow contention graph of maximal clique Ω(f1,1, f1,2), the

rates of f1,1 and f1,2, and the price of maximal clique Ω(f1,1, f1,2). For node B,

it is related to subflow f1,2, which is contending with subflows f1,1, f2,1 and f2,2.

Hence, the information maintained by node B includes the flow contention graph

of maximal cliques Ω(f1,1, f1,2) and Ω(f1,2, f2,1, f2,2), the rates of f1,1, f1,2, f2,1 and

f2,2, and the prices of maximal cliques Ω(f1,1, f1,2) and Ω(f1,2, f2,1, f2,2).

Here rises another problem, i.e., how to obtain the information mentioned above.

For node B, it is unaware of subflows f2,1 and f2,2 itself, since both of them are

out of its transmission range. Therefore, in order to obtain the necessary local

information, node B needs to exchange information with the neighboring nodes.

In this example, node C could provide node B with necessary information about
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subflows f2,1 and f2,2.

In order to generalize the situation, Proposition 3 is proposed as follows.

Proposition 3. If we call the two communicating nodes of each subflow as its

transmission pair, for each subflow in a maximal clique, at least one end of its

transmission pair can overhear the ongoing transmission (either data packets or

ACKs) of other subflows in the maximal clique.

Proposition 3 is proved in Appendix C. Based on Proposition 3, the two ends of

each transmission pair together could cover all the necessary information in local

cliques. By overhearing the subflows (either data packets or ACKs) within its

transmission range and exchanging information with immediate neighbors, each

node could construct the local flow contention graph.

It should be noted that some nodes, such as node A and node B, are involved

in multiple maximal cliques. In order to perform price update in each clique, they

should be able to decompose their local flow contention graph into separate maximal

cliques. The feasibility of decomposition has been proved in [22] based on the

definition of contention tree and we omit the relevant discussion here.

3.4.2 Packet Header and Scheme Working Procedure

In order to apply our scheme, two fields are included in the packet header. One is

the price field which contains pΩ and the other one is the rate field which contains

xs. The two additional header fields should be applied to both data packets and

control packets, such as ACK, RTS and CTS.

The value in the rate field provides information about the calculated rate of the

ongoing subflow. Each node in the network regularly listens to the media to get

the rate information and exchanges it with other ends of its transmission pairs.
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At the same time, each node uses Equation (3.6) to update the local contention

information it maintains independently. Therefore, there is no need to exchange

price information.

According to the feedback of the congestion price pΩ and demand function, the

source node of each multi-hop flow calculates the transmission rate xs and fills this

value into the rate field of packet header. The price field is also initiated as zero

here. Then this packet is sent out to the first relaying node. When a new packet

which needs to be relayed arrives, the intermediate node compares the price stored

locally with that in the price field of the packet header. If the first one is greater,

this node updates the price field. At the same time, it reads the rate field and

schedules the transmission accordingly. In this way, when the packet arrives at the

destination node, the value of price field should be the maximum one. Then this

maximum price will be sent back to the source node in acknowledgement packet.

It is noted that in our proposed implementation, price updates in each maximal

clique are based on the calculated flow rates stored in the rate field, rather than

the actual transmission rates. Since the calculated rates are always changing faster

than the actual rates toward the equilibrium, this scheme has a shorter convergence

time than those previous price-based schemes which update price based on actual

rates. After equilibrium is reached, the rate allocation converges to feasible max-

min fairness, and thus calculated rates equal actual rates.

From the discussion above, it can be seen that this fair allocation scheme works in a

completely distributed manner. Each node maintains local contention information

and performs the price update and packet transmission independently. The only

information exchanges occur within each transmission pair.
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3.5 Performance Evaluation

Two sets of simulations are conducted, one is with static flows and the other one is

with dynamic flows. Static flow refers to a flow that is active for such a long time

period that it can be regarded as if it will never leave the network after it joined in.

In contrast, dynamic flows join and leave the network dynamically and often change

the flow contention graphs accordingly. The effective bandwidth of each wireless

link is 1 Mbps and the wireless channel is error-free. All the sources have the same

demand function xs(t + 1) = xmaxe
−k·qs(t) and γ = 0.1.

3.5.1 Simulation with Static Flows

(a) Topology 1 (b) Flow contention 1

(c) Topology 2 (d) Flow contention 2

Figure 3.3: Topologies for static flow simulation.

The proposed fair rate allocation scheme is simulated in two topologies, shown in
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Figure 3.3 along with their corresponding flow contention graphs. Note that the

simulation for the first topology is also conducted in [25]. We make the comparison

in order to show that different objectives lead to different results. Our objective is

different from that in [25], since it focuses on the overall spatial reuse with basic

fairness while we focus on the strict max-min fairness.

The calculated source rates of the flows are shown in Figure 3.4. Initially, all the

maximal cliques have price pΩ = 0, so all the sources have qs = 0 and get the calcu-

lated price as xmax. Then the prices are updated at each maximal clique, and the

maximum one is regarded as the feedback network congestion signal communicated

to each source. Every source adjusts its end-to-end flow rate according to the con-

gestion signal. Note that in a maximal clique, the aggregate of all the time fractions

xs/cl should not exceed 1. At this standpoint, before steady state is reached, those

rates shown in Figure 3.4 are not the feasible rates of the multi-hop flows, but are

the calculated rates obtained from the prices and demand function.
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(a) Simulation result 1

(b) Simulation result 2

Figure 3.4: Simulation results of static flows.



49

In steady state, the calculated rates satisfy the clique constraint as well as max-

min fairness, so in this period, the actual rates are equal to the calculated rates,

which are already feasible. In Figure 3.4(a), after about 120 time intervals (round-

trip-time), flow rates converge to the max-min allocation as listed in Table 3.1.

In Figure 3.4(b), it takes about 60 time intervals to get into the steady state and

achieve max-min fairness. Note that the convergence speed is comparable to and

even better than other price-based schemes in ad hoc networks, for instance [23],

whose system converges to an equilibrium rate allocation and an equilibrium price

vector within an average of 800 iterations.

We can see that there are only two flow rate curves in the first topology. This

is because that there are only two kinds of maximal cliques in the flow contention

graph, i.e., with two vertices and three vertices. All the sources are either controlled

by the first kind or the second kind, leading to two different rate curves in Figure

3.4(a). In the second topology, sources are controlled by three different kinds of

maximal cliques. Therefore there are three rate curves in Figure 3.4(b).

Table 3.1: Theoretical max-min allocation (Mbps) for static flows.

f1 f2 f3 f4 f5

Topology 1 1/3 1/3 2/3 1/3 1/3
Topology 2 1/4 1/4 1/3 1/3 2/3
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3.5.2 Simulation with Dynamic Flows

In general, flows in the network change dynamically. In this section, we evaluate

the performance of the proposed rate allocation scheme with dynamic flows. The

topology is shown in Figure 3.5. Initially, there are five active flows, f1, f2, f3,

f4 and f5, as shown in Figure 3.5(a). The corresponding flow contention graph is

shown in Figure 3.5(b). After 150 time intervals, f1 leaves the network, which is

shown in Figure 3.5(c). The flow contention graph becomes Figure 3.5(d). Then,

at the 300th time interval, two other flows, f6 and f7 begin to be active. The

corresponding flow contention graph is shown in Figure 3.5(f).

The simulation result is shown in Figure 3.6. In order to clarify the behavior of

the scheme when some flows are joining or leaving the network, the rates of the

three most representative flows are described in the figure. As is shown, before f1

leaves the network, the rate allocation converges to x2 = 1/4, x3 = 1/3, x5 = 2/3.

Up until the 150th time interval, since no change in flow contention graph has

occurred, these curves could be observed as the algorithm performance with static

flows. When f1 becomes idle, after a short transient period, the rate allocation

again converges to x2 = 2/3, x3 = 1/3, x5 = 2/3. Then f6 and f7 begin to be

active and the rate allocation finally converges to x2 = 3/8, x3 = 1/4, x5 = 3/4.

For comparison, the theoretical allocation of each topology is listed in Table 3.2.

Obviously, the proposed rate allocation scheme also works well with dynamic flows.
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(a) Topology 1 (b) Flow contention 1

(c) Topology 2 (d) Flow contention 2

(e) Topology 3 (f) Flow contention 3

Figure 3.5: Topologies for dynamic flow simulation.
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Figure 3.6: Simulation result of dynamic flows.

Table 3.2: Theoretical max-min allocations (Mbps) for dynamic flows.

f1 f2 f3 f4 f5 f6 f7

allocation 1 1/4 1/4 1/3 1/3 2/3 - -
allocation 2 - 2/3 1/3 1/3 2/3 - -
allocation 3 - 3/8 1/4 1/4 3/4 3/8 1/4
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3.6 Fast Converging Approach

3.6.1 Approach Description

In order to accelerate the convergence speed, we enhance the rate allocation scheme

as follows. From the simulation results, it is noted that there are two different

behaviors of changing flow rates before entering the steady state. Type I flow is of

the monotonously decreasing trend, for example, flow f1 in Figure 3.4(a). If in a

maximal clique, all the flows are controlled by this maximal clique, which means

none of them are bottlenecked elsewhere, we call the flows in this maximal clique are

Type I flow. It means that such flows all have the same price of this maximal clique

and thus equally share the capacity of this maximal clique. The trend of Type II

flow is first monotonously decreasing, and then after a turning point monotonously

increasing. This characteristic arises from the fact that, in a maximal clique, one

or more Type I flows are not controlled here and thus have greater price than this

clique. The rates of such flows are determined by other more congested cliques

elsewhere. Thus the remaining flows in this maximal clique, which are called Type

II flow, can have better rates with the residuary capacity. For example, flow f3 in

Figure 3.4(a) is a Type II flow.

As we can see, before the flow rate allocation converges to steady state, the price-

based scheme adjusts the rates gradually. Actually in steady state, for Type I flow,

the capacity of the maximal clique is evenly distributed. Even for Type II flow, if

we can make the turning point appear earlier, the rate might also converge faster.

This characteristic inspires an approach to speed up the convergence speed. By

carefully skipping some gradual adjustments, the overall convergence time should

be reduced greatly. Incorporating the mechanism of event-driven and cross-layer

concept, this approach can be realized. It is outlined in Figure 3.7.

Again, there is an assumption as we addressed earlier, i.e., all users have the same

utility functions. In a wireless ad hoc network, all nodes are potential users that
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Figure 3.7: Outline of fast converging approach.

may initiate a flow. According to the assumption made above, all nodes in the

network have the same utility function and demand function, which is the inverse

of the utility function. When a flow is initiated in a node, it may not be aware

of the contention situation around. The price of this flow is 0 and thus it tries to
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send packets with rate equal to the capacity of the wireless link. After that, the

source node adjusts the rate of the flow gradually according to the feedback prices.

When one of the nodes which are traversed by this flow senses another active flow

in the transmission range from the physical layer, this information is informed to

higher layers. On receiving the information, this node determines whether this flow

is in the local flow contention graph stored in itself. If this flow is not in the graph,

then the node adds it into the graph and calculates the rate by dividing the clique

capacity with the number of subflows in the maximal clique. It then compares

this calculated rate with the one stored locally. If this rate is smaller, an event

called rate dividing is triggered. Upon receiving this event, the node calculates the

new price according to this rate and the utility function. Then the new price is

locally stored. In this way, some of the gradual adjustments are skipped. When

the price feedback returns to the source node, it calculates the rate as usual. It is

noted that this approach is transparent for source nodes, since they do not know

how the prices are determined. The only task they have to perform is calculating

the rates according to the demand function and prices. It should be pointed out

that in reality, a node can sense other active flows within its transmission range

in a very short period. Also, as discussed before, to deploy the scheme in actual

ad hoc networks, the information maintenance and price update need to be carried

out by the nodes traversed by all subflows in the maximal clique. This approach is

applicable to both static and dynamic flows.

3.6.2 Performance Evaluation

This section describes the simulation we have done to compare the performances of

the original price-based approach and the fast converging approach. The topology

graph and the corresponding flow contention graph are shown in Figure 3.8. There

are initially four active flows in the network. After 100 time intervals, two flows join

the network and change the pattern of flow contention graph. In order to clarify

the detailed procedure of the fast converging approach, we assume that a node can
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sense other contending flows in its transmission range within one time intervals. It

should be noted that in reality, this period might be much shorter. However, the

price feedback could only reach the source node after at least one time interval,

then the rate adjustment will be carried out.

(a) Topology 1 (b) Flow contention 1

(c) Topology 2 (d) Flow contention 2

Figure 3.8: Topologies for fast converging approach simulation.

The simulation result is shown in Figure 3.9. It is noted that for different types of

flows, the improvement varies. In Figure 3.9(a), the convergence time for f2, a Type

I flow, is dramatically reduced. As soon as the node updates its local flow contention

graph according to the sensing of new contending subflows, the rate can be adjusted

to the appropriate value within one time interval. Regarding the convergence time

for Type II flows, such as f4 in Figure 3.9(b), it is also improved; however, the

improvement is not as significant as that of Type I flows. This is mainly caused by
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the fact that the convergence time of a Type II flow is also affected by the state of

the other Type I flows in its controlling maximal clique.

(a) Flow 2, a Type I flow

(b) Flow 4, a Type II flow

Figure 3.9: Simulation result of fast converging approach.
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3.7 Extension to Weighted Max-min Fairness

Sometimes, in order to reflect different QoS demand, each user s is pre-assigned

with a weight ws. Higher weight leads to more allocated bandwidth. So in this

part, the proposed scheme is modified to support weighted max-min fairness, which

is defined as follows.

Definition 2. For a feasible rate allocation X, comparing to any other feasible rate

allocation S, if there is a i such that xi

wi
< si

wi
, and there is a j such that xj

wj
≤ xi

wi

and xj

wj
> sj

wj
, then X is said to be weighted max-min fair allocation.

If we call xi

wi
as the normalized rate, similarly, a feasible rate allocation is said to

be weighted max-min fair if no normalized rate can be increased while maintaining

feasibility without decreasing that of any other flow having equal or less normalized

rate. Take Figure 3.1 for example, the max-min fair allocation is x1 = x2 = 1/3. If

we set the weight of each flow as w1 = 1, w2 = 2, then the weighted max-min fair

rate allocation should be x1 = 1/5, x2 = 2/5.

Weighted max-min fairness can also be achieved via our algorithm. The only modifi-

cation is the demand function of users with different weights. The demand function

we used in previous sections is xs(t + 1) = xmaxe
−k·qs(t). To support weighted

max-min fairness, this function should be modified to xs(t + 1) = ws · xmaxe
−k·qs(t).

Flows with different weights are also simulated, for example, the topology in Figure

3.3(c). If we assign the weights of flows as w1 : w2 : w3 : w4 : w5 = 1 : 3 :

1 : 2 : 2. All the simulation parameters are the same as in Section 3.5, except

for the demand functions. As the result, the flow rates converge to x1 = 1/6,

x2 = x4 = x5 = 1/2, x3 = 1/4, which is a weighted max-min fair allocation.
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3.8 Contributions of Our Work

A price-based max-min fair rate allocation scheme for wireless ad hoc networks

is proposed in this chapter. The main differences between this scheme and some

previous ones are summarized as follows:

1) Clique-based price is employed, which more accurately reflects the

interference-limited characteristic.

Some previous works, such as [34][35][41], assume that nodes in a neighborhood

have different frequencies and only require that no node simultaneously transmit

and receive packets, which is essentially the MAC constraint. Instead of using

this restrictive assumption, our scheme generates prices at each maximal clique,

which could more accurately reflect the interference-limited characteristic of ad hoc

networks.

2) End-to-end flow rate is considered.

[22] and [31] consider the rate allocation from the MAC layer perspective. In their

approaches, each multi-hop flow is broken into multiple independent subflows. Each

subflow of the same multi-hop flow might be assigned with different rates. This

approach has some significant limitations as we discussed earlier. Therefore, the

scheme proposed here considers the end-to-end rates of multi-hop flows instead of

the one-hop rates of subflows.

3) Both static and dynamic flows could be easily handled.

Many previously proposed schemes [22]-[25] assume that the network configuration

is composed of static or quasi-static nodes, in other words, changes in the topology

only occur in a much larger time scale than the time required for the algorithm

to converge to a fair allocation. Also, for some other schemes, when applied to

dynamic flows, the iteration process might have to restart from the very beginning.

These schemes might have shown good performances with static flows; however, the
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performances with dynamic flows are often not studied and remain unknown. In

this chapter, our scheme is evaluated in multiple scenarios. The results show that

the proposed scheme works well with both static and dynamic flows.

4) The implementation is totally distributed.

Only the centralized algorithm in [25] could lead to optimal solutions to the rate

allocation optimization problem. Moreover, as [40] indicates, almost all the previ-

ous papers make an assumption that congestion price information can be instanta-

neously exchanged between all the nodes. On the contrary, as we have discussed, the

proposed scheme is totally distributed. In addition, by including two appropriate

fields in the packet header, all the nodes in the same maximal clique compute the

clique-associated price individually, which means that there is no need to exchange

price information between nodes.

3.9 Conclusion

The interference-limited characteristic of wireless ad hoc networks makes the rate

allocation for multi-hop flows very challenging. In this chapter, a price-based rate

allocation scheme for multi-hop wireless ad hoc networks has been proposed. The

objective of this scheme is to achieve max-min fairness among different flows. To

accurately reflect the clique constraint of wireless ad hoc networks, the clique-based

price is generalized to act as the congestion signal, which controls the end-to-end

rates of multi-hop flows. The distributed algorithms adopted are simple and di-

rect, thus owning low computational complexity. Through analysis and simulation,

the proposed scheme is shown to be able to effectively distribute the bandwidth,

according to max-min fairness criterion, to multi-hop flows from the end-to-end

perspective. In order to accelerate the convergence speed of the algorithm, we have

also proposed a fast converging approach which significantly reduces the conver-

gence time. Finally, the proposed scheme has been extended to support weighted

max-min fairness criterion.



Chapter 4

MAC Protocol for Bandwidth
Allocation

4.1 Introduction

Based on the rate allocation scheme proposed in Chapter 3, the bandwidth is dis-

tributed to the contending flows and target flow rates are calculated, according to

a certain fairness criterion. After the target rates are calculated in higher layers

by the rate allocation schemes, a MAC protocol should support these schemes by

allowing each flow to obtain its entitled bandwidth through medium access control.

Unfortunately, the current MAC protocols, such as IEEE 802.11 DCF and other

variants, are usually based on random access or intuitional fairness, and thus cannot

satisfy this requirement. Therefore, a specially designed MAC protocol is needed.

In order to support the rate allocation schemes at the MAC layer, we propose a new

MAC protocol in this chapter. The objective of this MAC protocol is, given the

rates calculated by a rate allocation scheme at the network layer, to guarantee the

allocated flow rates to be achieved. As a result, it is a cross-layer MAC protocol. It

is noted that the MAC design proposed in this chapter is not trying to differentiate

service types for different traffic flows, which is being discussed by IEEE 802.11e

standard [4]. Instead, the aim of our work is to support the rate allocation schemes

existing in higher layers.

61
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The rest of this chapter is organized as follows. Some related work are discussed

in Section 4.2. Section 4.3 discusses the framework of this MAC protocol, and

in Section 4.4 and 4.5, two algorithms are described and analyzed, respectively.

Section 4.6 concludes the whole chapter.

4.2 Related Work

Through adjusting the persistence probability, [31] tries to achieve MAC layer fair-

ness. A mechanism for translating a given fairness model into a corresponding

contention resolution algorithm is proposed. According to this translation proce-

dure, by carefully choosing the adjustment function, some specific fairness criteria

are proved to be achieved. This work provides the path for achieving fairness objec-

tives over shared wireless channels; however, as the authors pointed out, as wireless

networks move from the academic domain to the commercial domain, these mech-

anisms must support network level quality of service, which needs to be translated

to MAC level fairness objective. In [22], max-min fairness is achieved by schedul-

ing the access of single-hop flows to the medium, according to the calculated fair

share. However, the achieved max-min fairness is for MAC layer subflows, not for

the end-to-end multi-hop sessions. A two-tier distributed and iterative algorithm

is proposed in [23]. The first tier algorithm completes the per-clique price calcula-

tion, and then the second tier algorithm performs per-node price calculation. At

this point, the transmission of each node is scheduled according to per-node price.

After careful choice of utility functions, proportional fairness and max-min fairness

could be achieved. However, the iteration process of this algorithm has a relatively

long convergence time, which might limit the application scope of this algorithm.

The scheduling algorithm for arbitrary rate allocation adopted in [25] is based on

tag marking and virtual clock. This algorithm needs to select the next packet to

transmit from the head of the queues according to the allocated share. Each node

maintains a virtual clock and uses the tag to estimate an approximate backoff value
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for each packet queued in its buffer. This algorithm only guarantees that subflows

from the same flow receive approximately the same channel share. [34] combines a

link scheduling that avoids collisions, a fair session service discipline per link, and a

hop-by-hop window flow control into one algorithm. The scheduling module relies

on the existing maximum difference backlog scheduling approach to schedule the

transmission of the released packets so as to attain the fairness estimates. The max-

min fair scheduling is achieved by generating tokens at source nodes and max-min

packets releasing process. This scheduling module is not built for arbitrary rate

allocation schemes. IEEE 802.11e [4] has been approved in late 2005 as a standard

that defines a set of QoS enhancements for 802.11 Wi-Fi standard. Enhanced Dis-

tributed Channel Access (EDCA) is proposed as an improvement of DCF access

method by defining priority for different type of traffic flows. However, it is not

capable of ensuring the bandwidth entitlement for each multi-hop flow.

4.3 The Framework of MAC Protocol for Band-

width Allocation

This section discusses the framework of our proposed MAC protocol for bandwidth

allocation in wireless ad hoc networks. Recalling that flows from different maximal

cliques could be active simultaneously, while flows within the same clique contend for

the shared bandwidth, the MAC protocol would thus basically coordinate the data

transmission of different subflows within each maximal clique. In this framework,

the transmission time is slotted and packets are sent out at the beginning of each

time slot. In each maximal clique, every N time slots are defined as a transmission

frame. Each transmission frame is regarded as a unit to estimate the share of the

bandwidth within the corresponding maximal clique. The value of N is related to

the precision of the calculated flow rates provided by the rate allocation schemes.

Let xi,j and cl represent the flow rate of fi,j and effective bandwidth of link l

respectively, without losing generality, in the following discussion, we assume N =
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100. Therefore, for a flow to achieve a rate of 1/3, it has to acquire 33 slots in each

frame.

In each node, packets from different subflows are queued in different buffers. All the

nodes maintain a clique occupancy table (COT) for each maximal clique to which

they are related. Therefore, for some nodes in the network, they will maintain

multiple COTs. For example, in Figure 4.1, node A maintains a COT for maxi-

mal clique Ω(f1,1, f1,2), while node C maintains two COTs respectively for maximal

cliques Ω(f1,1, f1,2) and Ω(f1,2, f2,1, f2,2). The length of each COT equals N , ac-

cording to the length of the transmission frame. The content of the COT describes

the occupancy result within the corresponding maximal clique. When a subflow fi,j

successfully occupies a free time slot in a frame, all the nodes in the same maximal

clique will update their COTs to mark the time slot with fi,j.

(a) Topology graph (b) Flow contention graph

Figure 4.1: Network example.

Also, in subsequent frames, each subflow will send packets at the same time slots

that it has already occupied, i.e., marked with its ID in COTs. If the number

of occupied time slots is not enough to satisfy the calculated rate (this situation

happens when the allocated rate is not yet achieved or some flows have left the

maximal clique), more time slots will be occupied by this subflow. Similarly, if

the number of occupied time slots exceeds its entitlement (this situation happens

when some new flows have joined the maximal clique), the subflow would release

some occupied time slots accordingly. In this sense, the proposed MAC protocol is
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compatible with both static and dynamic flows.

Based on the above framework of the MAC protocol, two different MAC algorithms

will be discussed in the next two sections, respectively.

4.4 Greedy Self-Contention Algorithm

4.4.1 Algorithm Description

Greedy Self-Contention (GSC) algorithm is a contention-based algorithm. In multi-

ple access protocols, contention resolution has typically been achieved through two

mechanisms: persistence and backoff [31]. The persistence probability and backoff

window are functions of the estimated contention, and different contention resolu-

tion algorithms differ in terms of how they adjust these parameters in response to

collisions and successful transmissions.

In each maximal clique, the normalized bandwidth bound never exceeds 1 and for

each subflow fi,j, it occupies the medium with a time fraction of xi,j/cl. This time

fraction has a natural interpretation as a probability. Therefore, in GSC, each

subflow uses pi,j = xi,j/cl as the persistence probability to contend for the free time

slot. Initially, all COTs are empty, which means that all time slots in a transmission

frame are free. At the beginning of a free time slot, each subflow transmits a packet

with probability pi,j. If subflow fi,j is the only subflow transmitting a packet, it

would successfully obtain this time slot. All the other nodes in the same maximal

clique that overhear this transmission mark the corresponding time slot in their own

COTs with fi,j. If collision happens, no subflow successfully obtains this time slot

and thus no mark is made. Since the acquired bandwidth is estimated within each

transmission frame, if some time slots are not occupied in the current frame, they

could only be occupied in next frame. At this standpoint, in order not to affect the

convergence time and to have a simple implementation approach, GSC algorithm

does not adopt any backoff mechanism.
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When the number of occupied time slots ni,j for subflow fi,j satisfies the equation:

ni,j

N
=

xi,j

cl

, (4.1)

it adjusts the persistence probability to zero. In other words, it would not contend

for free time slots any more. This equation implicitly shows that the bandwidth

acquired by subflow fi,j is already equal to its entitlement.

In subsequent frames, each subflow will transmit in the time slots marked with its

ID in the COT. If the time slot is marked with other subflows, it will not contend.

In this way, in those marked time slots, the transmission is contention-free. The

flow chart of this algorithm is shown in Figure 4.2.

Figure 4.2: Flow chart of GSC algorithm for subflow fi,j
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Finally, this contending process converges to steady state, in which all the trans-

mission frames have the same content, i.e., the active subflows in corresponding

time slots are the same. In steady state, every subflow occupies a number of slots

according to Equation (4.1) in order to obtain its entitled bandwidth.

4.4.2 Related Discussions

From the process described above, it can be seen that given xi,j/cl, each subflow

tries to occupy ni,j out of N time slots in a frame, where ni,j

N
= xi,j

cl
. After it

successfully occupies ni,j time slots, its persistence probability is set to zero and it

will not contend for free time slot anymore. Therefore, no subflow could occupy

more time slots than it is entitled to.

In order to simplify the notations, in the following discussion, we assume there are

n subflows in the maximal clique Ω and use fi to represent the subflow. We define

xi as the rate of subflow fi and ni as the number of time slots it should obtain

according to the allocated rate.

1) Clique occupancy table exchange

Based on Proposition 3 in Chapter 3, if COTs are exchanged between the two

ends in each transmission pair, all the nodes in a maximal clique can maintain the

COTs with the same content. Note that the COT exchange only occurs within a

transmission pair, so the control information exchange is bounded locally by each

maximal clique. In addition, COTs can be piggybacked in data/ACK packets to

be exchanged between a transmission pair, thus no new packet format needs to be

introduced.

2) Mismatch of COTs between a transmission pair

The COTs between a transmission pair should match each other. But sometimes

mismatch may happen. Consider the situation in Figure 4.3, where there is a max-

imal clique Ω(f1, f2, f3). Consider subflows f1 and f2 are both trying to transmit
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a packet in the same free time slot. Of course collision happens and no one should

mark the slot. However, node E is out of the range of subflow f2 and just overhears

the transmission of subflow f1. It does not know collision has happened and ac-

cording to the algorithm, it will mark the corresponding time slot in its own COT

with f1. Same thing happens to node F and it will mark the corresponding time

slot with f2. So mismatch between node E and F happens.

Figure 4.3: Mismatch of clique occupancy tables

To deal with this problem, the following rule is used to regulate the COT exchange

between a transmission pair. When the COT from the other end arrives, this end

first compares it with the one of its own. If it finds that for a corresponding time

slot, two COTs are marked with two different subflows, it concludes collision has

happened. It then deletes the subflow marked in this time slot and inform the

other end this situation. Only if its own COT is empty in a time slot, it copies the

corresponding entry in the COT of the other end.

4.4.3 Convergence Time Evaluation

The upper bound of the average convergence time in each maximal clique is derived

in this subsection. We assume in a maximal clique Ω, there are n subflows. Let

ω be the set of these n subflows. Before obtaining the entitled bandwidth, each

subflow fi will contend for every free time slot with probability pi = xi/cl. The

probability to obtain a free time slot for this subflow is (pi
∏
j∈ω
j 6=i

(1−pj)). On average,

after contending for (1/[pi
∏
j∈ω
j 6=i

(1 − pj)]) free time slots, subflow fi can successfully
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transmit once. Let Ni denotes the number of free time slots that subflow fi has

contended for before obtaining ni time slots.

Assume subflow fa is the first one to obtain its entitled bandwidth, i.e., obtaining

na time slots it needs. Then the average number of free time slots it has contended

for should be

Na =
na

pa
∏
i∈ω
i6=a

(1− pi)
(4.2)

After subflow fa gets na time slots, its persistence probability is set to zero. If

subflow fb is the second one to obtain its entitled bandwidth, then on average the

number of free time slots it has contended for should be

Nb =
nba

pb
∏
i∈ω
i6=b

(1− pi)
+

nbb

pb
∏
i∈ω

i6=a,i6=b

(1− pi)
, (4.3)

where nba is the number of time slots fb obtains before subflow fa obtains its entitled

bandwidth, nbb is the number of time slots fb obtains between the time fa obtains

its entitled bandwidth and the time it obtains its entitled bandwidth. It is obvious

that nba + nbb = nb.

Then subflow fb also stops contending for more time slots. Following this way, for

the last subflow fk, the average number of free time slots it has contended for is

Nk =
nka

pk
∏
i∈ω
i6=k

(1− pi)
+

nkb

pk
∏
i∈ω

i6=a,i6=k

(1− pi)
+ · · ·+ nkk

pk

, (4.4)

where nka + nkb + . . . + nkk = nk.

Let us consider the worst situation: all the subflows occupy the required time slots

strictly one by one, i.e., before subflow fa obtains na time slots, the other subflows

do not obtain any time slot, then subflow fb obtains nb time slots followed by fc

obtaining nc time slots and so on. In this situation, the convergence time is the

longest one. Hence, (4.3) becomes

Nb =
nb

pb
∏
i∈ω

i6=a,i6=b

(1− pi)
, (4.5)
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which means that before subflow fa obtains all the na time slots, fb does not obtain

any time slot. And (4.4) becomes

Nk =
nk

pk

(4.6)

Let subflow fa be the first one to obtain its entitled bandwidth. In the first frame,

since all the time slots are free, the number of time slots it can obtain in this frame

is

na(1) = N · pa

∏
i∈ω
i6=a

(1− pi) (4.7)

Note that it is a statistical analysis here, so na(1) may not be an integer.

Then in the second frame, na(1) time slots are already occupied by fa and the

number of free time slots is (N − na(1)). So it can obtain

na(2) = (N − na(1)) · pa

∏
i∈ω
i6=a

(1− pi) (4.8)

more time slots in the second frame.

Repeat the calculation in this way, finally in the ξa frame, after obtaining

na(ξa) = (N −
ξa−1∑

j=1

na(j)) · pa

∏
i∈ω
i6=a

(1− pi) (4.9)

more time slots, subflow fa obtains na =
ξa∑

j=1
na(j) time slots in total and sets its

persistence probability to zero.

As we assumed above, in the next frame after ξa, subflow fb begins to obtain time

slots. In this frame, since subflow fa has already occupied na time slots, the number

of free time slots is (N − na). So in its first frame, fb can get

nb(1) = (N − na) · pb

∏
i∈ω

i6=a,i6=b

(1− pi) (4.10)

In the same way, for its second frame, fb gets nb(2) = (N−na−nb(1)) ·pb
∏
i∈ω

i6=a,i6=b

(1−pi)

time slots, and in its last frame, nb(ξb) = (N − na −
ξb−1∑
j=1

nb(j)) · pb
∏
i∈ω

i6=a,i6=b

(1 − pi). At
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this moment, fb obtains its entitled bandwidth with nb =
ξb∑

j=1
nb(j) and sets its

persistence probability to zero.

If we repeat the calculation on the last subflow fk in the same way, until after a

specific frame ξk, the remaining time slot for fk is one.

nk(ξk) = (N −∑
i∈ω
i6=k

ni −
ξk−1∑

j=1

nk(j)) · pk (4.11)

Then fk will spend (1/pk) more frames to obtain the last time slot and obtain its

entitlement with nk =
ξk∑

j=1
nk(j) + 1

pk
.

After fk obtains nk time slots, all the subflows have obtained their entitled band-

width and bandwidth allocation is completed. As we assumed that subflows obtain

the time slot one by one, so the overall convergence time is

ξ =
∑

i∈ω

ξi +
1

pk

(4.12)

This means that after ξ frames, each subflow fi have obtained required number of

time slots ni and the allocated entitlement is achieved. Note that Equation (4.12)

provides an upper bound of the average convergence time. The average convergence

time should be less than this value since subflows are not constrained to obtain the

time slots strictly one by one.

We calculate the upper bound of the average convergence time following the ap-

proach described above in three different cases and carry out 1000 simulations for

each case to obtain the average convergence times. The results are shown in Table

4.1. As mentioned before, the convergence time is usually less than that in the

worst situation.
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Table 4.1: Average convergence time of GSC algorithm (frames).

Upper Bound (analysis) Simulation
N = 10, fi = 1/3 10 8.6
N = 100, fi = 1/3 12 8.6

N = 100, f1 = 1/2, f2 = f3 = 1/4 18 13.4

4.5 Cooperative Token Forwarding Algorithm

4.5.1 Algorithm Description

The deficiency of GSC algorithm is the relatively long convergence time due to its

contention operation. Some recently proposed rate allocation schemes, for example,

the scheme we proposed in Chapter 3 and the ones in [23][25][36], have an inherent

characteristic that the local flow contention graph and the local contention infor-

mation are available among all nodes in the same maximal clique. In other words,

nodes in the maximal clique could be regarded as quasi-synchronized with the same

flow contention information.

Cooperative Token Forwarding (CTF) algorithm takes advantage of this inherent

characteristic, and thus eliminates the contention among nodes in a maximal clique.

In CTF, each node is assigned with a priority determined by its MAC address. Since

all the nodes in the same maximal clique are aware of the flow information within

the clique according to the rate allocation scheme, the assigned priorities are also

available to all of them. Nodes with smaller MAC addresses are assigned with higher

priorities (the reverse ordering is also applicable). In other words, if the sending

node of a subflow has the smallest MAC address, this subflow has the highest

priority to acquire the time slots. Some subflows may share the same sending node.

In this case, there is no need to distinguish these subflows from different priorities.

When such a sending node has acquired the right for transmission, it will internally

schedule the transmission of its subflows. From the discussion above, it is noted that

the priority assignment is naturally based on the quasi-synchronous characteristic
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of the rate allocation scheme, and thus no central coordinator is needed.

When a node joins the maximal clique, it generates a token. The token is a logical

symbol with which a node could transmit data packets. After this node overhears

the medium and exchanges information with one-hop neighbors, if it finds another

node with higher priority, it would destroy the token generated by itself. In this

way, at the beginning of the algorithm, all the nodes generate a token themselves,

and then only one token which is generated by the node with the highest priority

is maintained in each maximal clique.

Only the node with the token is eligible to transmit data packets, other nodes would

just listen to the medium and update their COTs. When a node obtains the token,

it should first check whether it still needs more time slots in this transmission frame,

and whether it is ready for transmission. If both conditions are satisfied, it will begin

transmission; otherwise, it would forward the token to the next node. Initially, the

node with the highest priority obtains the token and keeps on transmitting data

packets and occupies continuous time slots. When the number of occupied time

slots satisfies Equation (4.1) for all subflows, the node forwards the token to another

node with the second highest priority. Then this node repeats the procedure and

forwards the token to the next one. When the node with the lowest priority satisfies

its entitlement, it returns the token to the node with the highest priority so as to

launch a new round of transmission. When the token is lost due to unexpected

node failure or link failure, the node with the highest priority is eligible to generate

a new token and continue the transmission. This operation continues until all the

subflows satisfy their bandwidth entitlement.

4.5.2 Related Discussions

1) Token forwarding strategy

After occupying enough time slots to obtain its entitled bandwidth, the node which

holds the token will forward it to the next node. However, this strategy might cause
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a problem. Before being eligible to transmit, nodes with lower priorities have to

wait for the nodes with higher priorities to complete their transmissions in a frame.

Therefore, nodes with lower priorities are likely to occupy the later portion of a

transmission frame. This may lead to the situation that packets accumulate and

cause congestion at those nodes with lower priorities.

In order to solve this potential problem, the token forwarding strategy could be

modified as follows: when a subflow successfully occupies n′i,j time slots so that

n′i,j
N

= p% × xi,j

cl
, it would forward the token to the next subflow. Here p% is a

tunable parameter. For example, if p% = 20%, the subflow with the token will

forward it to the next subflow after it satisfies 20% of its bandwidth entitlement.

This strategy could give opportunity to subflows with lower priorities to transmit

data packets at earlier time and thus help solve the potential problem. In addition,

this strategy would not affect the ultimate bandwidth allocation since the rate of

each subflow is still bounded by its entitlement.

The operation of token forwarding is implemented by adding a new header bit in

each packet, called transmission completion. When the host who currently holds

the token decides that it will continue transmitting packets in the next time slot,

the transmission completion bit is set to 0 for current packet. During the last time

slot when the host is ready to forward the token to the next host, it sets this bit as 1

in the last data packet. Then the host with next priority will notice the completion

of the last host’s transmission and get ready to transmit its own data packets in

the next time slot. In this way, the operation of token forwarding is completed and

no additional operation time is needed.

2) Subflows related to multiple cliques

An example of token forwarding is shown in Figure 4.4, in which there are 3 maximal

cliques in the flow contention graph. It should be noted that there is one token for

each maximal clique. For subflows belonging to multiple cliques, it is required that

they obtain all the tokens in the related cliques before they can transmit their data
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packets. For example, in Figure 4.4, f1 belongs to two maximal cliques and it must

obtain both Token 2 and Token 3 to become active.

Figure 4.4: Example of token forwarding

It is crucial that f1 could occupy appropriate time slots at the respective transmis-

sion frames of the two maximal cliques. We impose the restriction that if it obtains

one of the two tokens, the sending node will hold it and wait for the other token.

This restriction tries to guarantee that flows belonging to multiple cliques are able

to occupy appropriate time slots in different cliques, at the cost of convergence time.

It is noted that if the subflows belonging to multiple cliques could get the token in

each clique at a earlier time, the convergence time would be improved. Therefore,

we introduce the following strategy.

Definition 3. The degree of a subflow refers to the number of maximal cliques it

is related to.

For example, in Figure 4.4, f1 belongs to two maximal cliques, so its degree is two.

A subflow must get the number of tokens that equals its degree in order to be

active for transmission. When allocating the priority, higher priorities are allocated

to subflows with higher degrees. If more than one subflows in the same maximal

clique have the same degree, the one with smaller MAC address of sending node

would get higher priority. In this way, priority is related to the degree of each
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subflow thus guaranteeing subflows with higher degrees would be in advantageous

circumstance to get the token.

The above strategy could give higher priority to subflows with higher degree. How-

ever, since subflows belonging to multiple cliques would hold the arrived tokens

before it obtains all the tokens, there is possibility that a special case of token

deadlock would occur. See the ring flow contention graph in Figure 4.5.

Figure 4.5: Token deadlock

Four subflows constitute four cliques. All the subflows have the same degree of 2.

If all of them could only obtain one token at the same time and hold it so as to

wait for the other token, none of them would obtain two tokens and thus no subflow

could transmit data packets. Actually, the priority allocation strategy mentioned

above guarantees that this token deadlock case would normally not occur. In clique

Ω(f1, f2), f1 obtains Token 1 first, which means it has a smaller MAC address

than f2, i.e., Addr1 < Addr2. Similarly, Addr2 < Addr3 in clique Ω(f2, f3), and

Addr3 < Addr4 in clique Ω(f3, f4). Add all the inequations together and it can

be seen that Addr1 < Addr2 < Addr3 < Addr4. In this sense, f1 should have

higher priority than f4 in clique Ω(f1, f4) and thus it could obtain Token 4 at the

same time, if the whole algorithm works correctly. Even if some errors occur and

the situation in Figure 4.5 happens, the problem could be solved by imposing a

timeout threshold for each subflow to hold the tokens. This threshold is randomly

generated from a normal distribution and when the time expires, the subflow should

forward the held tokens to others.
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4.5.3 Convergence Time Evaluation

Due to the cooperative operation within each maximal clique, CTF algorithm has

reduced the convergence time remarkably. If we consider the operation in a separate

maximal clique, the bandwidth allocation would be completed within one transmis-

sion frame. Therefore, there is no need to calculate the upper bound of convergence

times in each maximal clique as we did for GSC algorithm.

In order to evaluate the performances of CTF algorithm in multiple cliques, we carry

out 1000 simulations for the flow contention graph shown in Figure 4.4. In addition,

the effect of different values of p% is also investigated. The average convergence

times obtained are shown in Table 4.2.

As expected, the convergence time achieved by CTF algorithm is much shorter

than GSC algorithm. Moreover, smaller value of p% would more effectively solve

the potential congestion at nodes with lower priorities, but it would prolong the

convergence time.

Table 4.2: Average convergence time of CTF algorithm (frames).

p% 20% 50% 100%
time 7.4 3.2 1.9

4.6 Conclusion

A novel MAC protocol for bandwidth allocation in wireless ad hoc networks is

proposed in this chapter. Given the flow rates allocated at the network layer, this

MAC protocol ensures flows to achieve the target rates. Two different algorithms

are implemented in this protocol. The first one is a contention-based algorithm

and could support arbitrary rate allocation schemes. In order to accelerate the

convergence speed, the second algorithm is specifically designed for the category of

quasi-synchronous rate allocation schemes and thus its convergence performance is
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much better. Both of the MAC algorithms are distributed and easy to implement.



Chapter 5

Conclusions

5.1 Summary of the Thesis

This thesis consists of three main chapters. In the first main contribution of this the-

sis, we improve the first step of resource management in mobile ad hoc networks by

proposing a cross-layer based reliable routing protocol, called Robust Link Avail-

ability Routing (RLAR) protocol [44]. RLAR combines pro-active routing with

on-demand routing. Each node in the network maintains two tables. The first one

is Link Quality Table (LQT) which stores the quality information of wireless links

from the node to its one-hop neighbors. Due to the mobility of nodes in MANETs,

the content of LQT should be refreshed from time to time. It is proposed to use the

beaconing mechanism for general update of LQT. With the use of the beacon signal,

this part of RLAR is similar to the pro-active schemes. The other table is Routing

Table (RT) as mentioned in other routing protocols. In RLAR, the information in

RT is updated when a transmission session is initiated. In other words, the routing

procedure uses the mechanism of on-demand routing.

The two modules of RLAR are responsible for pro-active estimation of link reliability

and on-demand optimal routing, respectively. We propose a new reliability estima-

tion metric, called normalized link availability (NLA), to act as the main routing

metric. The first module estimate NLA from the physical layer information, and

then the second module takes charge of route discovery and maintenance based

79



80

on NLA. One strength of RLAR is that it accurately estimates link reliability from

physical layer information, therefore it works well with dynamic network topologies.

Based on estimated link reliability, the optimal routing tree is constructed. Accord-

ing to a reliability threshold, additional protective links are also added to the tree

backbone to form the ultimate mesh structure so as to further enhance reliability.

From simulations, RLAR is proved to successfully reduce the number of rerout-

ings and improve the average communication time before a rerouting procedure is

triggered. The packet delivery ratio is also remarkably increased. In addition, it

has been shown that the performance of RLAR can be further improved by more

precise estimation of link reliability.

In the second main contribution, a rate allocation scheme in the network layer

is proposed to achieve max-min fairness among different flows [36][46]. Max-min

fairness guarantees equal bandwidth is assigned to flows that traverse paths of

similar congestion level, and transmit packets at equal rates. The basic idea behind

max-min fairness is to first allocate equal bandwidth to all contending users. If a

user cannot utilize its bandwidth, because of constraint elsewhere, then the residual

bandwidth is distributed among others. Thus, no user is penalized excessively,

and a certain minimum quality of service is guaranteed to all users. In order to

clearly investigate the contention among different flows and their subflows, the

network topology graph is converted into flow contention graph. Based on the

flow contention graph, each fully meshed subgraphs is distinguished as a clique. A

maximal clique is a clique which is not a subgraph of any other clique. Only one

subflow can be active in a maximal clique at any time. This constraint is called

clique constraint. To accurately reflect the clique constraint of wireless ad hoc

networks, the price is generalized in each maximal clique to act as the congestion

signal. Also, we have argued that a flow generally spans multiple hops across

the network and it is the end-to-end throughput which determines the quality of

service perceived by users. Therefore, we allocate the end-to-end rate to each multi-

hop flow, rather than splitting it into multiple subflows and consider their rates
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separately.

By charging each flow with the maximum clique-based price, we have proved that,

through analysis and simulation, the proposed scheme is able to effectively distribute

the bandwidth, according to max-min fairness criterion, to end-to-end multi-hop

flows. We have also proved the stability of the feedback system. The distributed al-

gorithms adopted are simple and direct, thus owning low computational complexity.

In order to accelerate the convergence speed of the algorithm, we also propose a fast

converging approach which significantly reduces the convergence time. Finally, the

proposed scheme has been extended to support weighted max-min fairness criterion.

Based on the rate allocation scheme, the bandwidth is distributed to the contending

flows and target flow rates are calculated, according to a certain objective criterion.

After the target rates are calculated in the network layer by the rate allocation

schemes, a MAC protocol should support these schemes by allowing each flow to

obtain its entitled bandwidth through medium access control. The third main con-

tribution of this thesis proposes a MAC protocol for bandwidth allocation [45][46].

The objective of this MAC protocol is, given the rates calculated by a rate alloca-

tion scheme at the network layer, to guarantee the allocated flow rates. As a result,

it is a cross-layer MAC protocol.

A time-slotted framework is firstly introduced. In each maximal clique, every N

time slots are defined as a transmission frame. Each transmission frame is regarded

as a unit to estimate the share of the bandwidth within the corresponding maximal

clique. In each node, packets from different subflows are queued in different buffers.

All the nodes maintain a clique occupancy table (COT) for each maximal clique

to which they are related. The content of the COT describes the occupancy result

within the corresponding maximal clique. When a subflow fi,j successfully occupies

a free time slot in a frame, all the nodes in the same maximal clique will update

their COTs to mark the time slot with fi,j. In subsequent frames, each subflow

sends packets at the same time slots that it has already occupied, i.e., marked with
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its ID in COTs.

Based on this framework, two different MAC algorithms are implemented in this

protocol. Greedy Self-Contention (GSC) algorithm is a contention-based algorithm.

At the beginning of a free time slot, each subflow transmits a packet with prob-

ability pi,j = xi,j/cl as the persistence probability to contend for the free time

slot. In order not to affect the convergence time and to have a simple implementa-

tion approach, GSC algorithm does not adopt any backoff mechanism. GSC could

support arbitrary rate allocation schemes but has a slower convergence speed due

to the contention-based nature. In order to accelerate the convergence speed, the

second algorithm, called Cooperative Token Forwarding (CTF) algorithm, is specifi-

cally designed for the category of quasi-synchronous rate allocation schemes. Many

recently proposed rate allocation schemes, such as the one we have proposed in

Chapter 3, have an inherent characteristic that the local flow contention graph and

the local contention information are available among all nodes in the same maximal

clique. In other words, nodes in the maximal clique could be regarded as quasi-

synchronized with the same flow contention information. CTF takes advantage of

this inherent characteristic, and thus eliminates the contention among nodes in a

maximal clique. In CTF, each node is assigned with a priority determined by its

MAC address and degree. A logical symbol called token, with which a node could

transmit data packets, is used to control the media access and thus allocate the

bandwidth. Because CTF eliminates the contentions, its convergence performance

is much better. Both of the MAC algorithms are distributed and easy to implement.

In summary, our work has demonstrated that an effective and efficient distributed

resource management framework spanning over the network and the MAC layers is

practical and useful for wireless ad hoc networks.
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5.2 Future Research Work

RLAR protocol proposed in this thesis provides direction for considering physical

link reliability when dealing with the routing problem in MANETs, which is usually

ignored in previous works. However, this work is just the first step towards a

comprehensive solution for reliable routing in MANETs and many open issues need

to be addressed in the future. The first open problem is the estimation precision

of the first module. In this work, we adopt the simple shadowing model as the

propagation model in physical layer and assume the channel is perfect, i.e., no

other channel impairments and collisions are involved. Based on this simplification,

we use received signal strength indication (RSSI) and compass direction to estimate

the link availability. We notice that the shadowing model over-simplifies the actual

physical layer characteristics. New approaches of estimating the link reliability

based on more accurate physical layer models are being studied.

Another open problem is that a robust routing metric needs to consider not only

the physical layer aspect but also the MAC layer aspect. In this work, in order to

highlight the importance of considering the physical link reliability, we directly use

the link reliability as the routing metric. However, as we have indicated earlier,

a good routing metric should also reflect the MAC layer conditions, for example,

data rate, interference and congestion. We have already done some preliminary

work in developing a better model to capture the MAC layer interference in wireless

mesh networks [47]. Our next step is to combine the physical layer and the MAC

layer aspects together, and thus developing a comprehensive solution to the robust

routing problem.

The future work about rate allocation schemes in the network layer should focus on

low computational complexity and fast convergence speed. Both of the two features

could simplify the implementation of such schemes and benefit their performance,

as well as broadening the application scope. This research combines theories from

economics and mathematics to design new schemes and algorithms. Such theories
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may involve game theory, optimization theory, control theory and graph theory.

When further designing the QoS-aware MAC protocols for bandwidth allocation in

wireless ad hoc networks, the main concern also relies on implementation complexity

and convergence performance. When contention-based MAC algorithms are being

considered, better contention resolution techniques need to be designed. In contrary,

the cooperative algorithms are free of contention, thus they need not to deal with

contention resolution. The main design focus of such algorithms is how to efficiently

negotiate and coordinate transmissions among flows in the neighborhood. The

management of local information exchange also needs to be taken into consideration.



Appendix A

Proof of Proposition 1: Stability
of the Price Feedback System

Our proposed price-based rate allocation scheme is a kind of negative feedback

system. Equation (3.6) indicates that the increment of price ∆pΩ is proportional

to the difference of aggregate traffic time fraction and normalized capacity bound

(
∑

l∈CΩ

∑
s∈S(l)

xs(t)
cl
− bΩ). According to Equation (3.7) and the property of demand

function D(·) as a continuous, positive and decreasing one, the source nodes will ad-

just the flow rates in an opposite direction to the prices generated in the controlling

cliques, i.e., the larger the prices are, the smaller the flow rates will be.

Generally speaking, the stability of the closed-loop control system may be deter-

mined directly by computing the poles of the closed-loop transfer function. If all

the poles are on the left side of the S-plane, in other words, if all the eigenroots

have negative real parts, the system is stable and will converge to the equilibrium.

[37] provides an alternative way of judging the stability of a closed-loop system by

calculating its open-loop transfer function. The stability proof in wireline networks

has been done in [30] and for the convenience of interested readers, we provide the

similar counterpart in wireless networks for our proposed system as follows.

Consider a standard unity feedback loop, with the open-loop transfer function

L(s) = γ
s
F (s). The closed loop is stable for all γ ∈ (0, 1], if the following three

conditions are satisfied:
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(1) F (s) is analytic in Re(s) > 0, and ‖F (s)‖ ≤ β in Re(s) ≤ 0.

(2) F (0) has strictly positive eigenvalues.

(3) For all γ ∈ (0, 1], −1 is not an eigenvalue of L(jω), ω 6= 0.

It is also shown in [37] that condition (1) is automatically satisfied. Here we will

prove that the proposed price-based scheme satisfies the remaining two conditions.

The network is modeled in the Laplace domain as:

y(s) = Rf (s)x(s) (A.1)

q(s) = Rb(s)
T p(s) (A.2)

Rf and Rb represent the delayed forward and backward routing matrices, defined

by

[Rf (s)]Ω,i =

{
e−τf

i,Ωs , if source i uses clique Ω
0 , otherwise

(A.3)

[Rb(s)]Ω,i =

{
e−τb

i,Ωs , if source i is controlled by clique Ω
0 , otherwise

(A.4)

Following the small signal model in [37], we consider a small perturbation around

equilibrium; x = x0 + δx, y = y0 + δy, p = p0 + δp, q = q0 + δq. If the perturbation

is small enough, it will not change the set of controlling cliques. In this case, by

eliminating the rows corresponding to non-controlling cliques, the model can be

reduced to

δy(s) = Rf (s)δx(s) (A.5)

δq(s) = Rb(s)
T δp(s) (A.6)

Since for each source, there is only one controlling clique, the static gain of the

source is therefore
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κi =
αix0i

τi

(A.7)

The overall multi-variable feedback loop is then described as follows with open loop

transfer function

L(s) = Rf (s)KRT
b (s)C 1

s
, (A.8)

where K = diag(κi), C = diag( 1
bΩ

).

For each source, it is only controlled by one controlling clique whose price is maximal

among all the cliques the source flow traverses, while each controlling clique Ω may

control a set of sources mΩ. Therefore Rf (s) is block lower triangular with the Ωth

diagonal block, DΩΩ, having size 1 × |mΩ|, where |mΩ| is the cardinality of mΩ.

Since the only nonzero element of column i of Rb(s) is in the nith row, Rb(s) is a

block diagonal with the Ωth diagonal block having size (1 × |mΩ|). Because both

of K and C are diagonal, KRb(s)
TC is also block diagonal and the size of its Ωth

diagonal block is (|ml| × 1). Here we use BT
ΩΩ to represent the Ωth diagonal block

of KRb(s)
TC. Thus F (s) = Rf (s)KRb(s)

TC is block lower triangular, having the

Ωth diagonal block as

[F (s)]Ω,Ω =
1

bΩ

∑

k∈mΩ

αkx0k

τk

e−τks (A.9)

Therefore the eigenvalues of F (0) are the diagonal elements of the triangular matrix

as

eig(F (0)) = [F (0)]Ω,Ω =
1

bΩ

∑

k∈mΩ

αkx0k

τk

, (A.10)

which are nonempty sums of strictly positive real numbers. Thus condition 2 is

satisfied.
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In addition, because F (s) is lower triangular, L(s) is also lower triangular with

eigenvalues

[L(s)]Ω,Ω =
γ

bΩ

∑

k∈mΩ

αkx0k

τks
e−τks (A.11)

It is already known that if 0 < αi < 1 then Re[αie
−jτiω

jτiω
] > −1 for ω 6= 0. Thus, as

their positive weighted sum, Re[eig(L(jw))] > −1. Condition 3 is satisfied.

In summary, since all the three conditions are satisfied, the proposed clique-based

price feedback system is stable.



Appendix B

Proof of Proposition 2:
Convergence of Max-min Fairness

When allocating the bandwidth, we consider all the flow rates from the end-to-end

perspective, rather than dividing each flow into multiple subflows and considering

the rates of sublows. Let array X contain all the source flow rates arranged into sub-

sets which contain flows of equal rates. Subsets are arranged in X in an ascending

order. X is arranged as follows:

X = {(x0a, x0b, · · ·), (x1a, x1b, · · ·), · · · , (xNa, xNb, · · ·)} (B.1)

Let xz be the rate xz = xza = xzb = · · ·, we can see that x0 < x1 < · · · < xN . We

assume that all sources have the same demand function xs = D(qs), where xs is

the transmission rate of source s and qs is the price assigned to this source. The

function D(qs) for qs ≥ 0 is assumed to be continuous, positive and decreasing. Let

qz be the price qz = D−1(xz). We get q0 > q1 > · · · > qN . Let Wz denotes the set

of maximal cliques with price pz = qz. With all the assumptions and definitions

above, we now demonstrate the feasibility of the proposed scheme in wireless ad

hoc networks through mathematical induction as follows:

a) Let us first consider the maximal cliques in W0. All the maximal clique(s) in W0

have the price of p0. Given that the price update algorithm in (3.6) is employed at

89



90

every maximal clique, we can see that in the maximal clique Cr with price p0:

p0(t + 1) = [p0(t) + γ(
∑

l∈Cr

∑

s∈S(l)

xs(t)

cl

− 1)]+ (B.2)

Since p0 is the maximum price in the network, all the flows through this maximal

clique will be assigned the price q = p0. With the assumption of same utility

function, it leads to all the flows in Cr having a equal rate x = D(p0). In steady

state, p0(t + 1) = p0(t), thus:

xs(t) = x0(t) =
1∑

l∈Cr

∑
s∈S(l)

1
cl

(B.3)

Note that the flows with the price p0 share the clique bandwidth equally. They are

feasible and no rate can be increased without decreasing another rate that has the

maximum price p0. So for these flows with price p0, they are max-min fair.

b) The W1 set of cliques are the maximal cliques with the second highest prices

p1. All flows through maximal clique(s) in W1 are either controlled by cliques with

price p0 elsewhere, or the cliques with price p1, which belong to W1. We can see

the price update rule for cliques with price p1 is:

p1(t + 1) = {p1(t) + γ[
∑

l∈Cr

(
∑

s∈S(l)
qs=p0

xs(t)

cl

+
∑

s∈S(l)
qs=p1

xs(t)

cl

)− 1]}+ (B.4)

In steady state:

xs(t) = x1(t) =

1− ∑
l∈Cr

∑
s∈S(l)
qs=p0

x0(t)
cl

∑
l∈Cr

∑
s∈S(l)
qs=p1

1
cl

(B.5)

Note that those flows with price p0, if exist, are not controlled by this maximal

clique, and we have already shown that their rates are maximized in (B.3). All other
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flows in this clique will be assigned a price of p1 and equally share the remaining

bandwidth by (B.5), which is also a max-min fair allocation.

c) Let us assume that resource allocation to flows with prices pk−1, pk−2, · · ·, p0

is max-min fair. Now we consider the flows with prices pk. In cliques with price

pk, there may be flows which are controlled by other cliques with prices pk−1, pk−2,

· · ·, p0, and a set of flows which are controlled by themselves with the price pk.

We follow the same way of (B.4) and generate the corresponding form of (B.5) in

maximal cliques with price pk as:

xs(t) = xk(t) =

1−∑
l∈Cr

∑
s∈S(l)
qs=p0

x0(t)
cl
−· · ·−∑

l∈Cr

∑
s∈S(l)

qs=pk−1

xk−1(t)
cl

∑
l∈Cr

∑
s∈S(l)
qs=pk

1
cl

(B.6)

Since flows with prices larger than pk are not controlled by this clique and we have

assumed that they already have max-min allocation at other cliques. The remaining

capacity is allocated equally to the flows with price pk in this maximal clique, thus

satisfying the max-min condition for such flows. Therefore the max-min condition

is satisfied by all flows in the whole network and global fairness is achieved.



Appendix C

Proof of Proposition 3: Coverage
Area of Overhearing

The transmission in our discussion refers to the bi-directional transmission including

data packets and ACKs. If any of these packets are lost due to interference with

transmissions of other nodes in the neighborhood, the transmission is regarded

as failed. Let us assume that neither of the transmission pair can overhear the

ongoing transmission within the maximal clique. It means that both of them are

out of the transmission range of the ongoing active subflow. So they can perform the

communication without causing interference in the maximal clique. This contradicts

with the fact that no two subflows in a maximal clique can be active at the same

time. Hence, at least one node of a transmission pair could overhear the active

subflow in the maximal clique.
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