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Abstract

Ad-hoc wireless networks use multi-hop transmissions to commu-
nicate, without exploiting any infrastructure. Logical links create un-
reliable connections between nodes: the capacity of the channel can
unpredictably change due to the presence of obstructions, interferences
between nodes and stochastic phenomena such as fading. Moreover the
medium is multi-access and resources are contended by different users.
It is possible to notice that adjusting the power at the physical layer
affects the interference perceived, which in turn modifies the resources
availability, alters the queue length at the network layer and eventually
influences the source rates at the transport layer. To this end, a lot
of works have shown that a better understanding of inherent coupling
between different layers in the networking stack is worth. Specifically,
network performances can be increased if the traditionally separated
network layers are jointly optimized. Network utility maximization has
emerged as a powerful framework for studying such cross-layer issues
and optimizing performances overall the network. In particular, we fo-
cus on distributed cross-layer algorithms that achieve a global optimum
recurring to local information only.
Although the literature is vast in this field, most of works remain as
theory. We aim at clarifying the practical feasibility of such theoretical
dissertations and what considerations are needed in order to establish
a bridge between theory and practice. After analyzing different cross-
layer methods, we focus on the work of Papandriopoulos et al.. We first
discuss its theoretical benefits in an interference limited system such as
CDMA, without accounting physical constraints of the network. In
order to validate the performances in a more realistic scenario, we im-
plement the algorithm of Papandriopoulos et al. in the NS-2 network
simulator without breaking up the hierarchy of the standard ISO/OSI
stack. We focus on modeling physical, data link, network and trans-
port layer, underlining issues and possible solutions from a practical
perspective. For instance, we propose a novel approach to calculate the
congestion prices of the network.
After discussing benefits and drawbacks of the underlying theory, we
propose several results under many simulation scenarios and eventu-
ally a comparison with the standard protocol for wireless networks
IEEE/802.11.
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Chapter 1

Introduction

Ad-hoc wireless networks form an arbitrary topology that represents the union
between different radio mobile nodes. Each node is connected by wireless log-
ical links to the rest of the network. Ad-hoc wireless networks differ from
cellular systems because they do not require any infrastructure and they are
allowed to access the channel without contacting any fixed access point. As in
the wireline networks such as Internet, ad-hoc wireless networks use multi-hop
transmissions to communicate each other and each radio unit is in charge of
generating its own data traffic and forwarding traffic coming from other nodes.
Unlike wireline networks, logical links create unreliable connections between
nodes: the capacity of the channel can unpredictably change due to the pres-
ence of obstructions, interferences between nodes and stochastic phenomena
such as fading. Because of the absence of infrastructure, each node can be
viewed as a blind entity and even though it is unaware of the configuration of
the network, it should be able to accomplish its own task without disturbing
other nodes, resorting to local information only. This amounts to improve the
performances across the entire network.
Limited resources and time-varying channel represent the key points in the
optimization of ad-hoc wireless networks and optimizing and balancing re-
sources are the main targets. To this end, a lot of works have shown that
a better understanding of inherent couplings between different layers in the
networking stack is worth. In particular, allowing such cooperation between
layers could lead to better performances.
Despite great research efforts in this field, most of works remain as theory,
whereas we aim at clarifying the practical feasibility of such theoretical dis-
sertations and what considerations are needed in order to establish a bridge
between theory and practice.
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1.1 Cross-Layer Design
Network functionalities are often divided into subsystems, so called layers.
The most well-known protocol model is the ISO/OSI (Open System Inter-
connection) reference model which establishes a 7-layer protocol stack where
each layer defines a communication protocol. These layers are logically stacked
on top of each other, where the lower layers provide basic functionalities for
the higher layers. Each node in the network is compliant with this hierar-
chy maintaining per layer-communications, in which layers at the same level
communicate with each other without knowing the inner working at the lower
layers.
ISO/OSI represents an abstract and rigid description for network protocol de-
sign, thus many protocols in use on the ubiquitous Internet today attain to the
TCP/IP (Transmission Control Protocol / Internet Protocol ) model. Instead
of 7 layers, TCP/IP defines 5 layers in which the application, the presentation
and the session layers are usually merged (see Figure 1.1). Even though it is

Physical layer

Data Link layer

Network layer

Transport layer

Application layer

Figure 1.1. TCP/IP model

not properly correct, it is quite common referring to the TCP/IP stack as the
OSI stack, because it provides an easier fit for many real protocols and we
also do.
In this regard, it is well known that considering the layers stack as a flexible
structure with inherent couplings between layers, allows us to capitalize the
full capabilities of all of the layers.
In wireless networks, we point out that the medium is multi-access and its re-
sources are contended by different users that interfere with each other, more-
over the channel capacity is time-varying due to user mobility, shadowing and
fading. This causes interdependencies between nodes and different layers, be-
cause the capacity of each link depends on the amount of resources allocated
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to all other links.
For instance, in order to mitigate the interference effect due to the power al-
location on ad-hoc networks, one could resort to a power control mechanism.
Nevertheless, it is possible to notice that adjusting the power at the physi-
cal layer affects the interference perceived which in turn changes the resource
availability, influences the link rate, alters the queue lengths and the optimal
routing. Under such coupling, optimizing only within layers will not be enough
to achieve the optimal network performance, thus the control mechanism at
the transport, network, data link and physical layers need to be jointly de-
signed. This cooperation between layers is usually called cross-layer.
For a better understanding of cross-layer optimization we relate to the elu-
cidative example in [17]. We consider the network in Figure 1.2 where the

(a) (b)

Figure 1.2. Cross-layer benefits

physical medium and the limited capacity are shared by four users. The two
nodes to the left and the node in the center desire to send as much data as
possible to the rightmost node. If capacity is shifted from lightly loaded links
to heavily loaded links, the amount of data transferred over the network can
increase.
The first case (a) illustrates the network before cross-layer optimization: all
links have the same capacity consequently the link to the right is a bottleneck.
The second case (b) illustrates the network after cross-layer optimization: the
two links to the left have less capacity and the right link has more capacity,
so that the bottleneck has been freed. The network resources have been bal-
anced and the performance improved, because the amount of data that can
be transferred has increased.
Cross-layer designs reveal provable improvements, but at the expense of higher
complexity. Breaking up the layered structure of the networking stack may
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also have negative consequences in terms of maintenance and compatibility
issues, but also in terms of resulting performance. It has been observed in
[21] that cross-layer coordination protocols can introduce dependency rela-
tions and unintended interactions, so that different layers can start working
"against" each other leading to worse performance than in a layered network.

1.2 Optimization in Multi-Hop Networks and
Related Works

In this subsection we investigate how this cooperation between layers can be
achieved.
Following the milestone work of Kelly [22], NUM (Network Utility Maximiza-
tion) problem has grown up in the last decade as a powerful tool in the field
of optimization theory applied to networks and in particular for studying such
cross-layer issues.
Consider a communication network in which S users transmit with a certain
end-to-end rate xs. Each source s, emitting one flow, capitalizes a fixed set
of links belonging to the path L(s) in which each link is characterized by a
fixed capacity cl. Moreover, the satisfaction level related to the end-to-end
communication is identified by the utility function Us(xs).
NUM conveys in a single framework the problem of maximizing the aggregate
utility function, defined as the sum of the individual utility functions Us(xs)
associated with each end-to-end user. NUM typically takes the form:

maximize ∑
s
Us(xs)

subject to ∑
s:l∈L(s)

xs ≤ cl ∀l

x � 0
(1.1)

Here, the inequality ∑s:l∈L(s) xs ≤ cl states that the total traffic across a link
cannot exceed its capacity, each source is allowed to transmit at rate xs ex-
ploiting the available capacity of a link l without overwhelming the resources
associated with the intermediate links L(s) along its path.
The seminal works of Kelly at al. (1999) [22] and Low and Lapsley (1999)
[29] have shown that applying decomposition methods to solve the network
utility maximization in wired networks lead to decentralized protocols for
solving a performance optimization problem. Focusing on understanding var-
ious network control schemes (e.g. TCP/AQM variants), they underline that
TCP/AQM (Transmission Control Protocol / Active Queue Management)
protocols, although they were designed without regard to the utility maximiza-
tion, implicitly represent distributed optimization algorithms. The updating
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of end-to-end user rates and link-price can be mapped onto the idealized op-
erations of TCP client and AQM schemes.
The literature on utility maximization for networks with fixed link capacities
is vast and nowadays there is a relatively complete understanding of both
equilibrium properties and dynamics of Internet congestion control (see e.g.
Srikant (2005) [42] for a recent survey).
Inspired by these pioneer works, many researchers have tried to extend such
properties to the field of multi-radio communication networks in which the
capacity of the link is "elastic". Although the uncertainty of the radio channel
complicates the problem, a wide variety of centralized optimization meth-
ods that coordinate multiple layers of the OSI stack have been proposed
(e.g. Johansson and Xiao (2006) [18], Lin and Shroff (2006) [25], ElBatt and
Ephremides (2004) [12]). Standard centralized solutions, as the interior-point
method, require to solve a global optimization problem that is usually diffi-
cult, whereas advocating to smarter centralized approaches such as column
generation (e.g. [18]), renders the problem less expensive in terms of com-
putational cost because of the restricted number of variables to be treated.
The main drawback of centralized approaches is the introduction of a single-
point-of-failure (the network control node) that is charge of optimizing the
overall network utility. In order to accomplish the task, it might incur large
signal overhead on the network and make the problem poor scalable with the
number of nodes.
For this reason big steps towards decentralized protocols have been achieved,
for instance by exploiting message gossiping (e.g. Chiang (2005) [9], Modiano
et al. (2006) [32], Papandriopoulos et al. (2007) [35]) or distributed resource
scheduling (e.g. Yi and Shakkottai (2004) [45], Chen et al. (2005, 2006) [8],
[7], Soldati et al. (2006) [39], [40]).
In similar spirit to Warrier et al. (2007) [44], we aim at practical evaluating
performances of cross-layer design.

1.3 Distributed Cross-Layer Design: Dual
Decomposition

As underlined in [34], the importance of "decomposability" to distributed so-
lutions is similar to that of "convexity" to efficiently compute the global op-
timum. To transform the centralized optimization problem into distributed
protocols, it is necessary to analyze the problem trying to decompose the
original problem into different structures that represent the underlying coor-
dination and cooperation between layers.
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Decomposition theory naturally provides the mathematical language to build
an analytical framework for designing distributed cross-layer algorithms. Many
ways exist to guide the original problem towards a distributed cross-layer
structure that provides a different representation of the problem. Applying
decomposition techniques to the global optimization problem allows us to
identify critical information that need to be communicated between nodes
and across layers, and suggests how network elements should react to this
information in order to attain the global optimum. Different coupled layers
using local information achieve individual optimality that results in the global
optimality overall the network.
Dual decomposition is applied when a set of constraints is relaxed and joined
with the original objective function via pricing. Relaxing the constraints per-
mits to separate the optimization problem into easier subproblems and reveals
hidden decomposability structures that intrinsically point out the coupled na-
ture of different layers. We consider the NUM problem (1.1) extended to a
wireless network: the capacity cl explicitly depends on the transmit power Pl
related to the link l1 and constraints are rewritten as follows:

∑
s:l∈L(s)

xs ≤ cl(Pl) ∀l (1.2)

We introduce Lagrange multipliers λ for this new set of capacity constraints
and we apply Lagrange relaxation to (1.1). The following Lagrangian is de-
rived

L(x, c,λ) =
∑
s

Us(xs) +
∑
l

λl

cl(Pl)− ∑
s:l∈L(s)

xs

 (1.3)

that forms the Lagrange dual function

g(λ) = max
∑

s

Us(xs) +
∑
l

λl

cl(Pl)− ∑
s:l∈L(s)

xs

 : x � 0, c ∈ C
 (1.4)

1Without loss of generality we consider a radio system that exploits orthogonal channels.
In this case, the link capacity cl depends on the transmit power Pl, the channel gain Gll
and the bandwith W as follows: cl(Pl) = W log2(1 +GllPl)
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Without deepening the Lagrange theory, we just notice that (1.4) is separable
in the variable x and c, splitting the problem into two subproblems

g(λ) = max
∑

s

Us(xs)−
∑
l

λl
∑

s:l∈L(s)
xs : x � 0

︸ ︷︷ ︸
Network subproblem

+ max
{∑

l

λlcl(Pl) : c ∈ C
}

︸ ︷︷ ︸
Resource allocation subproblem

(1.5)

As in wireline networks [29] and [28], the network subproblem is distributively
solved by letting sources optimize their rates individually along the end-to-
end path. It has been argued (Low and Lapsley (1999) [29], Low (2003) [28])
that running common TCP/AQM protocols amounts to letting the network
seek for an equilibrium point that solves the utility maximization problem.
In the wired context, Lagrange dual function is devoid of any resource alloca-
tion subproblem, whereas in wireless context the physical and MAC (Medium
Access Scheme) layers play an essential role coupled with the above network
layer.
The well known Lagrange dual problem is derived

minimize g(λ)
subject to λ � 0 (1.6)

Assuming g(λ) strictly concave and differentiable everywhere, (1.6) can be
solved by the projected gradient iteration

λ
(k+1)
l =

[
λ

(k)
l − ε∇g(λ(k))

]+
in which Lagrange multipliers are adjusted in the opposite direction of the
gradient ∇g(λ(k)). It has been argued in [3] that the following iteration im-
plements the gradient projection algorithm

λ
(k+1)
l =

λ(k)
l + ε

 ∑
s:l∈L(s)

x(k)
s − cl(P

(k)
l )

+

(1.7)

where ε > 0 is a sufficiently small positive step size of the gradient algorithm
and [·]+ denotes projection onto the positive orthant. This update can be car-
ried out locally by links based on their current link capacities. The Lagrange
multipliers can be interpreted as the links congestion prices: if the traffic de-
mand across the link l, represented by ∑s:l∈L(s) xs, exceeds the traffic supply
cl(Pl) of the link l, the congestion price increases, otherwise it decreases.
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1.4 Summary and Aims

Via Lagrange decomposition it is possible to obtain a new formulation of the
network utility maximization problem and identify hidden couplings between
different layers of the OSI stack. In order to get the global optimum overall
the network, decomposition schemes suggest that the problem of finding an
optimal rate and balancing resource allocation at the same time, can reside
in separate networking layers. These layers are closely coupled via a set of
critical parameters termed Lagrange multipliers that "bridge" the theoretical
gap between different OSI layers. Conveniently pricing the difference between
demand and supply, each source selfishly contributes to the global optimum
capitalizing local information only.
As stated in Section 1.2, many distributed algorithms for cross-layer optimiza-
tion exist in literature, each with possibly different characteristics in terms of
speed and robustness of convergence, amount of message passing and signaling
overhead, feasible implementation etc. Which alternative is the best depends
on the specific context and without a practical implementation we cannot be
aware a-priori of the goodness of such algorithms. These approaches usually
have certain theoretical assumptions and they are often difficult to realize in
practice.
Taking as benchmark the network utility maximization problem and the al-
gorithms consequently derived via dual decomposition, we aim at verifying
whether hidden practical considerations have to be accounted beyond the op-
timization framework and underlining some unpractical assumptions that are
often present in the underlying algorithms. Moreover, we want to put forward
possible solutions and make sure the improvements of such cross-layer algori-
htms in terms of optimal utility compared with some standard protocols such
as IEEE 802.11.
Among multiple choices, we have decided to focus on the recent works of Chi-
ang [9] and in particular Papandriopoulos [35], because of their accuracy in
the model formulation and results claimed. As we will see further, these two
works are closely related and complementary, because they both employ the
same model in terms of transport protocol and medium access protocol, even
though they fix different assumptions and reveal a different cross-layer design.
While Warrier et al. (2007) [44] have implemented the joint design of Chen et
al. (2006) [7] that includes also the scheduling, we implement Chiang (2005)
[9] and Papandriopoulos et al. (2007) [35] in which the distributed cross-layer
optimization is carried out over a CDMA scheme. In Chapter 8 we verify its
nice performances making a comparison with the standard IEEE 802.11.
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1.5 Outline
In this chapter we have briefly presented recent cross-layer methods for solving
the network utility maximization problem. In Chapter 2, we give an overview
of the model that has been adopted in the project and the main assumptions
taken, we investigate the OSI stack focusing on the theoretical formulation
of each layer. Chapter 3 introduces the theory we have faced and the results
achieved. In order to test such theory in a more realistic environment we have
approached the NS-2 simulator. Chapter 4 describes this new environment and
presents the extensions required to implement the theory, whereas Chapter
5 explains modifications and assumptions in order to fit the original theory
to the simulator. Chapter 6 focuses on layers of the OSI stack describing
the protocols used and the issues faced. Eventually, Chapter 7 shows the
results achieved and proposes a comparison between the underlying cross-layer
protocol and the standard IEEE/802.11.





Chapter 2

Model and Assumptions

After discussing the relevance of cross-layer design and the interconnection
between layers, in this chapter we explicitly present a model for describing
these dependencies. We will attain as much as we can to the model developed
in the reference works [9] and [35].

2.1 Network Topology
We consider a network as a constellation of nodes located at fixed positions
in the plane and equipped with a radio unit that allows them to communicate
with each other. Each node is assumed to have infinite buffering capacity and
can transmit, receive and forward data to other nodes over wireless multi-hop
links.
Any network topology can be described by an oriented graph, with nodes la-
beled n = 1, . . . , N and communication links labeled l = 1, . . . , L. A link is
represented by an order pair (i, j) of distinct nodes as an arc in the underlying
graph. The link (i, j) means that the network supports any communication be-
tween the node i and the node j. Without loss of generality, we could assume
that a wireless topology network is a non-oriented graph with bidirectional
arcs, because each radio unity is able to receive data and reply backward with
acknowledgments to the sender.
Despite this theoretical view of a network topology, we underline that in prac-
tice the link entity does not exist, because in a wireless network, unlike wire-
line, the capacity of the channel is not fixed, and no "pipe" can ensure the
reliability of communications. Moreover, for being more precise, we should
introduce the concept of communication interaction, because since the link is
not a "pipe", communications over one link could interfere with communica-
tions over some other links.

11
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Although the link does not represent a rigid connection between nodes, we
can easily specify the network topology using a node-arc incidence matrix
A ∈ RN×L, whose entry anl is associated with node n and link l via

anl =


1 if node n is the transmitter of link l
−1 if node n is the receiver of link l

0 otherwise

Hence, each column of A refers to a link and has only two non-zero entries
equal to 1 in correspondence of the transmitter and −1 for the receiver. For
instance we could consider a network topology made up of five nodes and four
bidirectional links as in Figure 2.1.

2

1

3 4 5

X

X

X

X

2

1

3

4

1

2

3 4

Figure 2.1. General multi-hop network with five nodes, four links and four
sources

The corresponding node-arc incidence matrix is

A =


1 −1 0 0 0 0 0 0
0 0 1 −1 0 0 0 0
−1 1 −1 1 1 −1 0 0

0 0 0 0 −1 1 1 −1
0 0 0 0 0 0 −1 1



2.2 Channel Model
Modeling the wireless channel is extremely difficult due to the unpredictable
nature of the wireless medium which is intrinsic stochastic and aleatoric. De-
spite the accuracy of such a model, recurring to mathematical formulation
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is not enough to exactly predict the attenuation of the power and fully in-
clude a lot of time-varying phenomena such as the thermal noise, diffraction,
diffusion, reflection and scattering that result in multi-path propagation ef-
fects of the transmitted signal. In the design of communication systems for
transmitting information through physical channel, it is worth constructing
appropriate mathematical models that reflect the most important character-
istic of the medium.
In a wireless system, the allocation of communications resources, such as pow-
ers transmission opportunities, channels etc. to individual links is influenced
by the medium access scheme (MAC level) and the radio propagation model
(physical layer).

Medium access scheme

We consider a system where all radio units are equipped with omnidirectional
antennas and share the same frequency band. We further adopt the Code Di-
vision Multiple Access (CDMA)-based model for the physical and MAC layers
as in [19], [35], [9]. Specifically, using CDMA and assigning to each termi-
nal different spreading sequences, nodes can transmit simultaneously within
the same spectrum at the expense of multiple access interference. Moreover,
thanks to the CDMA scheme and to spread spectrum techniques, we can af-
ford to claim that nodes are able to transmit and receive simultaneously and
the self-interference is cancelled as mentioned in [35]1.
On one hand, CDMA allows a simpler cross-layer design because the schedul-
ing problem can be neglected, but on the other hand an interference limited
system such as CDMA renders the optimization problem nontrivial because
the power allocation is coupled across the entire network.
In the following chapters, it will be clear that the CDMA scheme plays an
important role for the proposed algorithms.

Radio propagation model

Channel attenuation is usually decomposed into:

• Path loss. The theoretical attenuation of the signal radiated by a trans-
mitter in free space. It depends on frequency and distance only.

1It has been demonstrated that the self interference problem can be mitigated joining
spreading techniques with RF isolators and echocancelers.
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• Shadowing. Also called slow fading or large-scale fading because of its
slowly-varying changes respect to the coherence time of the channel2.
It represents the average signal power attenuation due to the obstruc-
tions within the environment between transmitter and receiver, such as
buildings, terrain contours etc.

• Fast Fading. The coherence time of the channel is small relative to the
delay the channel undergoes, because of the multi-path effect and both
amplitude and phase of the signal could be affected.

Firstly, as in [38], [9], [35], [19], we consider a so-called snapshot network
scenario in which the problem formulation takes into account a deterministic
fading model only, then we will try to do away with this assumption and render
the model of the channel more realistic introducing aleatoric and unpredictable
channel variations, as mentioned in [35].

SINR definition

Using an interference-limited channel characterized by a CDMA access scheme,
interference generated by users sharing the same radio resources could signif-
icantly affect the transmission in terms of achievable data rate. Specifically,
the radio propagation effects and the thermal noise may deteriorate the qual-
ity of the received signal and make the receiver unable to correctly decode the
information.
To this end, we use the Signal to Interference plus Noise Ratio termed SINR
as quality measure of the communication over individual links. We adopt the
SINR model proposed in [35] and we define the instantaneous SINR for link l
as

SINRl(P) = PlFllGll∑
j 6=l
PjFljGlj + σ2 (2.1)

where σ2 is the thermal noise power experienced at the receiver of the link l,
P = [P1 . . . PL]T is the vector of transmitter powers with Pl,min ≤ Pl ≤ Pl,max
and Il = ∑

j 6=l PjFljGlj is the interference experienced at the receiver of link l.
The term FijGij is the instantaneous channel gain between the transmitter of
link j to the receiver of link i. Only the diagonal terms Gll correspond to the
desired signals, and the off-diagonal terms Gij (i 6= j) lead to interferences.
We can decompose this term into a fast-fading component Fij and a slowly-
varing component Gij.
As in [38] and [19] we define Gij = kijd

−ν
ij as a function of the distance dij

2The coherence time is the interval within which the wave oscillation is predictable
somehow. It is defined as: Tc = 1

∆s where ∆s is the Doppler spread.
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between the transmitter of link j and the receiver of link i and the path loss
exponent ν whose value usually ranges between 2 and 4. Within the term kij,
we can include various normalization constants that reflect the radio propaga-
tion properties such as antennas gains and antennas heights, but also allows
us to account for the effects of coding, spreading gain (i.e. CDMA scheme).
Assuming Rayleigh fast fading, we can model Fij as i.i.d. (independent
and identically distributed) exponentially distributed stochastic variables with
unity mean. The i.i.d. assumption is justified because each Fij represent the
fading on distinct links in the network and the unity mean is without loss
of generality. To this end, we can regard our snapshot scenario as either a
snapshot view of a time-variant channel or an average long term behavior. In
this regard is useful to rewrite Equation (2.1) as:

SINRl(P) = E[PlFllGll]
E[∑j 6=l PjFljGlj + σ2] = PlGll∑

j 6=l PjGlj + σ2 (2.2)

where we exploit the unity mean property of Fij to represent the SINR that
can be interpreted either as an instantaneous SINR (snapshot view) or an
average SINR over the time-scale of interest.
This is practically equivalent to render Fij variables fixed and include them
within Gij.

Channel capacity definition

We view each link l as a single user gaussian channel with Shannon capacity

cl(P) = W log2(1 +KSINRl(P)) (2.3)

whereW is the system bandwidth. According with the SINR perceived at the
receiver of the link l, the transmitter adjusts its transmission rate. Under the
assumption of AWGN (Additive White Gaussian Noise Channel) channel, we
can claim that bits transmitted with that rate are received with asymptotically
small Bit Error Rate (BER) probability. Alternatively (e.g. [20], [14]), we
could include in (2.3) a factor K accounting a specific modulation scheme and
a certain BER requirement as a weight for the SINR. For simplicity, we will
assume without loss of generality an ideal modulation with K = 1 (e.g. [9],
[35]).
Particularly difficult is defining the capacity region C, which is determined by
the channel model and MAC schemes. C represents the convex hull of the
achievable capacity vector c. This topic is closely related to the convexity
properties of the network utility maximization problem. In the next chapter
we further investigate how to model the capacity region referring to [9] and
[35].
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2.3 Network and Transport Layer
We consider a network with saturated traffic, i.e. nodes are assumed to always
have data to send to the other nodes, possibly via multi-hop routing.
After defining in Section 2.1 the set of links l = 1, . . . , L, here we assume
that those links are shared by the set of end-to-end flows labeled by integers
s = 1, . . . , S between source-destination pairs (i, j)3. Each data flow s is
univocally identified by the path from the source node i to the destination
node j. Each node can send data to many destinations and receive data from
many sources across multiple paths. For simplicity, we consider static routes
and we exclude from the cross-layer optimization framework the routing layer.
Also [9] and [35] assume that this layer is fixed and suppose that the time-scale
of the cross-layer optimization algorithm should not interfere with any update
of routing tables whose time-scale is much slower.
Let xs denote the end-to-end communication rate between source-destination
pairs s. Associated with each pair s is a utility function Us(·) which describes
the utility of the pair to communicate at rate xs. We assume that Us(·) is
increasing and strictly concave with Us → −∞ as xs → 0+.
The routing can be then specified by the link-route incidence matrix R =
[rls] ∈ RL×S with entries

rls =
1 if link l is in a path of flow s

0 otherwise

Let cl denote the transmission capacity on link l, c = [cl] be the vector of link
capacities. Then the vector of total traffic across links is given by Rx and the
constraints defined in Equation (1.2) can be rewritten in the following set of
constraints on the end-to-end rate vector x

Rx � c x � 0 (2.4)

Figure 2.1 shows a multi-hop network with 4 source-destination pairs commu-
nicating at end-to-end rates x1, . . . , x4 and having routes shown.
The corresponding link-route incidence matrix is

R =


1 0 1 0
0 1 0 0
0 1 1 0
0 1 0 1


3Each source-destination pair is associated with a specific data flow generated by a

single source. Throughout the thesis we will use these terms with no distinction.
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For instance, the network flow model imposes the following constraint for link
3

x2 + x3 ≤ c3

Using a similar model, the authors in [22] and [29] have proposed a mathemat-
ical formulation of distributed end-to-end flow control scheme over TCP/IP
in wired networks. It is argued that the optimal network operation solves the
network utility maximization problem (1.1) that can be reformulated as

maximize ∑
s
Us(xs)

subject to Rx � c
x � 0

(2.5)

where the variables are collected in the end-to-end rate vector x, while the
link capacity vector is assumed to be fixed.
A distributed solution to this problem can be derived via dual decomposition.
In particular, it has been argued that the distributed updates of end-to-end
rate and link prices can be mapped onto the idealized operation of TCP client
and AQM (Active Queue Management) schemes (e.g. RED (Random Early
Detection), REM (Random Exponential Marking), etc.). Specifically, by run-
ning the appropriate TCP and AQM protocols effectively amounts to let the
network solving the network utility maximization problem (2.5) in wireline
context. As such, TCP/AQM protocols can be regarded as distributed opti-
mization algorithms that maximize the aggregate utility function subject to
constraints on the attainable network capacity.
On the surface, various TCP and AQM schemes were designed for the Internet,
without regard to utility maximization. This novel and attractive property
has been first illustrated by Low et al. in the series of works [28], [27] and
[26], and it has been reverse engineered in a lot of recent works in the field of
wireless networks [35], [9] and [43].

2.4 Modeling TCP Vegas
Among all different variants of TCP, Reno and Vegas have been widely stud-
ied and analyzed in literature. While hosts using TCP Reno may send many
more packets than the available network capacity, because they are unaware
of a forthcoming congestion and they wait for a loss to reduce the conges-
tion window, hosts using TCP Vegas can try to avoid congestion and prevent
losses linearly updating the window size and capitalizing no other signals than
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queueing delays. Throughout this thesis we will only refer to TCP Vegas.
In TCP Vegas, each source or flow s adjusts its congestion window by calculat-
ing once at a round trip time the difference between the actual rate realized
and the expected rate and consequently incrementing or decrementing the
window by one packet according to whether the difference is less or greater
than a parameter αs and βs respectively.
For each packet the difference is calculated as follows:

∆s =
(

Ws

baseRTTs
− PktsTranss

RTTs

)
baseRTTs (2.6)

where Ws is the current window size and it represents the amount of packets
currently in transit not yet acknowledged that the source s is allowed to hold
during a TCP connection and PktsTrans is the number of packets transmitted
during the last round trip time. RTT is the round trip time and it represents
the propagation delay along the path plus the queueing delay experienced by
the flow and for each packet it is calculated through the difference between
the sending time and the receiving time of the relative TCP acknowledgment,
whereas baseRTT is the minimum round trip time ever experienced. Usually
as in the network simulator NS-2 and in [5], W/baseRTT is referred to the
Expected Rate and PktsTrans/RTT to the Actual Rate.
Given a source s, the window size ws at a discrete time t, proportional to the
round trip time, is updated according to [13] and [28] as follows:

ws(t+ 1) =


ws(t) + 1 if ∆s < αs
ws(t)− 1 if ∆s > βs
ws(t) else

(2.7)

The rationale is that a network is not congested and its resources underutilized
when the expected rate is close to the actual rate, whereas the network is
congested when the actual rate is smaller than the expected one by a factor
βs

4. In this regard, ∆ can be viewed as the number of extra packets the source
flow has sent and αs and βs the lower and the upper bound on the backlogged
packets respectively. According to these parameters the window size and the
throughput are adjusted. TCP Vegas adopts a constructive policy, because it
tries to exploit the capacity of the network maintaining the "right" amount of
extra data without incurring congestion.
We define xs = PktsTranss/RTTs as the allowed end-to-end source rate
for the flow s and ds = baseRTTs as the minimum round trip time ever
experienced at the source s. In [28], TCP Vegas is shown to be solving the

4In the sequel βs is considered equals to αs.
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NUM problem (2.5) for the logarithmic utility function

Us(xs) = αsds log xs (2.8)

that provably approximates x?s = PktsTrans?s/RTT
?
s at the equilibrium state

PktsTrans?s = W ?
s , where x?s is the unique optimal solution of (2.5) associated

to the equilibrium window W ?
s and round trip time RTT ?s .

In Chapter 6, we investigate how TCP Vegas behaves when "practically" cou-
pled with the queue policy and various issues we have faced.

2.5 Summary
In this chapter we have investigated a possible model that represents an ad-
hoc wireless network. We have described different OSI layers according with
the assumptions of our referential works.
Compared with other works in the field of cross-layer design, we notice the
introduction of an interference limited systems such as CDMA at the MAC
level. This allows to neglect the scheduling problem faced in [7], [39], [40],
[45] making the cross-layer design easier, but on the other hand the power
allocation is coupled across the entire network and the optimization becomes
more difficult.





Chapter 3

Principles of Optimal Distributed
Algorithm

As claimed in Section 1.4, we have taken as a benchmark for our work the
theory of Chiang [9] and Papandiopoulos et al. [35]. These two works are
closely related and complementary, because they both face the same problem
adopting the same model at the transport (i.e. TCP Vegas), network, MAC
(i.e. CDMA) and physical layer, but they reveal a different cross-layer design,
due to a different approach in treating the nonconvexity of network utility
maximization problem. On one hand, [9] proposes an approximation of the
set of constraints, on the other hand [35] uses mathematical tools to convexify
the problem.
To this end, we particularly focus on the theory of Papandriopoulos that can
be viewed as an exact theory, because it abandons the high-SINR assump-
tion on the system that is the basis of the Chiang’s work. After a graphical
comparison between Chiang and Papandriopoulos, we present other numerical
results obtained according to the theory of Papandiopoulos et al..
Eventually, we underline the need for a more practical evaluation of the al-
gorithm in order to account for some aspects that are fundamental in a real
network, but are not mentioned in the underlying work.

3.1 Network Utility Maximization

The network utility maximization problem (2.5) presented in Chapter 2 is
referred to wireline networks with fixed capacities. Now, we can reformulate
the NUM problem and extend the formulation to the case of wireless networks

21
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in which capacities depend on the powers allocation across the entire network

maximize ∑
s
Us(xs)

subject to ∑
s
rlsxs ≤ cl(P) ∀l

x, P � 0 c ∈ C
(3.1)

Here we make explicit the dependence of each link capacity cl on the trans-
mit powers P that coupled with x represent the new optimization variables.
The jointly optimization is taken over the vector of nonnegative source rates
x = [x1, . . . , xs]T and link transmitter powers P. In practice, (3.1) is also
constrained by the maximum and minimum transmit powers allowed at each
transmitter on link l: Pl,min ≤ Pl ≤ Pl,max, ∀l. The constraints ensure that
the network is devoid of congestion: the rate allocation of sources does not
overwhelm any intermediate links, where the link capacity is now a quantity
that is optimized through the power allocation.
According to the model developed in the previous chapter we can rewrite (3.1)
in the compact form:

maximize U(x)
subject to Rx � c

x, P � 0 c ∈ C
(3.2)

where x ∈ RS refers to the vector of the end-to-end source rates in which
each element represents one flow, among the set of S possible flows, univo-
cally identified by their source and destination. c ∈ C makes explicit the
dependence of the capacity (maximum data rate) on an individual link on the
medium access scheme and the allocation of radio communication resources
to the transmitters of the links.
An optimization problem is a convex optimization problem if the objective
function is convex and the constraint functions are convex or affine [4]. We
refer to the Appendix A for further details in convex optimization. It is well
known that for a convex optimization problem, any local optimum is also a
global optimum and dealing with convex problem is somehow desirable. In
fact, as in linear programming problems, there are some efficient methods for
seeking the optimal solution. Among them, the interior-point method provably
converges to the optimal solution attaining to a polynomial-time complexity
[4].
The objective function and its geometrical properties are closely related to
the TCP algorithm used in the network. Fortunately, as shown in [27], in the
case of common TCP algorithms such as TCP Reno and TCP Vegas, U(x) is
increasing, strictly concave and twice differentiable. This attractive property
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has driven most of recent works in the area of wireless networks (e.g. [9], [35],
[43]). We remind that the TCP protocol used is TCP Vegas, whose utility
function is expressed in Equation (2.8).
The convexity of the feasibility set is also necessary for problem (3.2) to be
convex. As stated in Section 2.2, the definition of the capacity region C de-
pends on both channel model and MAC schemes. If C is convex, NUM is
readily solvable like a common convex optimization problem by applying con-
vex optimization theory, otherwise it is necessary to find a way out using some
useful tricks.
For instance, in case of radio systems using orthogonal channels, the con-
straints

Rx � c c ∈ C
can be rewritten as∑

s

rlsxs ≤ Wl log2(1 + Pl
σlWl

) l = 1, . . . , L

Here both Wl, the bandwidth accommodated to the link l, and σl, the noise
of the channel are positive constants. This set of inequalities defines convex
constraints functions and the convexity of the problem (3.2) is ensured.
On the contrary, for interference limited channels as a CDMA-like system, the
instantaneous capacity derived from (2.3) becomes∑

s

rlsxs ≤ W log2(1 + SINRl(P)) l = 1, . . . , L

that defines a set of not convex constraints in P.
Nevertheless, by convenient transformations, it is still possible to reformulate
the problem and render it convex. One can either combine variables changes
and logarithmic transformation (e.g. [35]) or establish some assumptions on
the capacity region (e.g. [9], [18]). These two possible approaches lead to
different cross-layer optimization methods that have driven our work and will
be thoroughly investigated in this chapter.
As claimed in Section 1.4, we refer to the works [9] and [35] for our practical
implementation. Firstly, we present the prior high-SINR solution of Chiang,
then we review the exact theory recently proposed by Papandriopoulos et al.
that generalizes the model of Chiang for any SINR value.

3.2 Approximate Theory
Chiang in [9] uses a CDMA access protocol that renders the canonical problem
(3.1) not jointly convex in (x,P). In case of interference limited channels as
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CDMA, the instantaneous capacity of each link l can be modeled on the
Shannon capacity

cl(P) = W log2(1 + SINRl(P)) (3.3)
which is neither convex nor concave in P.
It has been argued in [9] that with reasonable spreading gain, the term Gll

in the SINR expression (2.2) can be assumed much larger than Glj, j 6= l. In
this case, the SINR results much larger than 1 and the Equation (3.3) can be
approximated as

c̃l(P) = W log2(SINRl(P)) (3.4)
The problem that Chiang attempts to solve can be reformulated as follows

maximize ∑
s
Us(xs)

subject to ∑
s
rlsxs ≤ c̃l(P) ∀l

x, P � 0
(3.5)

A distributed solution to this problem can be derived via dual decomposition,
in a conceptually similar manner to Equation (1.3)-(1.7). Let λ be the La-
grange multipliers vector for the capacity constraints, we can form the dual
function of (3.5) as

g(λ) = max
{∑

s

(
Us(xs)− xs

∑
l

λlrls

)
: x � 0

}
︸ ︷︷ ︸

Network subproblem

+ max
{∑

l

λlc̃l(P) : P � 0
}

︸ ︷︷ ︸
Resource allocation subproblem

= gx(λ) + gP (λ)

(3.6)

where

gx(λ) = max
{
Lx(x,λ) =

∑
s

(
Us(xs)− xs

∑
l

λlrls

)
: x � 0

}

solves the network subproblem and

gP (λ) = max
{
LP (P,λ) =

∑
l

λlc̃l(P) : P � 0
}

solves the resource allocation subproblem.
The associated dual problem of (3.5) is

minimize g(λ)
subject to λ � 0 (3.7)
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that can be solved by the projected gradient iteration

λ
(t+1)
l =

[
λ

(t)
l + γ

(∑
s

rlsx
(t)
s − c̃l(P(t))

)]+

(3.8)

While the network subproblem is implicitly solved by running the conges-
tion control mechanism of the TCP Vegas for Us(xs) = αsds log xs, the re-
source allocation subproblem gP (λ) is solved by a variables transformation
P̃l = logPl, ∀l. It has been argued in [9] that this transformation renders the
partial Lagrangian LP (P,λ) a strictly concave function of a logarithmically
transformed power vector P̃.
Combining the high-SINR assumption and logarithmic transformation, the
resulting problem (3.5) is then convex in the new (x, P̃) space, because it is
turned into maximizing a strictly concave objective function over a convex
constraint set, so that any locally optimum solution is then declared globally
optimum. Moreover, it has been shown that the resource allocation subprob-
lem can be implemented distributively, just like the congestion control of the
network subproblem, at the expense of a large information exchange among
nodes.
The complete solution proposed in [9] is a Jointly Optimal Congestion-Control
and Power-Control (JOCP) algorithm. For a complete treatment of the algo-
rithm we cross-refer to [9], here we just review the steps performed.
During each time slot t, JOCP performs the update of Lagrange multipliers,
the source algorithm update to solve the network subproblem and the link
algorithm update to solve the resource allocation subproblem. These updates
are carried out simultaneously at each link until convergence:

• Lagrange multipliers are updated according to the law of demand and
supply as in (3.8): if the demand exceeds the supply the price raises,
otherwise it decreases.

• Source Algorithm: TCP Vegas window size is updated as in (2.7) where
βs = αs, but the change in window size of one packet per round trip
time is modeled as a change per discrete time according to [28].

• Link Algorithm: Each transmitter updates its power based on locally
measurable quantities and received messages. Resorting to the high-
SINR assumption and the underlying logarithmic transformation, given
a certain λ(t)

l , the gradient ascent method is used to perform the power
update and maximize gP (P)

P
(t+1)
l = P

(t)
l + κ∇lLP (P) = P

(t)
l + κλ

(t)
l

P
(t)
l

− κ
∑
j 6=l

Gljm
(t)
j
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where κ > 0 is a constant step size and m(t)
j are messages passed from

each transmitter j to all other transmitters by a flooding protocol

m
(t)
j =

λ
(t)
j SINR

(t)

P
(t)
j Gjj

JOCP exhibits desirable properties in terms of global convergence to the
jointly optimum (x?, P̃?) of the approximate problem for small enough pos-
itive step size constants that are employed both in the Lagrange multipliers
update and power update. In addition, other properties such as robustness
to parameters perturbation, tradeoff between complexity and performance,
geometric rate of convergence have been demonstrated in [9].

3.2.1 Towards the Exact Theory

The high-SINR approximation is a lower bound of the link capacity

∑
s

rlsxs ≤ W log2(SINRl(P))︸ ︷︷ ︸
lower bound approximation

≤ cl(P)

As noticed in [35], there is no guarantee that the feasible region of the high-
SINR approximate problem actually includes the global optimum point. The
tightness of the bound determines how close the approximate problem is to the
true global optimum. In general, for SINR� 1 the bound becomes tight.
In a CDMA system, each transmitter can access the channel without con-
tention increasing the interference that disturbs the communications. The
high-SINR assumption becomes weak, unless large spreading gains or com-
plex interference suppression schemes are employed. Moreover, one should
know a-priori the quality of communications predicting the SINR values that
depend on the powers allocation and cross-gain Glj between links.
Recently, Papandriopoulos et al. have shown in [35] that the original noncon-
vex problem (3.2) can be transformed into an equivalent convex formulation
without relaying on any approximation of the physical constraints. Since this
finding will be the basis for our practical implementation of distributed cross-
layer optimization, we will review it briefly below.
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3.3 Exact Theory
In [35], Papandriopoulos et al. formulate a slightly different NUM problem

maximize ∑
s
Us(xs)− ω

∑
l
Pl

subject to ∑
s
rlsxs ≤ cl(P) ∀l

x, P � 0
(3.9)

that differs from (3.2) for the introduction of a second term in the objective
function so as to minimize the powers. Considering ad-hoc wireless networks,
this term takes into account the need for interference reduction and batteries
saving at each node, according to a fixed weight ω ∈ [0,∞).
Unlike previous works, the solution approach proposed in [35] does not resort
to any assumption on the capacity region and interference levels, rather it
provides new convexity results that render the canonical problem (3.2) con-
vex, combining natural properties of utility functions with range and domain
transformation of the Shannon link capacity.
One important type of generalized convexity relates to the family of convex
transformable functions. These are functions that can be turned into convex
ones by one-to-one transformation of their domain and range and solved with
relative ease, using convex programming techniques such as duality. Under
the range transformation, the (log, log)-concavity of the Shannon link capacity
is derived and the global optimum obtained after reverse transforming.

Result 1. The Shannon link capacity is (log, log)-concave.

Proof: see [35].

Inspired by this result, the canonical problem (3.9) can be transformed as
follows

maximize ∑
s
Us(exp(x̃s))− ω

∑
l

exp(P̃l)

subject to log
(∑
s
rls exp(x̃s)

)
≤ log

(
cl(exp(P̃))

)
∀l

x̃, P̃ � 0

(3.10)

The link powers Pl are transformed logarithmically to ensure that the right
side of the constraints are concave. Recalling that log-sum-exp is convex [4],
the source rates xs are similarly transformed, to ensure convexity of the left-
hand side. We therefore conclude that the constraint set is now convex.
This result may be not enough to succeed in transforming the nonconvex
canonical problem (3.9) into convex form. In fact, the objective of (3.10)
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provably comprises a sum of quasiconcave functions [4]. Unfortunately, qua-
siconcave functions are not closed under addition and in general their sum is
nonconcave, but there exists a fundamental exception.

Result 2. The transformed problem (3.10) is convex if the utility functions
are all (log, x)-concave over their domain.

Proof: see [35]

This result stems from the concavity in P̃ of the second term (sum of
negative exponentials) and the concavity in x̃ of Us(exp(x̃s)) that must be
(log, x)-concave. As proved in [35], the utility function modeling TCP Vegas
and TCP Reno are (log, x)-concave as well as all the α-bandwidth functions.
Based on results 1 and 2, Papandriopoulos et al. have derived an algorithm
that distributively solves (3.10) providing a globally optimum rate and power
allocation through message passing.

3.3.1 Algorithm Formulation
Applying the Lagrangian dual theory to (3.10), we get the following La-
grangian function

g(λ) = max
{∑

s

Us(exp x̃s)− ω
∑
l

exp(P̃l)

+
∑
l

λl

(
log

(
cl(exp(P̃))

)
− log

(∑
s

rls exp(x̃s)
))

: x̃, P̃ � 0
}

= gP̃ (λ) + gx̃(λ)

(3.11)

that we decompose in

gP̃ (λ) = min
{
LP̃ (P̃,λ) =

∑
l

ω exp(P̃l)− λl log
(
cl(exp(P̃))

)
: P̃ � 0

}
(3.12)

and

gx̃(λ) = max
{
Lx̃(x̃,λ) =

∑
s

Us(exp(x̃s))−
∑
l

λl log
(∑

s

rls exp(x̃s)
)

: x̃ � 0
}

(3.13)
where gP̃ (λ) and gx̃(λ) represent the resource allocation subproblem and the
network subproblem respectively.
The Lagrange dual problem associated to (3.10) is derived

minimize gP̃ (λ) + gx̃(λ)
subject to λ � 0 (3.14)
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Due to the strict concavity and strict convexity of the partial Lagrange func-
tions Lx̃(x̃,λ) and LP̃ (P̃,λ) respectively, the optimizations (3.12) and (3.13)
have unique solutions, for any fixed λ. Moreover, the dual functions gx̃(λ) and
gP̃ (λ) are differentiable everywhere, therefore problem (3.14) can be solved us-
ing an iterative approach based on the gradient descent method.
At iteration t, the inner optimizations gx̃(λ) and gP̃ (λ) are solved for fixed
λ, then the gradient descent method is employed to update the Lagrange
multipliers. These updates are carried out simultaneously until convergence

• As usual, the Lagrange multipliers can be interpreted as congestion
prices or local queueing delays according to the model of demand and
supply. For their updates only local information is required

λ
(t+1)
l =

[
λ

(t)
l + ε

(
log

(∑
s

rlsx
(t)
s

)
− log cl(P(t))

)]+

(3.15)

where ε is a sufficiently small step size.

• Source Algorithm: The source rate update is in charge of solving the
inner maximization (3.13). After employing a gradient ascent method
we obtain

x(t+1)
s = x(t)

s exp
(
x(t)
s γ

[
U ′s(x(t)

s )−
∑
l

rlsΛ(t)
l

])
(3.16)

where γ is a sufficiently small step size and

Λ(t)
l = λl∑

m
rlmx

(t)
m

are normalized congestion price. The function U ′s(·) is the first derivative
of the utility.

• Link Algorithm: The power allocation is obtained by iteratively solving
(3.12)

P
(t+1)
l = ∆(t)

l

ω +
∑
n6=l

GnlM
(t)
n

(3.17)

with1

∆(t)
l = λ

(t)
l

SINR
(t)
l

1 + SINR
(t)
l

1
log (1 + SINR

(t)
l )

(3.18)

1Please notice that messages ∆l do not correspond to the parameter ∆ defined in Section
2.4.
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and
M (t)

n = ∆(t)
n

SINR(t)
n

GnnP
(t)
n

(3.19)

based on local measurable quantities information, such as queueing delay
experienced on link n.

Both source algorithm and link algorithm can be figured into distributed pro-
tocol by making use of explicit message passing of normalized congestion prices
Λl and messages Mn. Similarly to the solution in [9], each receiver on link n
broadcasts a message Mn. In turn, each transmitter l receives each of the
broadcast messages, estimates Gnl and adjusts their power levels in the next
time slot. Power update is performed directly proportional to current conges-
tion price and inversely proportional to the weighted sum of the messages from
all other receivers. Intuitively, if the congestion price is high, transmit powers
should increase, with more moderate increase when the current SINR is al-
ready high that reflects a current transmit power already high. On the other
hand, whenever messages values are high transmit powers should decrease.
Since each message on link n is directly proportional to queueing delays on
link n, power update depends on queueing delays experienced by all other
links. As such, power update is carried out in order to reduce interference on
those links.

3.3.2 Fading Formulation
Choosing ω = 0 and considering only slow-fading phenomena under high-
SINR assumption, (3.9) amounts to the NUM problem of Chiang (3.1). For
fast varying channel, the JOCP algorithm proposed in [9] cannot properly
capture the variations of the channel attenuation. To this end, the authors in
[35] propose to incorporate a rate-outage constraint in the problem resulting
in a formulation based on average channel attenuation instead of the classic
static snapshot scenario (see Section 2.2).
Specifically, the rate-outage probability is defined as the probability that
ingress rate2 Rl to link l exceeds its randomly time-varying capacity cl

Pr {Rl > cl(P)} = Pr

Fll < Rth
l

PlGll

∑
j 6=l

PjFljGlj + σ2

 (3.20)

where Rth
l = [exp(Rl/W )− 1] is the data rate threshold. Assuming Rayleigh

fast fading, as stated in Section 2.2, an upper bound to (3.20) has been derived

Pr {Rl > cl(P)} ≤ 1− exp
(
−Rth

l /SINRl(P)
)

(3.21)
2The ingress rate Rl amounts to

∑
s
rlsxs
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Incorporating rate-outage constraints, (3.9) can be reformulated

maximize ∑
s
Us(xs)− ω

∑
l
Pl

subject to Pr
{∑
s
rlsxs > cl(P)

}
≤ Ωl ∀l

x, P � 0

(3.22)

where the rate-outage probability is constrained by the constant Ωl ∈ (0, 1),
that implicitly represents the rate-outage probability target at the optimum
solution. Making use of (3.21), problem (3.22) can be rewritten

maximize ∑
s
Us(xs)− ω

∑
l
Pl

subject to ∑
s
rlsxs ≤ W log2

(
1 +MlSINRl(P)

)
∀l

x, P � 0
(3.23)

where the average SINR has been scaled by the constant Ml = − log(1 −
Ωl). The new problem formulation (3.23) has the same form of the canonical
problem (3.9), although we now deal with average SINR, i.e. we are not
concerned with the instantaneous fading variations anymore, only its average.
Problems (3.9) and (3.23) are mathematically equivalent, they only differ for
the resource allocation which now takes into account both the average SINR
experienced on the link and the presence of fading included in the term Ml.

3.3.3 Numerical Results
In this section, we provide some illustrative examples in which we simulate
the algorithm in Section 3.3.1 for joint power and congestion control. For the
experiments, we attain to the parameter setting adopted in [35]. However,
how to set some important parameters such as the step size in the gradient
update is not cited, so we rationally set them.
We refer to the "linear" network topology used in both [35] and [9] illustrated
in Figure 3.1. The network consists of five nodes spaced 100m apart, four
links and four data traffics having routes as shown.
Each link is assigned a CDMA spreading sequence and the spreading gain of
the system is supposed to be N = 8. A transmission bandwidth of 1MHz is
set, giving a W=125KHz baseband on each link. Each link is supposed to be
affected by a thermal noise σ2=10nW. The gain Glj = dij−4 is determined by
the distance dij=100m from transmitter on link j to the receiver on link l and
the loss exponent. The parameter αsds = 20ms is arbitrarily chosen for each
source where ds = baseRTT = 10ms and αs = 2. Powers are limited by an
upper bound Pl,max=25mW and lower bound Pl,min=0.1mW at each transmit-
ter. The initial conditions of the graphs are based on an instantaneous view
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Figure 3.1. Reference topology network

of the system in which powers of 2.5mW are fixed at each transmitter. We
empirically fix a relative small step size ε = 0.0005 for the gradient method
that we maintain for all the experiments.
Since the problem (3.10) is convex, its optimal solution can be found with
the state-of-the-art mathematical programming software. We choose to use
fmincon, function of the MATLAB Optimization Toolbox, to evaluate the
optimal performance for each network setting. We attain to the per-link no-
tation of the algorithm: each of the four links is assigned different values of
power and capacity and each one experiences different queueing delays and
SINRs.

Algorithms Comparison in AWGN Channel

As stated in Section 2.2, we consider an ideal modulation with K=1 and evalu-
ate the performances of the algorithms under the assumption of static channel
or slowly-varying channel. By setting ω=0 and deal with systems affected by
a SINR� 1, results provided by the exact theory of Papandriopoulos should
be equals to that ones provided by the approximate theory of Chiang. Usu-
ally, a minimum 10-15db SINR is required to operate in high-SINR regime.
In Figure 3.2, it is shown that the objective of the canonical problem (3.1)
derived via Chiang and Papandriopoulos converge to the same optimal value.
In the sequel of this thesis, we focus on the exact theory of Papandriopou-
los. To this end, we now provide some numerical results illustrated in Figure
3.3-3.6.

AWGN Channel

We still evaluate the algorithm under the assumption of static or slowly-
varying channel. In Figure 3.3, by running the power control, powers are
distributively assigned to each link in order to allocate the right amount of
capacities and drain bottleneck links overall the network. Consider Figure 3.5
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Figure 3.2. Utility functions comparison for high-SINR condition
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and Figure 3.4.
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Figure 3.4. Link queueing delays
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Figure 3.5. Capacity allocation

On one hand, capacities on bottleneck links (link 1 and 3) tend to rise, whereas
decrease on more unloaded links (i.e. link 4). On the other hand, each link
regulates its power levels basing on the interference that the other links ex-
perience. According to the Shannon equation (3.3), we underline that the
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evolution of the SINR is proportional to the capacity. This distributive adap-
tation through message passing tends to balance the level of interference and
queueing delays. Obviously, because of the asymmetry in traffic load on the
links, conditions experienced by each link cannot become the same.
This joined and distributive power and congestion control contributes to en-
hance the performance of the network and maximize the utility (Figure 3.6).
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Figure 3.6. Utility function

Fading Channel

We now consider the model treated in Section 3.3.2 in which channel is subject
to fading. In this condition, it is difficult to undertake power and congestion
control, because the algorithm is not able to track rapid changes of the chan-
nel. The sensitivity of the network to fading effects yields a certain rate outage
probability. A rate outage limit Ω=20% is fixed at each link. Moreover, as in
[35] and [9], we model K = −1.5/ log(5BER) with BER = 10−3 correspond-
ing to MQAM modulation. The optimal power allocation and network utility
are shown in Figure 3.8 and 3.7.
As expected, the presence of the fading coupled with a modulation scheme
reduce the SINR, which in turn decreases the attainable capacity. As a conse-
quence, the performances of the network degrade compared with the AWGN
channel.
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3.4 Why NS-2?
In similar spirit to [44], we aim at practically evaluating the performances of
the algorithm of Papandriopoulos in a network simulator. In this section we
investigate what considerations the network simulator NS-2 allows to make.
The reader might wonder why NS-2 is needed for evaluating the algorithm
reliability, instead of MATLAB. The algorithm is based on a mathematical
framework oriented to the networks. Given the complex structure of a net-
work, as shown in the Section 3.3, several mathematical models are required
to emulate the network mechanisms. With NS-2, it is possible to do away
with some of these models revealing a more accurate simulation.

• Continuos model
The algorithm is carried out according with a single bit precision. This
leads to a continuos system in which the packet entity is not considered.
In NS-2 we allow the network to be a real network and experience a
packet level structure.

• Congestion window
The source rate update derived in the algorithm is a mathematical for-
mula that tries to emulate the real behaviour of the TCP Vegas transport
agent. It stems from solving the network utility maximization problem
via Lagrangian decomposition after convexification, but using NS-2 it is
possible to do away with this mathematical expression. Hence, we have
exploited the "real" TCP Vegas module, available in NS-2, in order to
obtain a more realistic scenario.

• Exchange data model
In the original algorithm model, the acknowledgments exchange is not
considered at all, neither from the transport level nor from the MAC
level. Thus, no latency times are considered and packets are always
correctly received.
Via NS-2, it is possible to verify whether the algorithm convergence is
ensured also in case of packets losses and evaluate the effects of latency
times.

• Algorithm updates
The algorithm considers a per-link notation, where it is not specified
which is the node on the link in charge of performing the update and
in particular the time needed to sent the information between nodes is
not taken into account. Moreover, the update is performed in a parallel
way for each link every time the TCP protocol congestion window over a
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link changes. So that, all nodes should change contemporaneously their
window entailing a completely synchronized system.
This results in an unpractical approach, whereas in NS-2 it is possible to
move in an asynchronous environment in which the updates are not ac-
complished at each window update and the per-link notation is replaced
with a per-node notation.

• Message exchange effect
The algorithm impementation requires an explicit messages exchange
between nodes, causing a packet overflow overall the network. This could
affect a practical realization of the Papandriopoulos approach. Even
though we do not implement a flooding protocol for massages passing in
NS-2, we will put forward how to get around this issue.

• Transmission Range
Unlike Chiang, the framework developed in Papandriopoulos does not
make any consideration about transmission power limitations of the
nodes, so the power may be free to range from zero to infinite. In
real systems, it is compulsory to set the maximum and minimum trans-
mission power as we have done in the previous MATLAB simulations.
The maximum limit is related to the maximum attainable transmission
power of each node, whereas the minimum limit has to be calculated
as the minimum power needed to reach the next-hop. According to the
propagation models available in NS-2 we can calculate and set those
values.

3.5 Summary
In this chapter, after presenting the approximate theory of Chiang, we have
focused on the theory developed by Papandriopoulos et al.. We have high-
lighted some fundamental insights that allow to render the NUM problem
convex and derive a distributed algorithm. Power and congestion control run
distributively under the coordination of Lagrange variables that represent the
gap between demand and supply at each link. The algorithm joins power and
congestion control in an unique framework making use of a limited amount
of messages passing. Numerical results have shown that this distributed algo-
rithm converges at the optimum value of the NUM problem and contribute to
enhance the performances overall the network.
Eventually, we have motivated the need for moving this theory in a more real-
istic environment than MATLAB. In particular, we have underlined what the
network simulator NS-2 allows to evaluate in term of practical feasibility.



Chapter 4

NS-2 Extensions: CDMA Module

NS-2 [37] is one of the most used object oriented network simulator for net-
working research. In order to implement the cross-layer design of Papan-
driopoulos et al. some extensions to the simulator are needed. Since the
underlying algorithm utilizes at the physical layer a CDMA access scheme,
to verify the performances of the algorithm we have to extend the original
version of NS-21 incorporating a CDMA module currently not yet included.
We firstly introduce the structure of the simulator outlining its main features,
eventually after describing the main concepts of the CDMA theory, we inves-
tigate the practical implementation of the CDMA module and we describe
the problems we have faced. In particular to make the description clearer, we
split the treatment in two stages: reception stage and transmission stage.
Coupled with a CDMA scheme, an appropriate queue management is needed
in order to satisfy multiple and simultaneous transmissions of CDMA. To this
end, we also provide a description of the extensions we have proposed in queue
management.

4.1 NS-2 Overview
The project began as a variant of the REAL network simulator in 1989 and
has evolved substantially over the past few years. In 1995 NS development was
supported by DARPA through the VINT project, currently NS development
is support through DARPA with SAMAN and through NSF with CONSER,
both in collaboration with other researchers including ACIRI.
Because of its open source developing, it is possible to manipulate the simu-
lator in order to fit it with user needs. NS-2 couples a C++ discrete event
structure with an OTcl interpreter as a frontend. In fact, since the network

1We remind that we refer to NS-2 version 2.31.

39
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research involves both varying parameters or configurations and studying net-
work protocols operation, it is advisable to have a programming language
(C++) which is in charge of managing bytes, packet headers, algorithms and
a more user friendly interface (Otcl) to use for easily modifying the network
model, traffic definitions, queue policy, etc.. This duality is represented by
the correspondence between the class hierarchies in C++ and OTcl. Users
can create new simulator objects through the interpreter, that are closely re-
lated to a corresponding object in the C++ compiled hierarchy. The main
function of the OTcl script concerns declaration of a new object belonging to
the Simulator class where various methods are called in order to create nodes,
topologies, and configure other aspects of the simulation.
NS-2 is an event-driven simulator: using seconds as time line, a scheduler se-
lects the next earliest event such as packet arrivals or dropping.
The simulation results are collected on two different output the Trace and the
Nam files. The trace file keeps the main simulation information, each packet
is registered when it is transmitted and received, besides a lot of information
such as addresses, packets size, routes, etc. are written in order to measure
network efficiency. On the other hand Nam (network animator) is a graphical
tool useful for checking the placement of nodes in the network and tracking
the packets exchange2.
The inner structure of the simulator with different modules is illustrated in
Figure 4.1.

Otcl Script       C++
Processing

Output Trace 
File

Network
Animator

Figure 4.1. Network simulator

4.1.1 Wireless Mobile Node
The wireless model of NS-2 concerns node objects that have new functional-
ities like ability to move and communicate over a wireless channel. The net-
work stack consists of several parts created in the OTcl script: link layer(LL),

2This function is not available in wireless environment yet.
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an ARP module connected to LL, an interface priority queue(IFq), a mac
layer(MAC), a network interface(netIF), all connected to the channel. From
Figure 4.2, it is possible to figure out how the simulator organizes each ob-
ject/node. Bold lines represent the path each incoming packet follows when
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Application
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Link
Layer
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MAC

Network
Interface

Propagation
Model

Channel

Figure 4.2. Mobile node organization in NS-2

it gets in the node, thin lines the outcoming path. In the latter case, the
application initializes packets assigning a size and setting a common header.
In order to discover the path toward the destination the routing protocol is
invoked, then link layer translates IP addresses to their respective link layer
addresses (hardware addresses MAC) exploiting the ARP (Address Resolution
Protocol) module. Then, packets are queued and MAC layer is in charge of
dequeuing packets when the medium is considered available. Finally, the net-
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work interface forwards packets to the channel after assigning transmission
power, frequency, energy model, etc..
On the other side, the propagation model simulates the crossover of the chan-
nel and calculates the receiving power of packets. Packets are then passed
through the stack to the demultiplexer that routes them to the application if
the current node is the final destination for that packets, otherwise the packets
are again sent down to the routing protocol.
We are now ready for investigating the modifications to the simulator that are
needed for satisfying our targets. Specifically, we will focus on the implemen-
tation of the CDMA module. To this end, in the next section we overview the
theory of CDMA that we have taken as a benchmark for our work.

4.2 CDMA Theory
CDMA (Code Division Multiple Access) is a channel access protocol that has
became popular since it has been selected as the industrial standard for third
generation cellular systems.
In this section we are going to briefly summarize the main characteristics of
this protocol, pointing out the differences from other channel access protocols.
Since it is not properly the aim of our research, we will put aside the descrip-
tion of the benefits of CDMA in a cellular network and we will mainly focus
on the theoretical aspects of CDMA.
In the CDMA scheme all users are active at the same time on the same fre-
quency. Unlike CDMA, TDMA (Time Division Multiple Access) divides the
frequency channel into multiple time slots so that each user shares the same
spectrum but each one uses his own time slot. Instead in FDMA (Frequency
Division Multiple Access) the whole available bandwidth is split in multiple
frequency carriers and each user has his own frequency segment where he is
allowed to transmit. Figure 4.3 illustrates the time-frequency assignment in
FDMA, TDMA and CDMA.
CDMA is based on a spread spectrum technology, whose distinguishing char-
acteristic is that the signal bandwidth is deliberately spread over the frequency
domain by a factor Sg called process gain or spreading gain. Usually, the trans-
mission bandwidth employed is much greater than the minimum bandwidth
required to transmit the digital information. The band spread is achieved by
using a spreading code or pseudo noise sequence which is independent of the
data and it is known both to the sender and receiver. The receiver will use a
synchronized replica of the code sequence to despread the received signal. The
use of an independent code allows multiple users to access the same frequency
band at the same time. We notice that the bandwidth expansion does not
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combat AWGN (Additive White Gaussian Noise) noise which spans over the
whole spectrum, but nevertheless the use of a spread spectrum technique can
be utilized to mitigate the effects of narrow band interference, jamming noise
and multipath fading. The main benefit of a spread spectrum technique in-
volves obtaining a frequency-selective channel in which the band of the signal
is much greater than the channel coherence bandwidth .
There are many types of spread spectrum systems, but the two predominant
types are Frequency Hopping Spread Spectrum (FH-SS) and Direct Sequence
Spread Spectrum (DS-SS)3.
Frequency Hopping acts directly at the carrier frequency modulator where it
forces the data signal to change carrier hop. Given the spreading factor Sg,
FH-SS achieves the band spread by using the sequence to rapidly hop among
the Sg available carrier frequencies. If the frequency hops are great enough
we can obtain frequency diversity. Under this condition, FH-SS transmits the
same data on multiple independently faded hops in which fading is not corre-
lated and the effects of a narrow band interference, given a spread spectrum
signal, is limited.
In Direct Sequence, the data is directly spread over a much higher band, be-
fore frequency modulation, by multiplying the data sequence and a periodic
repetition of a spreading waveform that is unique for each user. In Figure 4.4
we show how a single user can spread a data waveform using his own spread-
ing sequence. The modulator therefore sees a much larger bit rate, which
corresponds to the chip rate of the random noise sequence, where the chip
rate is related to the bit rate by the spreading gain Sg: Tc = Tb/Sg. It means
that if the spreading sequence is uncorrelated enough, the bandwidth will be
approximately spread by a Sg factor. At the receiver side, given a signal that
experiences multipath fading, we should use an optimum correlation receiver
(as a Rake receiver) that exploits the correlation properties of the spreading

3DH-SS is used by WCDMA that is the air interface of UMTS
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sequence, in order to obtain a multipath diversity in which each signal repli-
cas is received over a multiple independent faded paths. In this scenario, each
replica is kept away from the others and the fading effect attenuates without
distorting the signal. At the same time, unwanted narrow band interference
is spread throughout the spread spectrum bandwidth and its effect on the
desired signal is mitigated. Obviously, as in all spread spectrum techniques
based on a pseudo-random numbers generator, the correlation receiver has
to know the spreading code to restore the original waveform. As mentioned
before, a specific code is assigned to each user and only that code can demod-
ulate the transmitted signal. This strategy enables users to share the whole
available bandwidth at the same time.
Instead of orthogonal codes (i.e. Hadamard-Walsh codes), spread spectrum
techniques use pseudo random sequences (i.e. Gold sequences) that do not
allow a totally rejection of interference. On the other hand, they permit to
flexible accommodate different users within the same band in asynchronous
way, without building maps of fixed orthogonal codes to separate users. As
such, there is not a theoretical limit to the number of users that can be sup-
ported, but only a practical limit since the SINR is inversely proportional whit
the number of users (party effect). Therefore, without power control, desired
signals coming from far away are blinded by the nearer ones, whose received
power is strong enough to overwhelm the others (near-far effect).
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4.3 Mac Layer: CDMA Module
In this section, we describe how we have practically developed a CDMA mod-
ule for the NS-2 simulator. We have tried to be as compliant as we can with
the theory of CDMA, but nevertheless some practical assumptions have been
necessary.

4.3.1 Implementation Assumptions
The developed CDMA scheme for NS-2 implements a system where each node
is able to receive data from different directions and forward data in multiple
directions simultaneously.
In order to achieve this goal, some assumptions are needed to fit a real channel
access protocol to the network simulator:

• Asynchronous Structure

Our CDMA module works in a completely asyncronized way. Each node
is allowed to send data, whenever it needs.

• Coding Sequences

Since the spreading sequences mechanism of CDMA is well known and
it is already utilized in cellular systems, the practical implementation of
it in NS-2 is far away from our goal. An exact emulation of the pro-
tocol should deal with several aspects such as calculation of spreading
sequences and assignment to the users. Moreover, commercial systems
present a lot of extra signalling to refresh and reuse codes.
The presented implementation of CDMA just considers to have a dae-
mon dealing with this extra issue. We only focus on the physical effects
that the CDMA approach has on networks.

• Link Spreading Sequences

Since CDMA is not commonly used over ad-hoc networks, it is important
to figure out how to organize spreading sequences among the network.
Our implementation considers to have a unique spreading sequence for
each logical link over the network. Two generic nodes exchanging packets
over the same link are supposed to use the same spreading code.

• Broadcast Packets
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As in UMTS protocol, broadcast packets are routed over a dedicated
channel through an independent spreading sequence. Hence, a node
might overlap data and broadcast transmissions.

• Self-Interference

According to the reference works of Papandriopoulos et al. and Chi-
ang, each node can transmit and receive simultaneously with zero self-
interferecence. We have already motivated this assumption in Section
2.2.

• Retransmission

Since wireless systems are affected by channel unreliability, even our
CDMA module needs MAC level acknowledgements. When the ACK is
not received, the corresponding data packet is declared lost and it will be
retransmitted after a timeout expiring. The retransmission timeout is
tunable from the Otcl, even though it basically depends on the distance
between nodes and data rates of sources.

• Ideal Modulation

Although the performances of communications systems are directly cou-
pled with modulation schemes, we underline that NS-2 does not support
any of those. Hence, an ideal modulation scheme has been taken into
account.

4.3.2 CDMA Implementation
The implementation of a new class for NS-2 must be consistent with the orig-
inal structure of the program. In order to keep the underlying functionalities,
it is important to preserve the connection between different classes which must
be designed by maintaining the OSI protocol stack. For instance, a packet is
defined as an object belonging to the class Packet and both body and packet
header must be referred to this class. The definition of a new type of packet
header must be carried out in the packet class Packet and, eventually, in any
new class using the packet.
Working on the MAC layer is particularly tricky, because the sending and re-
ceiving mechanism are tightly coupled and the MAC object has to be totally
duplex. Moreover, the behaviour of the upper layers depends on the medium
access protocol critically and we cannot underestimate this aspect. It is fun-
damental to avoid not physical events such as multiple transmissions on the
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same link at the same time, simultaneous receptions and transmissions of the
packets or not consistent conduct of acknowledgements and retransmissions.
All the modifications must be transparent for the other layers, they have to
react coherently without breaking their normal dealing. For example, an erro-
neous management of the outcoming packets sequence could irreparably affect
the natural evolution of the congestion window at the transport layer.
As stated in [37], CSMA/CA and TDMA are the wireless interfaces currently
available in the latest version of NS-24, whereas a CDMA interface is not pro-
vided yet. Moreover the TDMA module is currently at a preliminary stage
and it supports just a single-hop scheme without contention in the preamble
phase. Since the selected cross-layer algorithm described in Section 3.3.1 is
CDMA-based, a new NS-2 module implementing a CDMA scheme is needed
for our analysis. We would like to stress that a significant part of our work has
been concentrated around the implementation of this new module for NS-2.
In the following, we will describe its main functionalities

Header Definition and Header Routines

It is well known that whenever a node sends a packet, this is univocally identi-
fied by an header that contains several information about it. Each layer adds
its own header to the packet and strip off it at the reception time. In NS-2,
each protocol generates a packet header that it is able to detect through a
specific access function. The static variable offset_ is used to find the byte
offset where the header of interest is located in an arbitrary packet and to re-
cover the information stored. Two methods are provided to utilize this static
variable to access the header in any packet: offset(·) and access(·), but the
latter is the most commonly used [37]. Besides, the function bind_offset(·)
must be called in the constructor of the class relative to the packet, so that
the package manager (routines in ns-packet.tcl and packet.cc) knows where
to store the offset for this particular packet header. Therefore, for each new
protocol we have to define:

• a packet type

• a packet header subclass

• an access function

• the static variable offset_ .

4We refer to the version we have used: NS-2 v. 2.31.
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The definition of a new MAC class, such as our MAC-CDMA, would require
the definition of a new packet type that should replace the standard hdr_mac
header. This is generally very complicated to realize since the hdr_mac header
belongs to the MAC base classmac{cc, h} and a lot of classes access directly to
that header through the HDR_MAC macro. To this end, we have adopted the
same technique used to define the 802.11 MACmodule for NS-2, which exploits
the the hdr_mac structure to store the CDMA header. In particular, we use
the macro instruction HDR_MACCDMA to call hdr_mac::access rather than
hdr_mac_CDMA::access.
We define two types of header: one for general data packet (hdr_macCDMA)
and the other one for control packets generated here in the MAC-CDMA layer
(ACK_frame_cdma). This choice allows to maintain separate structures for
different packets and to remark that the control packets are generated from
this layer and they do not receive any contribute from the other classes. Both
headers contain general information: the type of the packet, the transmitter
and receiver address other fields and flags required for the simulation as the
packet identification number the transmission time, etc.
Finally, an important role is accomplished by the packet headers routines,
which are defined to store the source and destination addresses set in the
MAC header. The function (hdr_dst) is responsible for setting the destination
address and if an access point is used, the destination address is set to the
access point. Although the use of access point is supported by the protocol,
we disable such feature.

Communication Stage

In order to describe the operations carried out by our new MAC-CDMA mod-
ule, we separate the description in transmission and reception mode. In the
following we will refer to Transmission Stage and Reception Stage.
Note that when a packet has to be sent from the node, the MAC-CDMA
extracts the packet coming from the upper layer from the queue, while in re-
ceiving mode the packet is acquired from the physical layer. Nevertheless, in
both cases the MAC-CDMA module needs to use the recv(·) function as the
MAC layer "receive a packet" and needs to forward it either to the physical
layer (transmission mode) or to the upper layers (receiving mode).

Transmission Stage

We begin our description with the transmission mode. Figure 4.5 illustrates
the operations performed by the MAC-CDMA from the moment in which the
packet is extracted from the queue class through the recv(·) function, to the
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Figure 4.5. Transmission path that the packet follows in the class

moment at which the packet is sent through the PHY-layer.

-recv(·)

The first operation performed by the method, is to check the direction of
the packet. Since we are in the transmission stage we deal with the direction
DOWN : the packet coming from an upper layer must be passed to the send(·)
function.

-send(·)

The send(·) function is the place where each packet (i.e. TCP data, TCP
ACKs, MAC ACKs, routing packets, packets ARP for the address resolution
etc.) passes through, before being trasmitted. First, the function checks the
energy model and if the node is currently in sleep mode the packet is dropped,
however we do not take this feature into account. Second, the original packet
header is assigned to the callback_ object, so that when the transmission is
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completed the original "caller" can be addressed, i.e. the network layer. Third,
a MAC header is assigned to the packet. Here one has to distinguish between
data and MAC_ACK packets. Specifically, data packets are forwarded to
the sendDATA(·) function where the MAC header is attached, whereas the
MAC_ACK packets are not modified since they have already got their own
ack_frame header from the sendACK(·) function used during the receiving
phase (more details will be further given).
sendDATA(·) builds the MAC header for the packet, following the procedure
described in the header definition. At this point the packet size has been in-
creased and a complete MAC header is attached. In addition, this function
stores the time the packet needs to leave the node interface and to be com-
pletely sent.
To this end, for being clearer we have to consider that in NS-2 a packet is just
an object belonging to the class Packet which is passed through the various
functions and classes of the the program. When a packet comes from another
class (upper o lower layer) to the recv(·) method, it means that the object
"packet" has been received. This kind of implementation does not consider
any physic aspect. In fact, the meaning of packet entrance on the MAC class
is that the first bit of a packet is received, hence we have to simulate the
entrace of all bits belonging to the packet. The timer lenght is calculated by
the txtime(·) function as we will see in the Appendix (Section B). Without
taking into account any other delay as the medium delay, the txtime(·) func-
tion returns the time necessary to transmit the full packet on the link and it
just depends on the packet size and link rate.
Eventually, the packet is returned to the send(·) function and passed to the
following check box as in figure 4.5.

-Busy Antenna

As discussed in Section 4.2, CDMA allows simultaneous transmissions of the
type Point-to-Multipoint. Hence, given a node, the outgoing logical links could
be several. Multiple transmissions at the same time are allowed over different
logical links, whereas simultaneous multiple transmissions over the same link
are not allowed. In fact, we cannot allow unphysical events such that. This
is the reason why we have implemented a structure in which flows getting out
of each node, are forwarded toward different hops in a totally parallel and
independent way.
To this end, each node exploits a dynamic vector to keep track of its own
outgoing end-to-end flows and avoid parallel transmissions over the same link.
Different rules are followed by the broadcast packets that are supposed to have
got different spreading sequences (see Section 4.3.1), so we can afford to send
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data with broadcast packets overlapped. The dynamic vector is made up of a
data structure containing several fields:

• nextHop. The variable univocally identifies the flow and it is used to
trace the position of the flow inside the vector

• sendBlocked. This boolean variable is true when the interface is busy, so
that the incoming packet is stored into the Buffer object.

• Send_. This is a transmission timer belonging to the TxCdmaTimer
class. The class inherits from timerHandler class that we are going
to explain in the Appendix B and expires when the packet is totally
sent. The time needed to send the packet is calculated by the function
txtime(·).

For each packet, the node identify the corresponding end-to-end flow and scans
the vector to find the entry associated to such a flow. If any entry is found,
the block flag sendBlocked is checked, otherwise the vector is augmented with
a new entry. In this way the vector is filled in as the packets arrive, regardless
to the belonging link. The resulting scheme could handle more outcoming
links in a dynamic way.

-Buffer

Outgoing packets that find the radio interface busy are stored into the vari-
able Buffer, waiting for the medium to be newly available. A further check is
performed to assure that the buffer is not overwrite.

-transmit(·)

When a packet can be transmitted, the function transmit(·) set the medium to
the status busy and initializes the timer for the corresponding flow. The packet
is forwarded to theWirelessPhy class pointed to by the NsObject downtarget_.
The WirelessPhy class implements the physical layer in the OSI structure.

-Transmission overlapping avoidance

When the sending timer of the packet using the interface expires, a new packet
can be sent. Hence, we have to check if a packet is waiting inside the corre-
spondent buffer. In order to avoid extra latency time, the buffered packet is
immediately sent as soon as the interface becomes idle. To this end, we use
the freeBuffer(·) function (see Appendix B). Here, the medium is declared
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newly available and, if any packet is stored, the Buffer is emptied out. There-
fore, we pass the buffered packet again to the Incoming packet handling block
in order to join it with the common path of all the packets. Otherwise, the
procedure is just interrupted.
This recursive method enables the CDMA module to emulate the typical fea-
tures of a CDMA scheme.

-Retransmission Phase

Commonly in wireless environment, since the channel is not completely re-
liable, MAC layer retransmission are required. For each transmitted packet,
a timer is initialized, in order to set the retransmission timeout, and a copy is
prepared.
If the expected acknowledgement is not received before the timeout expires,
a retransmission is performed. To achieve a coherent behavior we have im-
plemented a structure that exploits the identification number to retransmit
the correct packet and avoid multiple retransmissions due to duplicated ACKs.
Hence, for each packet leaving the interface, the identification number is picked
up and stored in the "not acked" vector. An additional check avoids to over-
write the vector with the ID number of retransmitted packet. This circum-
stance would lead to infinite retransmissions of the same packet. On the
receiver side, ACK containing the ID number of the acknowledged packet is
generated and sent. When the ACK is received at the transmitter side, the
ID number is sought through the "not acked" vector. If the ID is found then
the packet is moved in the "acked" vector. Otherwise, the packet has already
been acknowledged and the current ACK is duplicated: it is just discarded.
When the timer expires, the retransmission(·) function is called. Here, the
"acked vector" is checked in order to find the ID number of the retransmission
candidate packet. If the ID is found then the packet’s ACK has already been
received and no retransmission is performed. Otherwise the retransmission is
performed sending the packet again to the send(·) function.

Reception Stage

Keep on following the packet through the code, we are going to describe what
happens in our protocol when a packet is received (Figure 4.6) from the phys-
ical layer.

-recv(·)

As said before, the recv(·) method is called whenever a packet is received



4.3. MAC LAYER: CDMA MODULE 53

recv()

RxTimer()

recvTimer()

      SIR
Calculation

packet

recvDATA()

broadcast
?

send()

recvACK()

 Queue
 Calling

type

Data
Undesidered/
dropped

ACK

Yes
sendACK()

Transmission
      Stage

Bit flow
incoming

Packet
Reception
and SIR

Acknoeledgement
handling

    free 
resources

No

Figure 4.6. Reception path that the packet follows in the class

from either an upper or lower layer. Previously the direction was DOWN, this
time is UP since the packet is coming from the channel.
When a packet comes from the PHY layer to the recv(·) method, it means
that the object "packet" is received. Since NS-2 does not deal with the bit
flow embedded into a packet, the packet reception is just a C++ variable
coming from a different Layer. Before performing any operation one has to
wait for a packet to be completely received. To this end, we have to emulate
the incoming bit arrival time, the txtime field within the MAC header allows
to know the duration of the receiving phase.

-RxTimer(·)

For each incoming packet a timer belonging to the RxCdmaTimer Class (see
Appendix B) is started through an inner function of this class, i.e. startRx(·).
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The transmission duration depends on the sender bit rate. When the timer
expires, the packet is finally received and passed to the recv_timer(·) method.
Notice that in this case there is no method to avoid multiple receptions of
packets. In fact, as previously discussed, CDMA uses coding scheme and it
does not cope with packets collisions as in CSMA/CA systems.

-SIR Calculation

We have to reckon with the interference due to multiple receptions at the
same time which affect the Signal Interference Ratio (SIR). The component
relative to the thermal noise is supposed to be fixed for all nodes.
Reminding the assumption discussed in Section 4.3.1, the SIR calculation is
carried out considering all the packets that contribute to the interference re-
gardless the type.
Taking into account a pseudo-interleaving scheme, the SIR calculation is made
up of two parts: "initialization and interference calculation" and "final value
capture". The first part is calculated by recv(·) when the first bit of a packet
arrives. A packet is declared received, only when it is completely captured
by the node interface. During the reception phase, since contemporaneous
multiple receptions are allowed, our incoming packet could suffer from inter-
ference, if one or more packets are getting into the node in the same period. A
dynamic vector is built in order to keep trace of all the simultaneous incoming
packets. Four fields are stored in each position of the vector:

- The packet

- The interference power experienced by the packet

- The ingress time

- The expected egress time

Given a node of the network at any instant of the simulation, this vector rep-
resents a snapshot of the incoming packet where all the interfering packets are
counted in.
Figure 4.7 shows a node x at a generic instant. Three packets are simultane-
ously received, where the packet A is destined to the x node, and the others
are just interference. Our aim is to calculate, for each incoming packet, the in-
terference level due to the other packets, hence every time a new packet comes,
we should scan all the vector and for each packet update its interference value.
The interference value is given by the sum of the received power relative to
the interfering packets, which our packet has heard so far. Obviously, with
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received power we mean the power perceived by the node according to propa-
gation model (Section 6.5). Considering the interleaving assumption we have
to scale this value somehow.
Within each packet the time needed to receive it, is stored. In the example
shown in Figure (4.7 a), we could simply multiply the receiving power value of
each interfering packet by the time it needs to be received. When a packet is
completely received we calculate the ratio between its perceived (accumulated)
interference and its reception time, thus we have a weighted average of the
interference level each packet suffers from. In Figure (4.7 b), we notice that a
further consideration is necessary. A packet could not interfere with another
packet for the whole time of its reception. In order to figure out how long the
interference time is, we have to catch the exact instant in which the first bit
of each packet is captured by the node. Given the packet A, we compare its
ingress time with the others, thus if it is smaller, the interference time is given
by the difference between the B egress time and the A ingress time (T2 − T1
in the figure), viceversa if it is bigger (T4 − T3 in the figure). Moreover, since
there are several possible combinations of events, the interference time has to
be carefully modeled.

-recvTimer(·)

This function is invoked when the packet has been completely delivered to
the receiver node. recv_timer(·) enables operations that optimize the overall
network performances according to the underlying algorithm as described in
Chapter 5. Here, we focus on the SIR measurement.
We scan again the information vector seeking for the actual incoming packet
position and we extract the perceived interference that we call I. The SINR
is defined as the ratio between the received power and the interference expe-
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rienced during the packet transmission

SINR = Pr
σ2 + I/Sg

(4.1)

where Sg is the spreading gain for the system and σ is the noise power. This
value must be compared with the CDMA threshold, calculated as described
in Section 4.2. If the SINR is under the threshold then we call the discard(·)
method for logging this event. It is possible to set two types of thresholds:

• Fixed Threshold. This approach is commonly used over systems using
fixed link rate transmissions.

• Variable Threshold. This approach calculates for each packet a thresh-
old relative to the bit rate used for sending the received packet. From
Equation (2.3) , we derive the SINR necessary for correctly receiving a
packet.

SIRThresh = 2
Sg
W − 1 (4.2)

Afterwards, we check the error(·) field stored in the common header and if
the value amounts to one, it means that the packet has been received but it
is not possible to correctly recover the information. The physical layer is in
charge of setting the value of this variable as a consequence of the RxThreshold
application. In this case we are not interested in logging this event, so we just
call the free(·) method of the class Packet where the memory the packet has
taken up is released.
Otherwise, if no errors are detected, the next step is the address filtering pro-
cedure. If the packet has not been corrupted, the address filtering procedure
is needed. We have to check the MAC destination address contained in the
MAC header and compare it with the current hop. In case they are different
and the incoming packet is not a broadcast packet, we can discard it using
again the discard(·) function. It is important to remind the difference between
IP and MAC addresses. Each packet has got the IP receiving address to iden-
tify the final destination node of communication, whereas the MAC receiving
address contains the next hop address in the path.

-Packet Type

Once a packet is declared to be successfully received, devoid of errors and
address ambiguity, the MAC layer recovers the packet type by reading the
associated field within the common header.
Based on the type of the packet, three different function can be alternatively
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called: recvDATA(·), recvACK(·) or the packet dropping. The latter identifies
errors on packet type resolution.

-recvDATA(·)

As already stated, the recvDATA(·) is called by the recv_timer(·) indicating
that the node has successfully received a data packet. That needs to be pre-
pared to be forwarded to the upper layers. First the MAC header is extracted
and the relative information, such as destination, source and size, is read. The
num_forwards(·) field of the common header is increased, indicating one more
hop is added to the count of hops the packet has visited. Now, if the packet
is not broadcast, MAC prepares to send an ACK by calling the sendACK(·)
method, confirming the correct reception of the packet. We remind that no
ACKs are scheduled for broadcast packets. Then, through the NsObject up-
target_ we pass the packet to the recv(·) method of the upper layer. This
means that the data packet has been fully received and the MAC layer has
already accomplished its tasks. The packet is on its way up the protocol stack.

-sendACK(·)

The sendACK(·) function is responsible for creating a new kind of packet
and assigning to it a new header. In case we wish to create a new kind of
packet in NS-2, we usually need to follow several steps as we have seen before:
declare and define a new header and modify the Otcl library (ns-packet.tcl)
to merge the header with the NS-2 environment.
We now explain the fields filled in for generating a new ACK packet. First,
we use the alloc(·) function, defined for all Agents, for allocating the packet.
Then we declare the common HDR_CMN and the ack_frame_cdma head-
ers. In the common header, we assign the identification number of the packet,
the type, the size, the receiving interface, the transmission time and if any
error in trasmission occurs. The type is set to PT_MAC, so we can no-
tice that it is not a new kind of packet, but it is a subtype of MAC packet,
in particular it is a control packet (MAC_Type_Control). The size is de-
fined through the getACKlenght(·) method of the PHY_MIB subclass that
returns the length of the ACK packet. The transmission time is calculated
again through the txtime(·). Moreover, in order to avoid any error in the
transmission phase, we set the error(·) field to zero. Then, we have filled
in the fields relative to the ack_frame_cdma header such as the subtype of
the packet (MAC_Subtype_ACK ), the source and the destination address (
STORE4BYTE macro) and the fields required for retransmissions. The du-
ration field indicates whether the other nodes have to defer to another com-
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munication once an ACK has been completely received. It is set to zero.
After building the packet, we can send it calling the send(·) function. It is
important to force the ACKs to pass through send(·), in fact if they are sent
directly to the transmit(·) function, we would not avoid overlapped transmis-
sions. Only one packet at a time is allowed to keep busy the interface of the
node, regardless the type of the packet. In turn, send(·) will call transmit(·)
where the ACK is sent down to the Physical Layer.

-recvACK(·)

The recvACK(·) function, called again by recv_timer(·), is in charge of han-
dling the incoming ACK packets. It firstly strips the ack_frame_cdma header
and picks up the information needed. We can exploit the underlying infor-
mation brought by MAC layer acknowledgments. When an ACK arrives it
means that the last packet has been successfully received, so it does not make
any sense waiting for other types of packet, such as TCP ACKs, before trans-
mitting a new packet towards the ACK sender. This would be theoretically
wrong because of the independence between OSI layers. recvACK(·) is respon-
sible for calling the queue which is a tricky problem. In fact, we have to pay
attention, after receiving an ACK, to dequeue the right packet: we must pull
down from the queue a packet directed towards the node that has sent the
current MAC ACK. This task is performed through the invocation of a static
function in the CMUPriQueue class. By this function, from the MAC level we
send up the right next hop destination relative to the packet that the queue
should send down. At the same time, we use the Handler object callback_ for
calling the prq_resume(·) function of the CMUPriQueue class.
Finally we have to register this event (reception of MAC ACK) on the trace
file by calling the mac_log(·) function, and free the memory allocated for the
MAC ACK packet.

4.4 Queue Management
Queueing systems represent the locations where packets may be held or eventu-
ally dropped. The way in which packets are serviced is called packets schedul-
ing and it refers to the decision process used to send down packets after they
have waited their turn. Scheduling policies decide whether an incoming packet
has to be stored or discarded and whether a waiting packet has to be dropped
in case of buffer overflow. Different buffer policies have been proposed in the
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literature depending on the criterions used to determine whether we have to
discard some packets and, in that case, which packet has to be pushed out.
In NS-2 the following scheduling policies are available: drop tail FIFO (First
Input First Output), Fair Queueing (FQ), Stochastic Fair Queueing (SFQ),
Deficit Round-Robin (DRR), Class-Based Queueing (CBQ) and Random Early
Detection (RED).
We do not further investigate the benefits of different queue policies, because
it is not the purpose of this thesis. However, the choice of these queue policies
is closely related to the MAC layer, because different MAC protocols adopt
different strategy to pull down packets from the queue. In particular, CDMA
employs a multiple access scheme that allows each node to send packets over
different outcoming links simultaneously. This leads to a per-link queue strat-
egy. Nevertheless NS-2 requires to set one of the previous queue protocols,
that has to be as simple as possible, because we have to validate the CDMA
module and the per-link queue strategy.
For simplicity, we adopt a FIFO policy with traffic prioritization coupled with
a round robin strategy. The round robin strategy involves creating different
queues per-flow.

4.4.1 Per-Flow Queue, Per-Link Queue
We adopt a priority queueing strategy, which is implemented in NS-2 by the
class CMUPriQueueClass within the dsr-priqueue files dsr-priqueue{cc, h}.
The class constructor specifies the interpreted class explicitly as CMUPriQueue
that we use to invoke the class from OTcl. We use this queueing agent instead
of the standard Queue/DropTail/PriQueue, because it is designed for the DSR
(Direct Sequence Routing) routing protocol analyzed in Section 6.3.
In the sequel, to describe the behavior of our queue policy, we refer to Figure
4.8. In a CDMA protocol each node might send data to its neighbors simul-
taneously through its outcoming links. We suppose that each link is assigned
an independent and unique spreading sequence that allows each node to send
more than one packets over different outcoming links at a time. Nevertheless,
we cannot allow the node to send simultaneously more than one packet on the
same link. To this end, a per-link queue has to be coupled with a per-flow
queue, because each node has to keep separate the packets belonging to dif-
ferent flows and decide which flow must be selected each time. To guarantee
enough fairness between different flows belonging to the same outcoming link,
we force the node to visit a different per-flow queue every time. This corre-
sponds to establish a round robin strategy between flows that will be further
analyzed in Section 6.2.
We underline that this approach is general enough and allows the Otcl user
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to create any traffic topology.
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Figure 4.8. Per-link queue, per-flow queue

As stated at the beginning of this section, we are using a priority queuing
strategy available in NS-2 whose role is not essential for our aims and it is
not illustrated in Figure 4.8. The priority strategy is in charge of organizing
packets in four priority levels within each per-flow queues based on the type
of packet (i.e. ARP, broadcast, audio/video, acknowledgments, TCP data).

Queue class implementation

The CMUPRIQUEUE class in NS-2 implements the queue management of
the network layer. As for the MAC layer, we describe the functionalities of
this class referring to the ideal path followed by an incoming packet.
When a packet is received by CMUPriQueue, it first arrives at recv(·) function.
Due to the connection between classes, the recv(·) method is called from the
upper layer. The incoming packets on the queue, might come either from the
network layer, in case they need to be forwarded, or from the transport layer,
in case they are new packets generated by the node. recv(·) first calls the
prq_enqueue(·) method taking the incoming packet as argument. In turn,
prq_enqueue(·) calls prq_assign_queue(·) that is responsible for assigning
the right traffic queue to the incoming packet based on its type (e.g. DSR,
TCP ACK, TCP, etc.). Now we know where the packet will be taken in, even
if it has not been stored in that queue, yet. Obviously, if the number of the
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packets enqueued exceeds a value set by OTcl interpreter, the new packet will
be dropped. We remind that the CMUPriQueue is made up of four traffic
queues in which the packets are picked up in a FIFO order. Therefore, now
we have to decide whether directly send down the packet or enqueue it. In
order to figure out the queue behavior, we have to evaluate when and why a
packet is released from the queue. As said before, we use acknowledgments for
the MAC layer. Every time a MAC ACK is received, the queue is forced to
send down a packet. This mechanism is reliable as long as the queues are not
empty. Actually, the reader might wonder what happens when the transport
agent wants to send a packet before receiving any MAC ACK, as at the be-
ginning of the simulation. In order to avoid this problem, a block variable is
kept for each link queue. It indicates whether the queue is allowed to send the
incoming packet to its downstream neighbor directly, usually when the queue
is empty, or it has to enqueue the packet. When the blocked flag is declared,
it stores the value corresponding at "free to send". So, the first packet of the
simulation is directly sent without waiting any MAC ACK, but once being
transmitted, the flag is again set to the block value, so the following packet
has to wait the correct reception (MAC ACK) of that data before leaving the
queue. Usually, the queue is unblocked when a MAC ACK is received, but
the corresponding queue is empty.
Therefore, in case the block flag of the link queue, whose the incoming packet
belongs, is false, the packet will be directly sent down to the recv(·) function
of the below layer (MAC-CDMA), then the counter of the queue length will
be reset to zero (because now the queue is empty) and the block flag will be
set to true.
The enqueueing operation is performed by the IF_ENQUEUE macro func-
tion defined by default. The queue structure, is very simple: each packet is
linked to next element enqueued, moreover is kept the head and the tail of
the queue.
As said before a packet is sent down from a blocked queue when a MAC ACK
is received. This event is carried out invokating the prq_resume(·) function.
In turn, it calls the prq_dequeueResume(·) function responsible for dequeue-
ing packets. Based on the PRIQ strategy, it will send data starting from the
higher priority level queue and only if there are no data it will jump to the
lower queues.
As the function IF_ENQUEUE, after choosing the packet, the macro func-
tion IF_DEQUEUE will be invoked for physically dequeueing the packet.
prq_dequeueResume(·) returns that packet to prq_resume(·).
The packet chosen is sent down to the recv(·) function of the MAC layer and
the queue remains blocked for the reasons we explained. If prq_dequeueResume(·)
does not return any packet this means that the queue is free and it is unblocked
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allowing a new incoming packet to be directly sent down.
In this section we have shown how we model the enqueue and dequeue policies,
in order to give a valid support to the underlying algorithm implemented in
the MAC layer. At the same time, we have tried to develop a queue scheme
suitable for a general network with more links per node, different from the
"linear" network of Chiang and Papandriopoulos.

4.5 Summary
In this chapter we have described several extensions needed to fit the frame-
work developed in the theory of Papandriopoulos with the network simulator
NS-2.
Our main contribute is the implementation of a CDMA module not yet avail-
able in NS-2. We allow multiple contemporaneous transmissions over different
logical links, compliant with physical limits. Similarly, each node can simul-
taneously receive more packets coming from different directions.
The SIR is calculated by each receiver adopting an interleaving technique that
scales the interference experienced by each packet basing on the duration of
interference. In turn the packet will be discarded if the relative interference
overcomes a certain threshold.
Developing a new MAC module involves modifying the queue management.
Each node keeps a queue for each outcoming logical link and a queue for all
the flows it has to forward in a round robin strategy (see Section 6.3).



Chapter 5

NS-2 Algorithm Implementation

This chapter investigates the differences between the theoretical implementa-
tion of the algorithm performed in MATLAB and the more practical one built
in NS-2. A lot of practical issues have been noticed, so it has been compulsory
to interpret the underlying algorithm in order to fit it for the CDMA struc-
ture we have developed. Hence, we illustrate how we have tried to fill the gap
between theory and practice on cross-layer design.
After reminding how the algorithm works in a theoretical environment, the
practical issues are discussed: new assumption on the simulator side and in-
terpretations of the algorithm are needed. Finally, we discuss how the infor-
mation is passed over the network employing both ACK packets and flooding
algorithm.

5.1 Algorithm Features
The underlying algorithm of Papandriopoulos et al. [35], demonstrates how to
get a globally optimum solution recurring to a distributive approach. In order
to provide a clearer description, we recall the original formulation treated in
Section 3.3:

• Power Update. Each node regulates the power as follows

P
(t+1)
l = ∆(t)

l

ω +
∑
n6=l

GnlM
(t)
n

(5.1)

• Delta. It depends on congestion price and SINR. We refer to this pa-
rameter as ∆ messages to avoid misunderstanding with the other type
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of messages defined below

∆(t)
l = λ
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(t)
l )

(5.2)

• Messages. By flooding algorithm, messages may be carried along the
network. In order to perform a correct power update, each node needs
all the messages provided by the other nodes

M (t)
n = ∆(t)
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SINR(t)
n

GnnP
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n

(5.3)

• Congestion Price. Each node calculates the congestion price iteratively
through the gradient method, where the main information is the differ-
ence between the traffic demand and capacity supply
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• Flow Rate Update. Flows are updated as follows
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(5.6)

This theory is supposed to work according to precise assumptions that we
briefly summarize. As already stated in Section 2.4, each flow updates its
sending rate every round trip time according with the congestion window.
Moreover, all the nodes must perform every update simultaneously, so nodes
congestion windows must vary simultaneously as well for all nodes. In fact
all the parameters (source rate, SINR, power, congestion prices etc.) are sup-
posed to be calculated at the same instant for each packet that traverses a link
and reaches the receiver. This assumption appears unconceivable, because to
undertake rate and power allocation a large signaling overhead (i.e. messages
passing) would be necessary to track the unitary exchange of packets. Hence,
it is possible to figure out that only a completely synchronized network should
fit the algorithm: synchronized both in physical layer for updating powers and
in transport layer for congestion control.
The underlying theory implicitly assumes that nodes are aware of distances
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and propagation gains. In fact for updating power Equation (5.1), each mes-
sage is scaled by the gain factor that has to be known a-priori, because mes-
sages are forwarded along multiple paths before arriving to the transmitter on
link l. Papandriopoulos and Chiang suppose that these gains can be estimated
through training sequences.
Moreover, neither losses nor latency times are considered in the theory.

5.2 Practical Issues and Possible Solutions
Several expedients are needed to fit the original theory of Papandriopoulos
with a more realistic scenario that we aim at developing through the NS-2
simulator. This purpose leads to a practical analysis of the algorithm.

5.2.1 Algorithm Made Practical
After analyzing the algorithm, several topics have been faced in order to re-
move some unpractical assumptions:

• Congestion Window Update. The term Λ calculated in Equation (5.6) is
the normalized congestion price and it depends on the congestion price
and the load that the link l has to support. Therefore, before updating
any flow xs in Figure 5.1 the source s has to be aware of all the nor-
malized congestion prices and all the source rates of transmitting nodes
along the path of the flow xs. In fact, supposing that it is possible
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Figure 5.1. Network model

to instantaneously know the congestion prices λ of other nodes, source
rates generated by other sources along the path of the flow xs can be
known only recurring to extra signaling messages at the expense of huge
overhead overall the network. Moreover, these rates should be known in-
stantaneously, because each source updates its rate at the same instant.
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For instance, for updating x2 node 1 needs Λ1, Λ2 and Λ3. Whenever
node 1 modifies the data rate for the flow x2, the effect should be imme-
diately noticed by the other sources. This leads to a situation in which
no effective propagation delays are taken into account.
In order to mitigate this problems and to be more compliant with the ex-
isting TCP stack, a more practical implementation of the transport layer
has been chosen recurring to the TCP Vegas module available in NS-2.
The TCP Vegas protocol, as discussed in Section 2.4, tries to prevent
congestion exploiting only local information about delays experienced in
the network, without involving signaling overhead.

• Update Time. As explained in Section 5.1, the algorithm simultaneously
updates all the parameters that are supposed to be calculated at the
same instant for each packet transmitted. Thus, we do away with this
unrealistic method and we realize a completely asynchronous network
in which each node can independently transmit packets, register the
interference experienced and eventually calculate messages for the other
nodes. This network is controlled by a global network clock (see Section
5.2.2) that schedules the updates for all nodes at the same instant.
The new proposed approach exhibits two attractive properties:

- Rate update is less connected with the algorithm evolution. We
avoid to directly handle transport layer and we let the TCP Vegas
evolve according to its natural behavior and influence the algorithm
evolution tuning source rates.

- Update frequency is a new parameter of the framework. Since it
is somehow desirable to obtain the optimal resources allocation
as soon as possible, on the surface it might be worth setting an
high update frequency. Nevertheless, it is important to choose the
correct value of this parameter that depends on the network model
in order to allow the TCP Vegas to react to the algorithm updates.

Given this structure, it is important to understand when different parts
of the algorithm are carried out during each iteration and how different
parameters are connected. Figure 5.2 shows the update policy and the
instants in which each parameter is calculated. The figure illustrates
the complicate structure of the update mechanism that arises from the
strong interconnection between the algorithm parameters. SINR cal-
culation is obviously carried out at the end of the iteration, once each
receiver has felt the interference due to the previous power allocation.
We further discuss the meaning of the bold line in the graph connecting
SINR and capacity.
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Figure 5.2. Iterations evolution overview

• SINR Calculation. Unlike theoretical version, the SINR has been im-
plemented calculating the interference level experienced by each packet.
We refer to Section 4.3.2 for the practical implementation. Since several
packets can be transmitted during each iteration, we select the SINR to
use in the algorithm as the average SINR experienced by all the packets
that have traversed a certain link during the current iteration.

• Link Rate. The algorithm theory does not explicitly consider how to
set the physical link rate. The term in bracket in Equation (5.4) is
regarded as the difference between the source demand and link supply.
We interpret the supply as the capacity that is assumed to amount to
the link rate in order to completely capitalize the capabilities of the
link. As such, we resort to the Shannon equation (Equation (2.3)) to
select the link rate for the next iteration. To this end, we calculate the
link rate of the next iteration t basing on SINR(t−1) experienced in the
previous iteration t−1. This approach involves a rate outage probability
discussed in Section 3.3.2.

• Network Congestion Prices The optimality conditions suggest that the
algorithm converges when in Equation (5.4) the traffic demand amounts
to the traffic supply [4]. This means that the current resource allocation
perfectly satisfies the demand. The system has reached an optimal equi-
librium point in which rate and power allocation neither overwhelm nor
underutilize the supply provided: the amount of data traffic generated
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amounts to the resources accommodated. The main drawback of this
approach is related to two problems:

- Link capacity calculation through Shannon formula does not in-
clude latency times that transmitter spends for interruptions in
source data flow or waiting for acknowledgments.

- The source rate xs represents the data rate without accounting
acknowledgments, losses and consequently retransmissions.

Since we aim at challenging the algorithm in a more realistic scenario in
which acknowledgments, losses and retransmissions are introduced, we
cannot maintain a system implicitly devoid of latency times: the original
formulation of congestion prices (Equation (5.4)) has to be revisited.
We get around this problem modifying the update of congestion prices.

λ
(t+1)
l = λ

(t)
l + ε ·Q(t)

l (5.7)

where Ql is a snapshot of the queue length and it is calculated at the
end of the iteration t. Here, we make explicit the independence of the
congestion prices update from the link capacity. On the other hand
the algorithm still converges when the amount of data traffic generated
(packets) amounts to the resources accommodated and the queues are
drained.
We underline that this modification is strictly necessary to make the
theory practical through the network simulator.

• Power Limitation. It is important to impose physical constraints to the
physical maximum power level attainable by network elements. More-
over, it is necessary to set a minimum power level as well. In fact, the
algorithm has to guarantee the minimum power to maintain the link
activated: if the power level is too low the packet cannot be correctly
received because of the propagation gains. This solution is especially
needed for the first iterations when the oscillatory evolution can lower
too much the power.

5.2.2 NS-2 Assumptions
In order to manage the framework, other assumptions are needed in the sim-
ulator side:

• Network Clock. In the previous section we have defined a global clock
that schedules every T seconds the algorithm updates overall the net-
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work1. Such global clock is supposed to be developed in NS-2. A possible
solution can be supported by the Network Time Protocol (NTP) [30].
NTP is one of the oldest internet protocols still in use which establishes
a global network clock with accuracies of 200 microseconds in local area
networks.
We assume that every fixed time T the clock schedules the update and
each node starts passing its messages to the others. Each node performs
its own update when it has received all messages from the others.

• ACK Management. As said before, the original version of the algorithm
does not account the acknowledgments that traverse the control channel
in backward direction. ACKs influence latency times and theoretically
contribute to the interference level. Obviously, in case the SINR is eval-
uated only according to the interference produced by data packet as in
the theory, the performances of the network are better than the real sit-
uation in which also the acknowledgments produce interference. Since
ACKs are made up of a less amount of bytes than data packets, we can
suppose that the interleaving mechanism (Section 4.3.2) is enough to
mitigate this effect. Nevertheless, it is important to assign the correct
power level for the control channel. Two approaches have been proposed:

- Double Frequency. In this method, each node employs two frequen-
cies: one is assigned to data packets, the other one is dedicated to
the control channel for sending back the acknowledgments. These
two different frequencies are used so that data transmissions inter-
fere only with data and ACKs only with ACKs. This approach is
relative close to the theory, because the acknowledgments increase
the latency times solely, but they do not cause interference and
they do not influence the evaluation of SINR. Since the algorithm
works on the data channel only, without loss of generality we can
suppose that the control channel is enough reliable and we assign
fixed link rates and powers.

- Dedicated Channel for Acknowledgments. Here, packets are sent
on the same frequency, regardless the type. In order to mitigate
the effects of large latency times, the control channel is assigned a
dedicated code sequence. Nevertheless, a separate code sequence
is not enough to cancel the interference with data channel that we
must alleviate somehow.
We have tried to get around this problem introducing a power

1In Chapter 7 we fix the value of T.
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and rate control for the dedicated channel, but several issues have
turned out:

- Rate Trade Off. High bit rate allows a strong reduction of the
latency times, viceversa low rate guarantees the transmission
reliability.

- Power Trade Off. Because of their dimension, acknowledg-
ments suffer from high interference caused by data packets.
On the other hand, an high power assignment protects the ac-
knowledgments but causes interference to data packets.

In case we want to realize a dynamic assignment of resources for
the control channel too, we point out that the algorithm accommo-
dates different resources to different links. As such, a node should
assign different powers and rates to the control channel and data
channel. In fact, control channel and data channel belonging to
the same node might operate over different links. A further control
mechanism cooperating with the algorithm would be required in
order to assign powers and rates for the dedicated channel depend-
ing on the transmission link.
For simplicity, we have not implemented such control mechanism
that remains a future improvement.

• Attenuation Gain. In Equation (5.1), each node updates its power after
receiving messages from all the other nodes. The value of each message
is scaled by the attenuation experienced which in turn depends on the
distance from the sender of the message to the receiver. Unfortunately,
these gains cannot be retrieved directly from the messages, because mes-
sages are flooded through multi hops as in Figure 5.3.
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Figure 5.3. Node 2: message propagation
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To solve this problem, for each hop the partial attenuation could be
embedded into the message. As such, the receiver can retrieve the total
attenuation. For simplicity, to validate our model, we suppose that each
node knows a-priori the gain of the received messages.

5.3 Information Passing and Message Flooding
The original algorithm version uses a per-link notation that hides the role
played by nodes in the network. In this section we establish the duty of each
node to carry on the algorithm. Moreover, some mechanisms for message pass-
ing are needed to distributively spread the information overall the network.
We aim at changing the per-link notation in a per-node notation according to
Equation (5.1) - (5.5). Figure 5.4 illustrates what nodes do, and the direction
towards various parameters are sent. Considering the link 2, node 2 is the
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SIRLambda

1 2 431 2 3

Figure 5.4. What nodes do

transmitter and node 3 is the receiver. The receiver is in charge of calculating
the SINR and ∆ message that is needed to update the power and calculate
the message to be flooded. To calculate ∆, the sender has to communicate the
congestion price λ. The information passing suggested in Figure 5.4 should
be practically realized somehow. ∆ messages could be embedded in the MAC
ACKs that traverse the link from receiver to sender. This solution is feasible
with reliable channel in which data packets are correctly received and MAC
ACKs are actually sent back. The congestion prices λ can be easily encapsu-
lated within data packets.
A key point is the flooding protocol used for spreading messages overall the
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network. Although we consider an ideal flooding model without a practical
implementation of it, we can describe what would happen when the global
clock schedules the update: a huge number of message packets simultaneously
flood the network increasing the interference of the system. Once each node
has got all the messages from the others, it is allowed to update the resource
and power allocation. Because of the the position of each node in the network,
the reception of a complete set of messages may be not simultaneous for all
nodes and each node carries out its update independently from each other.
Nevertheless, the algorithm convergence should be guaranteed as long as no
nodes skip any iteration of the algorithm. As such, each node performs its
power and resource allocation without synchronization with the others, but
the updates are scheduled by a global clock that forces each node to pass its
message to the others.
To this end, we suggest realizing a further scheduling of message passing:
when the global clock expires, nodes are scheduled before sending messages
in order to reduce the interference. However, for simplicity we have left aside
this solution and we have not considered the interference caused by messages
flooding.

5.4 Summary
In this chapter we have analyzed the original framework of the algorithm and
what modifications are needed in order to fit the algorithm with a practical
implementation in the NS-2 network simulator.
The original algorithm considers a completely synchronized network in which
each parameter (e.g. powers, capacities, congestion prices, TCP window etc.)
is updated simultaneously for each node. Moreover, the network is supposed
to be devoid of losses and latency times and the per-link notation does not
establish what is the duty of each node.
In our thesis we try to make clear some of these aspects. Each node updates
the parameters of the algorithm independently from each other basing on local
information only, such as the experienced SINR. The updates are regulated
by a global clock that forces the nodes to send messages to the others and
update powers and rates for the next iteration.
We have established a more practical scenario in which SINR depends on the
average interference the packets have perceived and we have put forward a new
method for updating congestion prices in order to allow both losses and latency
times. We have suggested a general method for exchanging information to
make clearer the duties of each node and we have pointed out possible solutions
to flood messages overall the network.
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In Chapter 7 we practically evaluate the performances of our system.





Chapter 6

Modeling NS-2 OSI Stack

In the previous chapter we have described the implementation in NS-2 of the
underlying algorithm in [35]. In particular we have focused on the main prob-
lems encountered when we move the algorithm in a more realistic scenario
than MATLAB and we try to be as compliant as possible with a real network,
in which the entity node is the place where all the calculations and updates
are performed. Although the implementation of the algorithm is the most
attractive topic of our research, we cannot neglect how the OSI layers have
been modeled, because in order to make sure whether the algorithm can work
or not and eventually validate the results, it is compulsory to build a solid
scaffolding in which the algorithm can operate at the best, still compliant of
TCP/IP protocol stack.
In Chapter 2 and 3, we have presented the standard OSI stack and how it is
modeled in the reference papers [35] and [9], but some details (e.g. acknowl-
edgments, losses etc.) have been neglected because they do not fit with the
mathematical theory of the algorithm and they are beyond of the purposes
of the authors. We can refer to the OSI stack as an essential background for
the algorithm and in this chapter, taking those references as benchmark and
including those details in the framework, we investigate how this background
has been set up, the available protocols used1, the main issues faced and even-
tually we give once again some insights to make our simulations more realistic
and challenge the algorithm.
Starting from the upper layers and moving along the stack, the chapter is
organized as follows: in Section 6.1 we examine the Application layer, in 6.2
the Transport layer, investigating the main issues of TCP Vegas, in 6.3 the
Network layer, stressing the queue policy implemented and the routing proto-
col, in 6.4 the Data Link layer (i.e. CDMA) and in 6.5 we end up describing

1We refer to the available protocols in NS-2 version 2.31
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the Physical layer.

6.1 Application Layer
Referring to [37], in NS-2 two types of application agents are supported: a
traffic generator and a simulated application. A traffic generator agent deals
with the information to be sent and it can generate different types of traffics
according with several probability distributions, whereas a simulated applica-
tion (FTP or Telnet) works by advancing the count of packets available to be
sent by a TCP transport agent.
In order to evaluate the algorithm, the node traffic behavior should be kept as
simple as possible, hence the well known File Transfer Protocol (FTP), which
is a widely used protocol for transferring files over TCP/IP networks, has been
employed. From the OTcl script, the FTP agent is attached to each source
node and it starts sending data as the simulation begins.
It could be interesting to test this framework also with other types of traffic for
example in a bursty traffics environment or where a certain Quality of Service
(QoS) is required. However, for the project targets we keep from modeling
the application layer and it just remains as a future improvement.

6.2 Transport Layer
Section 2.4 shows the main features of TCP Vegas underlining that it is worth
coupling the end-to-end congestion control problem and the link power control,
because the power allocation affects through the interference the attainable
link capacity which in turn affects the transport protocol evolution at the
source.
In this section we describe the main problems we have encountered combining
the transport protocol with the below layers in the OSI stack.
As shown in literature, TCP Vegas exhibits some practical problems that can
affect the fairness behavior of the network. Here, we just remind some of them
and we cross-refer to the literature for more details:

- Rerouting problem [41]

- Compatibility of TCP Vegas and TCP Reno [1]

- Persistent Congestion [28]

- Multi congestion [13]
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Among these different problems, only the latter turns out to be a problem for
our implementation. As we will see later, given our network topology, the first
three problems should not affect the correct behavior of the network sources:
using fixed nodes we avoid the rerouting problem, then all the nodes use
TCP Vegas and moreover sources start together sending packets avoiding the
persistent congestion problem. On the other hand, our network could suffer
from the multi congestion problem. A solution of multi congestion unfair
problem is proposed in [13] where the following property is turned out.
In the steady state the window size, queueing delay and round trip time keep
the same value so that Equation (2.6) can be rewritten as

∆s =
(

Ws

baseRTTs
− Ws

RTTs

)
baseRTTs (6.1)

Referring to Dq = RTT - baseRTT as the queueing delay time, (6.1) becomes:

∆ = DqW

RTT
(6.2)

Defining the throughput as

S = W

RTT
= ∆
Dq

(6.3)

it turns out that the propagation delay, instead of queueing delays, does not
affect the throughput rate of TCP Vegas.
Let us analyze two different flows A and B and the ratio between their through-
puts

ThroughputA
ThroughputB

= SA
SB

= ∆A/DqA

∆B/DqB

(6.4)

Hence, considering ∆ = α equal for both flows, from (6.2) and (6.3) it is
possible to rewrite (6.4) as

SA
SB

= α/DqA

α/DqB

= DqB

DqA

(6.5)

After analyzing this mathematical notations, let us consider a possible scenario
as in Figure 6.1. In this scenario, the flow A experiences n congested hops
along its path and shares a congested hop with the flow B which experiences
only one congested hop. Given Equation (6.4) we can figure out that in case
the flow A encounters the same flow delay in each of the n congested hop, its
throughput is only 1/n of the flow B.
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Figure 6.1. Multi congestion unfair problem

Such a problem turns out tricky when the algorithm is incorporated in the
existing OSI stack. Consider the reference topology presented in Figure 7.1, it
is possible to notice that the multi congestion unfair problem involves the first
node of the network. Specifically, a flow experiences a very low throughput
involving a low quantity of packets sent. From Section 5.2.1, we know that the
algorithm update is carried out every T seconds. If the flow source in this time
has sent few packets, the algorithm does not properly take into account its
contribute to the system. As such, the "update time" setting should account
this problem. Moreover, the unfairness problem is emphatized by the queue
management model that has been chosen (see Section 4.4). In fact, it is
possible to mitigate the effect of the multi congestion unfair problem in the
algorithm using a fair queuing policy resorting to a round robin mechanism.
This way has been chosen because it is the clearest solution to go further and
analyze the Papandriopoulos’ algorithm behavior.

6.3 Network Layer

6.3.1 Queue Policy
In Section 4.4.1, we have discussed the practical implementation of the queue
management in NS-2, stressing the need for a per-link division. In this section
we illustrate the need for a per-flow queue management.
In the previous section, we have pointed out some problems related to the
TCP Vegas, like the multi congestion problem, which coupled with our CDMA
module could affect the correct behavior of the underlying algorithm.
As shown in the Figure 6.1 the destinations of two flows could have different
multi-hop paths depending on their destination. Taking into account any
node in the network, we could notice on its queue an accumulation of packets
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belonging to a certain traffic, whereas a lack of packets for more delayed
traffics.
For instance, given a lossless network, let us consider the source node 1 in
Figure 6.2, which generates two data flows with a really different round trip
time: TCP flow 1 and TCP flow 2. Whenever a packet is received, the receiver
replies with a MAC level ACK. A MAC ACK reception means that the data
packet has been successfully received and a new packet can be pushed down
from the queue and sent. After sending a MAC ACK the receiver sends also
a TCP level ACK which is received by the sender allowing the TCP Vegas
congestion window to increase its size and enqueue new packets. Since the
destination of the TCP flow 1 is so much closer than the TCP flow 2, the node
1 will receive a lot of TCP ACKs for the TCP flow 1 allowing the TCP Vegas
to send down a number of packets more and more bigger than the number of
packets belonging to the TCP flow 2. In this scenario, the TCP congestion

1 2 43
TCP flow 1

TCP flow 2

TCP ack

TCP ack

Figure 6.2. Different round trip times for two different flows

window of TCP flow 1 increases faster than the other flow. Checking the
occupancy of the queue it turns out that few packets belonging to the TCP
flow 2 are surrounded by a large number of packets belonging to TCP flow 1.
Reminding the strategy used to perform the algorithm updates in Chapter 5,
we can state the following. Given an update time interval, that goes from T
to T + 1, no packets belonging to the TCP flow 2 could be sent overall the
interval. This could irreparably break up the correct evolution of the updates,
because the algorithm interprets this event as a change in the network model
since a flow has been suddenly switched off and it will react consequently.
Analyzing our reference model in Figure 6.3, it is possible to see that the
above problem concerns several nodes. In order to study such phenomenon, let
assume that only the node 1 suffers from this problem so that the configuration
changes as in Figure 6.4.
For the purpose of this thesis, we absolutely need to fix this problem, hence we
have moved to a per-flow queue structure avoiding this kind of unfair traffic.
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Figure 6.3. Reference network model

1 2 43 5

Figure 6.4. Network model affected by multi congestion unfair problem

Whenever a MAC ACK packet is received, packets belonging to different flows
but same next hop are picked up from the queue, according to a round robin
policy.
Since the algorithm aims at maximizing the utility function over different
traffic sources, if we did not solve this problem we would experience a situation
in which the rate allocation of sources is not fair and some traffics starve some
others.

6.3.2 Routing Protocol
After discussing the queue implementation, in the following we will focus on
the routing protocol description.
Due to the absence of any infrastructure in a wireless network and the need
for all nodes to cooperate in packet forwarding, a lot of routing protocols have
been developed, but in theory, the routing protocol should not influence the
underlying algorithm. This is the reason why we have not thoroughly investi-
gated this argument and we have not deepened how different routing protocols
affect the algorithm behavior.
Four different types of routing protocols are currently implemented in NS-2 for
ad-hoc networks: DSDV (Destination-Sequenced Distance Vector), DSR (Di-
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rect Sequence Routing), AODV (Ad-Hoc On-Demand Distance Vector Rout-
ing), TORA (Temporally-Ordered Routing Algorithm).
DSR is the routing protocol we have chosen: each node maintains a cache
where all routes are stored. When a node has to send a packet it checks
whether the destination route for that packet has been cached and if it is not
aware of that destination it sends a broadcast route query for the route discov-
ery. A route reply is sent when either the destination or an intermediate node,
with information about the destination, receives the route request packet.
DSR exhibits good performances in not much stressful situations, such as our
configuration, with small number of nodes and low load traffic [10], [6].

6.4 Data Link Layer
As discussed in Chapter 4 and 3, the algorithm has been inserted in a complex
structure that pivots on a medium access protocol CDMA-like, as requested
by the theory in [35] and [9]. In 4.3.2, we have investigated the main features
of the access protocol we have built and some implementation issues faced.
To summarize what described in the previous chapters, we remind that our
medium access protocol has been organized in order to have multiple asyn-
chronous transmissions over different links, compliant with physical constraints.
Given the underlying network configuration in Figure 6.3, each node handles
two outcoming links: the first one is in charge of forwarding TCP data pack-
ets to the next hop, whereas the other one is exploited by control packets
(i.e. TCP ACK and MAC ACK) in backward way. Each outcoming link is
supposed to use different spreading sequences and multiple transmissions are
allowed. Moreover the node self interference cancellation is assumed, accord-
ing to [35] and [9].
Now, we want to stress the original data link layer formulation in [35], con-
sidering the assumptions made and seeking for potential limits when we move
in the network simulator.
Looking at the algorithm in [35] and [9], no packets losses during the data
exchange are considered. This assumption is based on the Shannon theorem
discussed in Section 2.2

cl(P) = W log2 (1 +KSINRl(P))

The theorem states that given a certain SINR experienced by the link l and
the baseband bandwidth W , it is possible to transmit with asymptotically
small bit error probability at a rate equal or below to the capacity cl(P). The
algorithm capacity is updated according to such theory.
The algorithm, at the nth iteration, performs the update according to the SINR
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level perceived during the interval between the nth − 1 and the nth iteration.
Hence, given a link and considering the Shannon theory, we know that if the
capacity calculated at the nth step had been used for the transmissions in the
interval between the nth − 1 and the nth update, no packets would have been
lost. So, in order to make sure that all packets have been correctly received,
it would be necessary to go back in time and set the capacity calculated at
nth as the capacity value for the nth − 1 iteration. Therefore, it is possible
to argue that such a procedure is not compliant with the correct reception
assumption stated by the Shannon theorem, because it is impossible to know
the SINR level of a transmission before transmitting.
As introduced in Section 5.2.1, we solve this problem setting the capacity for
the transmission during the interval between the nth and the nth + 1 step
through the SINR perceived at the end of the iteration nth−1. This approach
is still acceptable when the algorithm is approaching the convergence value
and powers undergo slow variations step by step. On the other hand, at the
beginning of the simulation this effect involves losses due to the rate outage.
For these reasons the introduction of acknowledgments and retransmissions at
the MAC level is compulsory. Moreover, control packets will be useful when
we consider an even more realistic scenario in which a dynamic and stochastic
variations of the channel are included in the model.

6.5 Physical Layer
The physical layer is in charge of transmitting bits over a physical medium
connecting the nodes and allocating the channel. In NS-2 we refer to the
physical layer, as the class in which the calculation of the received power
takes place according to a certain propagation model. Unlike real systems in
which bits may be grouped into code words or symbols and converted to a
physical signal, in the network simulator no modulation schemes are used and
we suppose to have an ideal modulation.
To this end, the effective role of the physical layer is to set the power attenu-
ation experienced by packet from the transmitter to the receiver according to
three different propagation models that NS-2 provides.
In order to test our system, all these models have been used, even though the
last one has been modified. In the sequel, we overview these three models and
we cross-refer to [37] for further details.

- Free Space

The Free Space model considers the ideal unique line of signal prop-
agation through the path. The formulation of the received signal power
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in free space condition was defined by H. T. Friis

Pr(d) = PtGtGrλ
2

(4π2)d2L

where d is the distance from the transmitter, Pt is the transmitted power,
Gt and Gr are the transmission and reception antennas gains. L is the
system loss and λ is the wave lenght. The Free Space model has the
meaning of a fixed comunication range around the transmitter. If the
receiver is within the range, it receives all the packets.

- Two Ray Ground

The Two Ray Ground propagation model considers two contributes for
the power attenuation gain: the direct path and a ground reflection
path. It has been argued that this model achieves better predictions of
the received power than the Free Space model. The received power is
calculated by

Pr(d) = PtGtGrh
2
th

2
r

d4L

where ht and hr are the antennas heights and the other variables have
the same meaning seen in Free Space. Moreover a cross-over distance is
calculated.

- Shadowing

As mentioned in [37], the Free Space model and the Two Ray Ground
model predict the received power as a deterministic function of distance.
In reality, the received power at certain distance is a random variable
due to multipath propagation effects, which is also known as fading ef-
fect. Despite the name, the model that implements the fading effect in
NS-2 is called Shadowing model.
Using this model, the received power is calculated by the sum of the path
loss gains, according to the Free Space model and a gaussian random
variable with zero mean and a standard deviation tunable by the user.
Let us consider the transmission from two generic and motionless nodes
A and B. The problem of this approach in NS-2 is that each packet sent
from A to B experiences different power propagation gains depending
on the random variable. This leads the transmission to be an uncor-
related stochastic process that cannot be called shadowing, since two
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consecutive packets should be affected by a correlated amount of dis-
turb. In fact, shadowing is a correlated stochastic process also called
slowly-varying fading that depends on the path obstructions which usu-
ally cause slow changes. This is the reason why we have chosen to leave
aside the shadowing model implemented in NS-2 and implement a new
one.
In order to simulate fading phenomena another way has been chosen:
we consider the SIR of packets as a gaussian variable with zero mean
and 1 db variance that obviously the OTcl user can change. Exploiting
the random variable, this approach modifies the SIR value making the
perceived SIRs uncorrelated processes, generating a channel affected by
fast fading effects. This has been done to avoid the misunderstanding
underlined in NS-2. Results relative to fading phenomena that affect
the underlying algorithm are shown in [2].

6.6 Summary
This chapter has investigated the problem of merging the algorithm with the
OSI layers stack according to the simulator structure. For each layer we have
summarized all the related protocols available in NS-2 and eventually we have
explained the reasons for our choices. On one hand some layers (i.e. routing
and application) need not be thoroughly examined, because they do not in-
terfere with the mathematical framework of the algorithm, but on the other
hand some others (i.e. transport, network) could cause problems if not faced.
For them, simply setting the selected protocols in OTcl is not enough and we
have to directly act on the code.
In particular, as already pointed out in Section 5.2.1, handling the transport
layer and the network layer is quite tricky. There, we underlined the stagger-
ing update mechanism of the TCP Vegas respect to the update mechanism of
the algorithm, whereas here we have pointed out many unfairness issues that
TCP Vegas could exhibit as widely shown in the literature. We have noticed
that without a round robin strategy and using a simple FIFO queue the algo-
rithm cannot operate at best, at the expense of the cross-layer optimization
which is the target of our research.
We have also stressed the novelty that our work introduces in terms of practi-
cal modeling of the network and channel layer which are not analyzed in the
reference works [35] and [9]. At the MAC level, we have basically introduced
latency times in the framework which arise from the introduction of acknowl-
edgments exchange between nodes and retransmission mechanisms, both for
being compliant with a standard communication protocol (e.g. IEEE/802.11
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etc.) and mitigating the effect of the capacity (rate) outage. At the physical
layer, we have analyzed two available propagation models like Free Space and
Two Ray Ground which are the basis for the simulations in the next chapter.
Eventually, we have introduced a novel model for inserting in the framework
a dynamic and stochastic channel.
Now, the structure for allowing the algorithm to optimize the performances
overall the network should be finally set up and we are ready for showing the
results we have obtained.





Chapter 7

NS-2 Results

After modeling the system in the previous chapters, we are ready for show-
ing results. In this chapter we first present the simulation test bed concern-
ing topology, physical environment and algorithm parameters definition, then
several options have been tested in order to evaluate the framework. The
structure has been modeled following the theoretical MATLAB algorithm im-
plementation, the system performances has been compared with the solution
of the network utility maximization problem.
Trying to approach a more practical implementation, latency times have been
introduced on the system revealing the unreliability of the original congestion
price calculation. For that reason, the new technique presented in Section
5.2.1 has been applied and tested. The chapter also presents the sensitivity of
the system to the step size of the gradient method and evaluates the effects of
losses due to the link rate setting. Eventually several simulations are carried
out in order to compare the performance of our cross-layer protocol with the
IEEE/802.11 standard.
Further scenarios in which the spreading gain and fading effects are introduced
have been proposed in [2].

7.1 Network Topology and Settings: Free Space
Propagation

Before presenting the results that we have obtained, we define the parameters
setting used for the experiments. As in Section 3.3.3, we try to keep the setting
used in the work of Papandriopoulos, but a lot of new system parameters
need to be selected in the network simulator NS-2, such as antenna heights,
operative frequency, etc. These system parameters have to be combined with
the algorithm parameters.

87
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• Network Topology. We adopt the "linear" fixed network topology pre-
sented in the reference works [35] and [9] consisting of five nodes spaced
100m apart and four different multi-hop flows routed across four logical
links as shown in Figure 7.1. Despite its small dimension, this network
is general enough to capture the idea of multi-hop network and benefits
of cross-layer design. Different colors are assigned to each link in order

1 2 43 5
x1

x2

x3

x4

Figure 7.1. Network topology for the simulations

to clearly distinguish the resources allocation in the following sections.

• Propagation Model and Antennas Setting. The propagation model
directly influences the system behavior, because it affects the received
power and modifies the interference level at each node. Here, the "Free
Space" propagation model acting in outdoor environment has been cho-
sen. As explained in Section 6.5, the model assumes a unique ideal line
of signal propagation according to the H. T. Friis condition. We assume
antennas with transmission/reception gains Gt = Gr = 1. A maximum
transmit power Pmax=25mW is available at each node.
Further simulations exploiting the "Two Ray Ground" propagation model
are presented in [2].

• Physical Parameters. The underlying system is supposed to work
at 9.14e+8 frequency and the available bandwidth of 1MHz has been
selected. Moreover, the thermal noise affecting the network has been set
equal to 10nW.

• Receiving Thresholds. In order to let the multi-hop mechanism work,
we suppose that packets can be correctly delivered within a range of
150m between nodes only. Obviously, all the active transmissions in the
network carry their own interference contribution to the others.
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• Algorithm Setting. As mentioned in Chapter 5, we assume that each
node exploits two different frequencies available at each node: one fre-
quency is used for transmitting data packets, the other one is designated
for the control channel for transmitting acknowledgments.
The algorithm is initialized as follows

- Starting Link Rate. Each node is assigned a fix link rate of 2Mbit/s.

- Starting Power. Each node is supposed to start sending data with
P=2.5mW.

- Control Channel. Transmissions relative to the dedicated frequency
assigned to the control channel are performed with fixed power
P=2.5mW and link rate 2Mbit/s for the whole duration of the
simulation.

• Update Time. This quantity represents the time that elapses between
two consecutive iterations of the algorithm. Updatetime = 0.1s is se-
lected for our simulations.

• Algorithm Parameters. ε and λ parameters are strictly connected,
the starting λ value has to be chosen basing on the selected ε value. We
set λ = 0.01 and ε = 0.01. We set ω = 0.

The above parameters setting has been maintained for the following simula-
tions.

7.2 MATLAB Comparison
Analyzing previous chapters, we notice that a lot of modifications have been
necessary to match the NS-2 simulator to the theoretical protocol developed
in [35]. To this end, we mainly remind that NS-2 is packet oriented and a
complete new MAC module based on CDMA has been developed and coupled
with a new queue management policy.
In this section we verify whether the simulation built is actually compliant
with the theory of Papandriopoulos et al. in terms of convergence and perfor-
mances. We validate the NS-2 simulator using the optimal results obtained
via MATLAB as a benchmark.
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7.2.1 Comparison Using Original Congestion Prices
Update

The congestion prices update (5.4) used in [35] assumes continuous lossless
transmissions under AWGN channel condition in which the acknowledgments
are received instantaneously without any latency times. In order to attain as
much as possible to the theory we do the same, but some differences from the
theoretical framework still exist:

- NS-2 is packet oriented.

- The CDMA module we have built is the MAC access scheme.

- TCP Vegas is the transport layer protocol.

- SINR is calculated after interleaving operation applied at each single
packet.

- Capacity calculation relative to the iteration t is based on the average
SINR experienced during the iteration t− 1 as in Equation (2.3).

- Algorithm update is performed every Updatetime seconds.

Figure 7.2 shows the results obtained with the NS-2 simulator and compared
with the solutions of NUM problem calculated via fmincon which is function
of MATLAB (dashed lines for SINR, capacity and power allocation, and bold
black line for the objective function). Results exhibit power, SINR and ca-
pacity accommodation for the four network links, where SINR and capacity
depend on power assignments. Given the interpretation of the algorithm in
Section 5.2.1, the data rate over a link amounts to capacity. The plot relative
to the objective function illustrates the aggregate utility function achieved by
TCP Vegas which is the sum of individual utility functions associated to each
flow according to Equation (2.8):

α1d1 log (x1) + α2d2 log (x2) + α3d3 log (x3) + α4d4 log (x4) (7.1)

Where x1, x2, x3, x4 are the four end-to-end rates (Figure 7.1), α is the pa-
rameter of TCP Vegas and d describes the delays each flow experiences across
the network. Specifically, we remind that αsds represents the minimum round
trip time ever experienced by the end-to-end user s.
Focusing on Figure 7.2, powers evolution carries the most important infor-
mation: the algorithm behaves allocating resources fairly, taking into account
the congestion levels and interference levels. Generally, when a power level
increases, the SINR relative to each packet rises and capacity consequently.
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Figure 7.2. MATLAB comparison with original congestion prices. Colors
are connected to the links (Figure 7.1): (1-2) blue, (2-3) green, (3-4) red, (4-5)
cyan

Whenever a link capacity increments, more transmission capabilities are given
to the links, so nodes are able to send more packets and tend to drain their
queues. On the other hand, the higher the power assigned to a node, the
higher the interference the node causes to the others. The information rela-
tive to the interference perceived by a node is embedded in message packets
and forces the other nodes to adjust the power levels.
We refer to Figure 7.1 and in particular to the transmitters on each link. We
outline how resources should be shared.

- Blue Link. The transmitter on the blue link generates the flows x1 and
x2. Moreover, it interferes with transmitters on the red and cyan link
only, which are quite far away. This is the reason why it causes a little
amount of interference to the others and high power is accommodated.

- Green Link. The transmitter on the green link is in charge of generating
traffic x3 and forwarding the flow x2. This link suffers from the bottle-
neck which is formed at the red link. Thus, the algorithm assigns less
power to the green link in order to guarantee a certain amount of SINR
and capacity to the red link and drain the bottleneck.
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- Red Link. The transmitter on this link has to handle an higher traffic
load than the other links and potentially it can become a bottleneck: it
has to forward x2 and x3 and generate x4. It requires high power, but
it also causes high interference to the near node 2.

- Cyan Link. The transmitter forwards the traffic x4 only. A little amount
of resources is needed to carry on the packets.

The reader might wonder why NS-2 and fmincon are not perfectly aligned at
the optimum value. This depends on the approximations we have done and
the NS-2 packet structure.
According to these ideas, it is possible to claim the coherence of our results
with the theory of cross-layer design. Moreover, the validity of our work is
confirmed by the closeness to the MATLAB results.

7.2.2 Latency Times Effect on the System
In Section 5.2.1, we have discussed the difficulty adapting the original con-
gestion price Equation (5.4) into a real system where latency times have to
be accounted. We now remove the assumption of instantaneous acknowledg-
ments and consider the presence of latency times. After correctly receiving a
packet, the receiver exploits the dedicated frequency and sends back a MAC
acknowledgment employing a fixed power of 2.5mW at 2Mbit/s. As such, the
acknowledgments exchange is not instantaneous anymore and each node must
wait the acknowledgment before sending a new data packet. We refer to the
time in which the node is inactive as latency time.
Due to the presence of latency times we cannot treat the capacity as the
amount of data per seconds that each node can transmit as in the theoretical
protocols proposed in [9] and [35]. Considering the original congestion prices
update, Figure 7.3 shows how the algorithm behaves when latency times are
comprised in the dynamic of the system. In this case, it is easy to figure out
the unreliability of the algorithm: the convergence to the optimum value is
not ensured and the evolution of the objective function highlights the degra-
dation of the performances. Another method should be developed to face this
problem, because in a real network suffering from losses it is unacceptable the
absence of acknowledgments and latency times.

7.2.3 Comparison Using the New Congestion Prices
Update

In order to get around the issue relative to the latency times, we employ a dif-
ferent method to update the congestion prices based on Equation (5.7). This
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Figure 7.3. Original congestion prices with latency times.

approach should enhance the robustness whenever MAC ACKs are employed
as in real networks.
We firstly validate the reliability of this new approach over the standard con-
figuration network without losses and with instantaneous ACKs. Figure 7.4
shows the results we have obtained.
The results confirm the validity of the new approach: even though the curves
keep oscillating around the optimal values, the convergence values are approx-
imately the same of Figure 7.2.
We are now ready for introducing the acknowledgments and pointing out the
improvement in terms of results achieved in Figure 7.5. The acknowledgments
lower the utility, but unlike the original approach (Figure 7.3), the system finds
a new equilibrium point and performances do not overly degrade.
The new congestion prices update policy allows to take into account latency
times and eventually comprise losses in the system.
In the sequel, for further experiments, we will always attain to this new ap-
proach.
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Figure 7.4. Simulation employing new congestion prices update.

7.2.4 Sensitivity to Parameters
It is well known that algorithms based on the gradient method are sensitive
to the value of the step size here called ε. The step size plays an important
role and it determines whether the algorithm converges or not and regulates
the speed of convergence. Referring to the standard update of Lagrange mul-
tipliers, [35] and [9] exploit a sufficiently small value of ε, without underlining
the sensitivity of the system to this parameter in terms of results.
In this section we analyze the sensitivity of the algorithm to the step size
ε in Equation (5.4) and (5.7). Here, we employ the novel congestion prices
update, but analogous conclusions can be carried out using the original con-
gestion prices update.
To this end, we have empirically proved that the algorithm guarantees the
convergence to the optimal value only if the ε ranges within a certain interval.
Specifically, the algorithm returns near optimal performances for ε smaller
than 1. For simplicity, in these simulations we assume continuous lossless
transmissions without acknowledgments. Several values of ε have been tested,
here we present the more significant results in Figure 7.6. From these tests
we state that whenever the parameter ε overcomes a certain threshold the
system is not reliable anymore. The setting of ε strictly depends on the net-
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Figure 7.5. Simulation employing new congestion prices update and ACKs.

work features and it cannot be known a-priori. Here, ε = 0.05 represents a
good tradeoff between convergence guarantee and speed. The figures confirm
nice performances under this value and tuning ε affects the convergence speed
only. Conversely, when ε overcomes the threshold of 1 efficiency of the system
degrades.

7.2.5 Link Rate Setting
We have discussed how to set the link rate in Section 5.2.1. We have proposed
to fix the link rate equals to the capacity of the link. Specifically, the rate of
the iteration t is based on the SINR perceived at the iteration t − 1. Before
convergence, power levels that are selected for the iteration t differ from those
of the iteration t−1 and the SINR experienced as well. Thus, the transmitting
link rate at the iteration t based on the "old" SINR at the iteration t− 1 does
not take into account the actual and instantaneous condition of the network
and it might be not compliant with the Shannon limit. To evaluate this
problem, a receiving threshold has been established: if the transmission link
rate of a packet is too high compared with the SINR that affects the packet,



96 CHAPTER 7. NS-2 RESULTS

(a) ε = 0.0001 (b) ε = 0.1

(c) ε = 1 (d) ε > 1

Figure 7.6. ε parameter tuning in the system

the packet cannot be correctly retrieved and it is dropped. The sender reacts
retransmitting the packet lost as soon as it realizes that no AKCs have been
sent. Actually, this effect produces a certain rate outage in the network due
to the update mechanism.
Figure 7.7 provides a meaningful description of this issue.
Figure 7.8 illustrates the number of losses occurred that irreparably affect the
algorithm evolution impeding the system to converge. In order to mitigate
this outage phenomenon, we make use of the margin factor introduced in
[35] and presented in this thesis in Section 3.3.2. This margin lowers the
SINR perceived that in turn lowers the capacity and the link rate. This factor
amounts to the rate outage probability that the update mechanism is supposed
to produce.
We have empirically realized that a margin of 15% might be enough to allow
the system to work correctly (Figure 7.9).
Despite nice performances in terms of convergence guarantee, the introduction
of this factor influences the throughput that decreases compared with previous
simulations as confirmed by analogous results in [2]. Nevertheless, we cannot
avoid to treat this problem in order to make more realistic our simulations.
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Figure 7.7. System affected by link rate outage.

Figure 7.8. Losses occurred in the system.
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Figure 7.9. System with 15% of margin.

7.3 802.11 Comparison
In the previous sections, we have demonstrated through several experiments
that the system we have implemented actually yields optimal results accord-
ing to the theory of Papandriopoulos et al. [35].
To this end, the reader might wonder whether it is worth developing a so
complex structure based on CDMA access scheme and cross-layer design. On
one hand, our results have shown that the underlying distributed protocol
actually exhibits optimal performances in term of end-to-end throughput, but
at the expense of difficulty realizing such framework. Moreover, the standard
communication protocols for ad-hoc wireless network do not employ multiple
access schemes such as CDMA and OSI stack should be revisited to allow a
cross-layer design.
To answer to this question we propose a comparison with the widely used stan-
dard protocol for ad-hoc networks: IEEE/802.11. We desire to verify whether
the performances of our protocol are better than the existing IEEE/802.11.
The main difference between these protocols is related to medium access
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scheme. IEEE/802.11 employs a CSMA/CA (Carrier Sense Multiple Ac-
cess/Collision Avoidance) to access the channel. Unlike CDMA, no multiple
accesses are allowed and users share the available resources through a ran-
domized channel utilization.
The CSMA/CA protocol is a modification of the well known CSMA/CD and
it is used in case the channel reliability is not ensured. In pure CSMA, each
node listens to the channel for a predetermined amount of time. If no carri-
ers are sensed, the channel is declared idle and the node can freely transmit
capitalizing all the available resources, otherwise it has to randomly defer its
transmission waiting a backoff timer. Either in case the sensitive range of the
transmitting node is not enough to listen to all the interferent transmissions
or two nodes send at nearly the same time, a collision probably occurs. This is
the reason why the CA mechanism has extended the original CSMA scheme to
prevent collisions. Before transmitting, each node has to send a transmitting
RTS (Request To Send) packet, if the receiving node agrees with the transfer-
ring of data it replies with a CTS (Clear To Send) packet, communicating that
no other transmissions have been listened in the range of the receiver. Obvi-
ously, collisions are still possible because the efficiency of CSMA/CA depends
both on the sensing range of each node and the presence of hidden stations.
In general, the performances of CSMA/CA are strictly related to the network
topology and nodes density: the more nodes can hear each other, the better
quality of communication can be achieved avoiding collisions.
Inevitably, large latency times affect the efficiency of the system, because be-
fore transmitting each station has to wait an unpredictable amount of time
that mainly depends on the demands of users and topology of the network.
Nevertheless CSMA/CA is more robust to interference than CDMA, because
theoretically only one node at a time is allowed to access the channel and
it can capitalize all the available resources. On the other hand, CDMA is a
multiple access scheme that increases the interference which in turn reduces
the available resource, but it is almost devoid of latency times, because each
station accesses the channel whenever it has to send data waiting for the ac-
knowledgments only, without hearing potentially interfering communications.
We now define the parameter setting needed for comparing our protocol with
the IEEE/802.11 module available in NS-2. To this end, we refer to the test
bed presented in [2] where the spreading gain is introduced.

- Bandwidth. We select W=5MHz. Our protocol exploits a transmis-
sion bandwidth scaled by the spreading factor Sg = 8, whereas the
IEEE/802.11 uses the whole bandwidth transmitting at a rate of 5Mbit/s.

- Network Configuration. The standard network topology has been kept
(Figure 7.1). The IEEE/802.11 experiences two different sensing condi-



100 CHAPTER 7. NS-2 RESULTS

tions: firstly we set a large sensing range allowing nodes to hear all the
other nodes in the network, then we select a short sensing range allowing
nodes to hear their neighbors only.

- Fast Fading. We consider AWGN channel that does not affect the sim-
ulation fairness both in our protocol and in IEEE/802.11.

- Algorithm Setting. We deal with the same configuration shown in Section
7.1 in which we use a 15% margin factor to prevent potential losses. We
underline that while 15% margin is not enough to prevent losses in time-
varying channel, it can achieve good performance in AWGN channel
(Section 7.2.5).

- Modulation. Unfortunately, NS-2 does not implement any modulation
scheme and we consider an ideal modulation for both our protocol and
IEEE/802.11. This assumption is consistent with new technologies for
cellular networks as HSDPA1.

Figure 7.10 and 7.11 illustrate the end-to-end throughputs achieved across the
network by the IEEE/802.11 and our protocol. In Figure 7.10, IEEE/802.11
works with a large sensing range, in Figure 7.11 nodes have a short sensing
range.
The results show that our system achieves better performances than the stan-
dard IEEE/802.11, in Figure 7.10 values are approximately three times bigger.
Moreover, it is interesting to notice in Figure 7.10 and 7.11 the different be-
havior of the IEEE/802.11: when the sensing capabilities of nodes are worse,
the congestion avoidance mechanism is less efficient, so that nodes are allowed
to "greedier" access the channel involving peaks on the throughput.

7.3.1 802.11 Comparison: Dedicated Channel
The previous section has used the framework defined in Section 7.1. One
might argue for the use of two frequencies that allows our protocol to exploit
multiple frequencies for data and acknowledgments. In fact, 802.11 does not
use a dedicated frequency for the control channel. In order to make up for
this issue, in this section we demonstrate that the use of two frequencies does
not change our conclusions.
As explained in Section 5.2.2, it is possible to use a radio system in which
different spreading sequences are assigned to data and acknowledgments, ex-
ploiting both the same unique frequency but different dedicated channels:

1It has been demonstrated that the highest possible data rate can be achieved through
adaptive modulation and coding, depending on the quality of the radio link.
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Figure 7.10. Comparison between 802.11 with large sensing range and our
cross-layer protocol

Figure 7.11. Comparison between 802.11 with 150m carrier sensitive thresh-
old and our cross-layer protocol
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data channel and control channel respectively. As such, also the acknowledg-
ments cause interference at the receiver increasing the interference which in
turn lowers the capacity of the network.
In Section 5.2.2, we have also investigated how should be performed the re-
source and rate assignments to the control channel. Since we just aim at
showing the interference variation on the system, without loss of generality
we assume that the link rates and powers assignment are the same in both
channels, for both data and control packets transmitted over the same link.
We employ again a margin factor of 15% on resource assignment and we sup-
pose that no ACKs can be lost.
Results are shown in Figure 7.12 where the system bandwidth and the spread-
ing gaing are set to W=5Mhz and Sg = 8 respectively. The graph shows that

Figure 7.12. Algorithm behavior using a dedicated channel for ACKs

SINR level decreases because of ACKs interference. This involves a reduction
on the available resources. A new performances comparison with IEEE/802.11
is illustrated in Figure 7.13, where we have set a large sensing range for the
IEEE/802.11. The reduction of SINR decreases the advantage of our protocol
whose throughput still remains better than IEEE/802.11 also when a dedi-
cated channel for acknowledgments is employed.
These results confirm the nice performances of our protocol, even though a
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Figure 7.13. Comparison between 802.11 with large sensing range and our
cross-layer protocol with dedicated channel

parallel algorithm for resources and powers allocation of the control channel
should be implemented to make a fairer comparison with IEEE/802.11.

7.4 Summary
The simulations we have proposed in this chapter exhibit good results in term
of closeness to the optimal solution and coherence with different simulation
scenarios. Firstly we have used the original calculation of congestion prices,
then we have demonstrated that such method cannot be applied to a network
affected by latency times. In order to solve this problem, we have formulated
a new method to calculate the congestion prices. The new approach can
support latency time, guaranteeing the optimal convergence. Moreover, the
algorithm has been challenged in a lossy scenario, revealing enough sensitivity
to losses. Nevertheless, we can protect the system against losses decreasing
the physical data rate. Eventually, a comparison with IEEE/802.11 has been
proposed, revealing a strong gap between the two systems: our system achieves
approximately a throughput three times bigger.





Chapter 8

Conclusions

8.1 Conclusions
Network performance can be increased if the traditionally separated net-
work layers are jointly optimized. Network utility maximization has recently
emerged as a powerful framework for studying such cross-layer issues. Never-
theless, most of works in this field, such as the recent work of Papandriopoulos
et al. ([35]), remain as theory. The main contribute of this thesis is to in-
vestigate the reliability and feasibility of the work in [35] from a practical
perspective. To accomplish our target we have exploit the NS-2 network sim-
ulator that allows us to make a practical analysis of the underlying theory.
Firstly, we have built a new CDMA module for the MAC layer in NS-2 and a
compatible queue management. This step has required a great effort, because
of the difficulty being compliant with the theoretical evolution of the CDMA
access scheme, without breaking up the hierarchy of the standard OSI stack.
Then, we have tried to interpret the original theory and algorithm in order
to fit it with the more realistic environment of NS-2. To this end, the main
contribute concerns the introduction of a new network congestion price calcu-
lation basing on queue length.
Results shown in Chapter 7 reveal advantages and drawbacks of the framework
we have developed. The behavior of the system and its practical feasibility
can be summarized as follows:

Advantages

• Optimality. Despite assumptions and approximations, our system is able
to approximately achieve the optimal solution of the network utility
maximization problem. From a theoretical perspective, this is the most
important result obtained by our project and it has given a boost for a
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further analysis.

• Congestion Prices. The new method for calculating congestion prices
improves the feasibility of the system, because it allows to do away
with the estimation of the instantaneous link capacity. This technique
is particularly interesting because the congestion price are evaluated
basing on local information only, and allows to introduce latency times
on the network.

• System Coherence. Regarding the setting of physical network parame-
ters, the system reveals enough robustness. We have demonstrated that
tuning the bandwidth, changing propagation model and spreading gain
do not affect the algorithm evolution.

• Asynchronous Structure Without Scheduling. Since we have employed
a CDMA access scheme, we have not dealt with any scheduling mech-
anism. As such, we have obtained optimal resources allocation in an
asynchronous structure.

• Deferred Algorithm Updates. By using the proposed system, we have
shown that if the algorithm updates are deferred over longer time-scale,
it is possible to reduce the message overhead across the network and
avoid synchronized updates of congestion windows.

• Consistency with the Original OSI Stack. Even though several modifi-
cations are needed, we can claim that the algorithm does not heavily
affect the original OSI stack implementation.

• Comparison with IEEE/802.11. The developed system has achieved
good performances compared with the standard IEEE/802.11. In Chap-
ter 7, the network exhibits a throughput almost three times bigger than
the standard wireless ad-hoc protocol.

Drawbacks

• Congestion Prices. Regarding the network congestion prices calcula-
tion, we have argued that the original formula proposed in [35] cannot
be practically applied. Such theory should be joined with a practical
method that updates the congestion prices accounting the latency times
that inevitably affect a real network.

• Sensitivity to Parameters. The simulations have shown that the value
of the step size for the gradient update is very important to achieve
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the global optimum. We have obtained good performances tuning the
parameter under a certain threshold, however it is not defined how to
select a-priori the threshold.

• Losses Sensitivity. The system reveals sensitivity to losses. In order to
mitigate this problem we have introduced a trade off between perfor-
mances and reliability. Nevertheless, we cannot claim that such method
is always worth because it could lead to poor performances.

• Flooding Protocol and Scalability. In the project we have taken the as-
sumption of ideal flooding protocol, nevertheless we have theoretically
proposed a new approach for message scheduling that may mitigate the
interference caused by messages passing. However, for large networks
the massages passing effect remains an open issue.

• Complex System Structure. The system has been developed by modeling
four layers of the OSI stack (i.e. Physical, Data Link, Network, Trans-
port). From a practical point of view, this amounts to put forward a new
communication protocol where an huge number of operating techniques
has still to be defined.

• Continuous Transmissions. The theory assumes network sources that
transmit continuously. This assumption is not aligned with a general
communication system that usually presents bursty traffics. Since the
algorithm does not exhibit robustness to latency times, we cannot claim
that the algorithm functions in this situation. Probably other modifica-
tions and assumptions are needed.

Even if the simulations have been performed over a simple "linear" network
topology, we can conclude that the underlying system achieves optimal re-
sults in a distributed way, consistent with the OSI stack. The modifications
introduced by our work actually leads to a possible practical implementation.
Nevertheless, this project has to be interpreted as a first step towards a real
practical realization of the algorithm because a lot of topics need to be further
investigated.

8.2 Outlook
A further contribution to this work might be enlarge the network topology and
introduce new end-to-end flows. Thus, we could evaluate the system in a more
general environment and provide a more thorough analysis of open issues. For
instance, establishing how the step size for the gradient update is influenced
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by the network configuration. Moreover we could mathematically investigate
the congestion price calculation method based on queue length verifying and
possibly enhancing its formulation.
An interesting topic to further analyze is the channel control for the acknowl-
edgments and "backward" transmissions. For instance, we could apply a par-
alell algorithm cooperating with the underlying structure and verify whether
the performances can be improved.
The impact of the flooding protocol on the structure should be studied and
practically implemented.
Eventually, the CDMA module could be further enhanced and we could ana-
lyze the cooperation between CDMA and any active queue management policy
(e.g. REM, RED). Specifically, we could verify whether such cooperation leads
to better performances.



Appendix A

Convex Optimization Overview

The convexity property of a problem depends on the convexity properties of
the objective and constraints.
In particular, considering a minimization problem, if the objective and the in-
equality constraints are convex the problem is a convex optimization problem:

minimize f0(x)
subject to fi(x) ≤ bi, i = 1, . . . ,m (A.1)

where the functions f0, . . . , fm : Rn → R are convex, i.e., satisfy

f(θx + (1− θ)y) ≤ θf(x) + (1− θ)f(y)

for all x,y ∈ dom Rn and all θ ∈ R with θ ∈ [0, 1].
Unlike Equation (A.1), we notice that (3.2) is a maximization problem, but
in case the objective is concave and the inequality constraints are still convex,
this concave maximization problem can be readily transformed into a convex
minimization problem by minimizing the convex objective function −f0(x).
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Appendix B

CDMA Tool Functions

• txtime(·)

There are two functions handling the transmission time, one takes size
and data rate as arguments and it is actually in charge of calculating the
transmission time, the other one is simply needed for getting that value
and it takes the packet (a pointer to it) as argument. The latter is very
simple, it just reads the value from the common header and returns it.
However it also performs a check about the consistency of the value: if
somehow the transmission time is less than zero, the packet is dropped
and the simulation is obviously stopped.
The former is the real calculation of the time the packet needs before
being transmitted. Also this calculation is very simple, we just perform
the ratio between the size of the packet (expressed in bits) and the ac-
tual data rate.

• freeBuffer(·)

This function is useful for the overlapping avoidance mechanism and
it is called when the transmission timer for a given packet expires. This
means that the packet has been fully transmitted, and the node inter-
face is newly available. Here we consider only the transmitting interface
and we do not care of the receiving interface: as we know, the CDMA
module is allowed to transmit and receive more packets at the same
time. Therefore, the first task we have to accomplish is to unblock any
transmissions toward the destination of the packet that has already been
sent. The destination is taken as argument by the function. Now we
have to drain the buffer. It could happen that a previous packet had
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found the interface blocked and it was stored in the buffer. Now, we can
pick up it from the buffer relative to its next hop destination and send
it again to the send(·) function.

• discard(·)

This function is called several times from different parts of the code.
Its aim is to log information about packet losses. However, we are not
always interested in logging this kind of events, so we should behave
depending on the event that calls this function. We first check the error
field of the common address: if it is set to one, it means that the received
packet contains errors. A real MAC layer could not read any data from
it, so we just free the memory space without logging the event. Oth-
erwise we check the type of the packet discarded and we log the event
through the drop(·) function. In case some unknown packets are re-
ceived an error message is given as output and the trace_pkt(·) method
is invoked to log this event. The drop(·) function belongs to the class
Connector and handles the calling to the CMUTrace class in order to
log drop events.

• Timer Handlers

In C++, timers are based on an abstract base class defined in timer-
handler.h. They are most often used in agents, but the framework is
general enough to be used by other objects. Therefore, if we wanted
to use a timer in our agent we have to define a subclass that inherits
from the class TimeHandler, in order to exploit its functionalities. The
abstract class TimeHandler, contains several public functions: sched(·),
resched(·) expire(·), handle(·). The meaning of this methods is quite
intuitive. We use sched(·) or resched(·) when we want to start our timer
and to set the its duration that is taken as argument of the function.
The former is used in case of non pendent timer when it is not already
running, whereas the latter just resets and starts again the timer even
if it is still running. When the timer expires the expire(·) method is
called and we invoke from here the needed routines. In our work, we
have built three timers TxCdmaTimer, RxCdmaTimer, ACKTimer. As
shown above, these timers control the transmission, reception and re-
transmission time for each packet.



113

• mac_log(·) and Trace Support

The mac_log(·) function is very simple and it is directly defined on
the header file mac-cdma.h of our class. As said in the NS-2 introduc-
tion, the role of NsObject is fundamental to connect the recv(·) func-
tions relative to different classes. We exploit this well known capability
in order to send the packet, that has to be logged, to the CMUTrace
class. Here we explain how to add the log capabilities to a new agent,
in NS-2 for wireless scenarios. There exist three types of CMU-trace
objects: CMUTrace/Drop,CMUTrace/Recv and CMUTrace/Send [37].
They are used for tracing packets that are dropped, received and sent
by agents, routers, MAC layers or interface queues. The methods and
procedures used for implementing wireless trace support, can be found
under trace.cc,h and ns-cmutrace.tcl. CMUTrace class inherits from the
more general Trace class and it is used to trace wireless scenarios. For
wired networks, NS-2 offers a two level trace: a written data trace and
a graphical trace called NAM (Network Animator).
Generally, trace data is either displayed directly during execution of the
simulation, or more commonly stored in a file to be post-processed and
analyze. There are two primary types of monitoring capability currently
supported by NS-2. The first, called traces, records each individual
packet as it arrives, departs, or it is dropped at a link or at a queue.
The others are called monitors and they are responsible for counting
some quantities such as bytes and packets arrived and departed, con-
sidering either all the packets indistinctly or on a per flow basis (flow
monitor). Moreover, we can choose among different types of output
trace files: tagged, new trace or classic trace, which differ because of the
syntax and the information logged in the trace file. To support traces,
there is a common header included in each packet, defined in packet.h as
hdr_cmn. It includes a unique identifier on each packet, a packet type
field, a packet size field and an interface label.
Instead, in the NAM environment we can see, as animations, packets
flying between different hops, whether some losses or collisions occur,
packet drops, queue build up, and in general the behavior of the traffic
flows. This opportunity is not given for wireless scenarios, yet. From
NAM trace, we can only follow the movements of the nodes in the envi-
ronment we have created by OTcl. Given our static network assumption,
we have not exploited the NAM trace capability. Future enhancements of
the simulator include the development of a complete NAM trace also for
wireless networks. To this end, this work has already done for 802.15.4
protocol, where all the animation supports are available.
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Now, we will try to give only some general insights of the file structure
and for details we cross-refer to the code.
Let us try to follow again an imaginary path of the packet being traced,
along the CMUTrace class. Our packet comes into the class through the
format(·) function that dictates the trace file format. Then, we redirect
it to the correct log function depending on the packet type. Each log
function writes the trace on a common character buffer (wrk_) using
an offset. A count of the offset is kept and passed along the different
trace functions in order to write the information at the correct position,
avoiding overwriting matters.
Looking at the format(·) function, we first find a call to the
format_mac_common method. This MAC trace function is called for
each packet coming into the class and it is in charge of writing some pre-
liminary information about the event. The values concern several fields
such as operation performed (packet sent, received, dropped), time, trace
type, event id, packet type and many others. We will not explain these
fields and the trace syntax because this is well described in the Section
16.1.6 of the NS-2 manual [37].
A more interesting aspect we would like to focus on, is to figure out the
reason why we do not need to make any change in the CMUTrace class
code for getting our MAC CDMA trace. As shown before, the first thing
supposed to do is to introduce our new kind of packet relative to the
new agent (i.e. MAC CDMA module) we have built. Hence, we should
define the related log function of the packet type, but when we deal with
a MAC protocol what happens could be quite different. In fact, once in-
voking the format_mac_common(·), we gain access to the MAC header
of our handled packet. This access is performed by two alternatives way.
In case the MAC type is "Mac/SMAC the SMAC protocol (Sensor MAC
for facing energy wastage) is used, instead for all the other MAC types
the MAC802_11 protocol is used.
The latter statement seems to be weird, but it is a key point for getting
into our issue. In fact, in the second case the access to the MAC header
is performed by the HDR_MAC802_11(·) macro. Nevertheless, we un-
derline that this macro does not access to the position of the 802.11
header, since the header is stored in the hdr_mac structure. Therefore,
we hit again on the same trick described above. As explained before, for
our implementation, it is compulsory to use the same approach followed
in the 802.11 protocol. So that, now it should be clear that the macro
access of 802.11 gives the same result of our macro HDR_MACCDMA
that is the information stored in the hdr_mac structure for being more
precise. Hence, the access got by the 802.11 structure works even if the
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header declaration is different, so no changes are required and we can
exploit the trace implementation that has been already done. Moreover,
we should define a format_mac_cdma function to insert additional in-
formation, but also this change is needless. In fact, the 802.11 header
and our CDMA header contain the same fields and the format_mac de-
signed for 802.11 is suitable for recovering additional information.
The above procedure points out the difficulty merging new parts of code
with the original code, as we have also noticed elsewhere in the simula-
tor. Due to the structure of the simulator, such problems are often non
trivial and only by recurring to useful tricks we can achieve our aims.
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