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Abstract

Rapidly, the world is getting more and more connected. Internet plays a
prominent role in this trend. Furthermore, people are becoming increasingly
mobile. The combination of both trends results in a huge demand for wireless
communication.

This thesis addresses the problem of energy-efficient wireless communica-
tion with an adequate quality of service.

The scarce energy resources of a mobile require an energy-efficient oper-
ation. The dynamic environment of a mobile causes large quality variation
of the transport medium and requires a continuous monitoring of the quality
of service of the wireless link.

This thesis provides a general framework to build an energy-efficient wire-
less link. The central idea is to determine the exact amount of effort that is
necessary to obtain the required quality given a current wireless medium. So
the key is to be effective, only doing the work that is really necessary. Doing
more work than necessary means waste of resources, doing less work means
that the required quality of the link can not be achieved. The information
about the required amount of effort for the current circumstances is used by
a control system to adapt the receiver so that it will operate with minimal
energy consumption.

The framework is illustrated by an example of a UMTS link that is worked
out in detail. A simulation environment for this example was built to illus-
trate the proper working of the proposed methods and to show that substan-
tial savings can be achieved by applying these methods. A second example,
which uses a completely different technology for the transmission, Hiper-
LAN/2, is also presented. It is shown that the proposed methods can be
applied to this example as well.

Contributions are made on different areas:

First, an algorithm is developed that provides a good indication of the
quality of the medium (estimation of the BER) based on statistical analysis
of the received symbols, without transmission of additional information or
knowledge of the environment. Simulations show that the mean error of the
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estimation is below 2%, with only a small variance. Simulations performed
at Ericsson Eurolab show the same results for a channel model that Ericsson
calls a ’realistic’ channel model (so, not only an AWGN channel model is
used).

Second, forward error decoders are used in an unconventional way i.e. to
improve a signal from bad to good, instead of the usual improvement from a
good signal to a perfect signal. This may lead to a substantial reduction in
the energy consumption of the receiver because a lower quality of the signal
of the output at the RAKE receiver is sufficient.

Third, the thesis shows how a global optimization (for QoS as well as
energy consumption) can be achieved by using a cross-layer approach that
ensures a seamless integration of the functionality that is usually separated
in different OSI network protocol layers.

Fourth, a UMTS simulation environment has been constructed, that was
very useful for our experiments.

Fifth, a control system has been build that uses the acquired information
and proposed methods to make an adaptive system. This control system
has been implemented in the UMTS simulation environment. Because of
this implementation, we could verify the proper working and the benefits of
using a control system.

Sixth, the benefit of adaptation at run-time is shown by comparing an
adaptive configuration to a commonly used static configuration that is opti-
mized for worst case circumstances. Different scenarios have been simulated
to show the differences with regard to QoS and energy consumption for dif-
ferent configurations (static as well as dynamic adapted configurations).
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Samenvatting

In hoog tempo wordt de wereld met elkaar verbonden. Internet speelt een
grote rol in deze ontwikkeling. Tevens worden mensen steeds mobieler. De
combinatie van beide ontwikkelingen zorgt voor een grote vraag naar draad-
loze communicatie.

Dit proefschrift richt zich op het probleem van energie efficiënte draadloze
communicatie met een adequate kwaliteitsgarantie.

De beperkte middelen van een mobiel apparaat vereisen een efficiënte
werking. De dynamische omgeving van een mobiel apparaat veroorzaakt een
grote wisseling in de kwaliteit van het transport medium en vereist dat de
kwaliteit van de draadloze verbinding voortdurend wordt bewaakt.

Dit proefschift levert een generiek raamwerk aan om een efficiente draad-
loze verbinding te construeren. Het kernidee is om de exacte hoeveelheid
werk te bepalen die nodig is om een draadloze verbinding met de vereiste
kwaliteit te verkrijgen bij een gegeven draadloos medium. Het punt is om
effectief te handelen, om alleen datgene te doen wat werkelijk nodig is. Meer
doen betekent verspilling van middelen, minder doen betekent dat de vereiste
kwaliteit van de draadloze verbinding niet bereikt kan worden. Deze infor-
matie over de vereiste hoeveelheid werk die nodig is voor de huidige om-
standigheden wordt gebruikt door een regelsysteem om de ontvanger aan te
passen zodat deze werkt met een minimaal energie verbruik.

Het raamwerk wordt gëıllustreerd aan de hand van een voorbeeld van een
UMTS verbinding wat tot in detail is uitgewerkt. Voor dit voorbeeld is een
simulatieomgeving gebouwd, die de goede werking van de voorgestelde meth-
oden demonstreert en laat zien dat aanzienlijke besparingen kunnen worden
bereikt door het toepassen van deze methoden. Een tweede voorbeeld, dat
een compleet andere technologie gebruikt voor het oversturen van de data,
HiperLAN/2, wordt ook uitgewerkt. Het is aangetoond dat de voorgestelde
methoden ook op dit voorbeeld toegepast kunnen worden.

Geleverde bijdrages op verschillende vakgebieden zijn:

Ten eerste, er is een algoritme ontwikkeld dat een goede indicatie van de
kwaliteit van het medium levert op basis van een statistische analyse van de
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ontvangen symbolen, zonder het versturen van extra informatie of kennis van
de omgeving. Simulaties laten zien dat de gemiddelde fout in de schatting
beneden de twee procent ligt met slechts een kleine variantie. Simulaties die
door Ericsson Eurolab zijn uitgevoerd laten dezelfde resultaten zijn met een
model van een draadloos kanaal dat door Ericsson een ’realistisch’ kanaal
model wordt genoemd (dus er is niet alleen een AWGN kanaal gebruikt).

Ten tweede, fout corrigerende codes worden op onconventionele wijze
toegepast om de kwaliteit van een slecht signaal te verbeteren naar een goed
signaal, in plaats van de gebruikelijke verbetering van een goed signaal naar
een perfect signaal. Dit kan leiden tot een substantiele verlaging van de en-
ergie consumptie van de receiver, omdat de receiver een signaal van lagere
kwaliteit kan afleveren en daarom minder hoeft te rekenen.

Ten derde, het proefschrift laat zien hoe een globale optimalisatie bereikt
kan worden (voor de kwaliteit als wel de energie consumptie) door het naad-
loos combineren van functies die normaal verdeeld zijn over verschillende
lagen van de OSI netwerk protocol stack.

Ten vierde, een UMTS simulatie omgeving is geconstrueerd, die erg nuttig
was voor het uitvoeren van onze experimenten.

Ten vijfde, een regelsysteem is gebouwd dat de verkregen informatie en
voorgesteld methoden gebruikt om een adaptief systeem te bouwen. Dit
regelsysteem is gëımplementeerd in de UMTS simulatie omgeving. Door deze
implementatie konden we de juiste werking verifiëren en het profijt aantonen
van het gebruik van dit regelsysteem.

Ten zesde, het voordeel van aanpassingen op run-time wordt aangegeven
versus een statische configuratie zoals die meestal wordt gebruikt en die is
geoptimaliseerd voor de meest slechte omstandigheden. Verschillende sce-
nario’s zijn gesimuleerd om de verschillen met betrekking tot zowel de kwaliteit
als de energie consumptie voor verschillende configuraties te laten zien (statisch
alsmede dynamisch aangepaste configuraties).
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Chapter 1

Introduction

The main focus of this thesis is the adaptation of a wireless connection to
the current environment at run-time to save energy while providing an ade-
quate quality of service. The research is performed within the context of the
Chameleon project. In this chapter we describe the broader context of this
thesis and the relation to other projects. First, we will introduce the concept
of personal mobile computing. Next, we will look back on the predecessor of
the Chameleon project, the Moby Dick project that also concerned mobile
computing. Several lessons can be learned from the Moby Dick project, so it
is a good starting point preventing reinventing the wheel again. Directly re-
lated to the Chameleon project is the Gecko project. We will not distinguish
between the projects because they are so tightly related to each other. The
Chameleon/Gecko projects propose adaptation of a mobile (also called re-
configuration) at all levels - from reconfigurable hardware to adaptive system
software and applications - to save energy and to adapt the system settings
to the current environment for a mobile. Several quite different motivations
exist to design a mobile that can adapt itself to the current environment.
Section 1.2 explains why such adaptation is useful. Section 1.3 discusses the
approach of the Chameleon/Gecko projects for the different levels of the ar-
chitecture, to give a broader picture of the context in which this research is
performed. Section 1.4 explains the approach to operate in an energy-efficient
way. We will use a concrete case to demonstrate the approach of the thesis,
which is shortly explained in Section 1.5. Section 1.5 describes the meaning
of quality of service (QoS) in a wireless context. In an adaptive protocol
different trade-offs can be made to select an optimal set of parameters. Sec-
tion 1.6 describes such trade-offs for different layers in the OSI protocol stack.
Section 1.7 describes the problems that arise when optimization is performed
on a layer by layer basis. Our proposed solution is a cross-layer optimization,
which is described in Section 1.8. Section 1.9 describes related work and the

1
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differences between this thesis and the mentioned related work. Section 1.10
gives a more detailed description of the problem considered within this the-
sis. Section 1.11 describes the scope of the thesis. Section 1.12 summarizes
the contributions of this thesis. The last section provides an overview of the
structure of the thesis.

1.1 Personal Mobile Computing

We are currently experiencing an explosive growth in the use of handheld mo-
bile devices, such as cell phones, personal digital assistants (PDAs), digital
cameras, global positioning systems, and so forth. Advances in technology
enable portable computers to be equipped with wireless interfaces, allowing
networked communication even while on the move. Personal mobile comput-
ing (often also referred to as ubiquitous computing) will play a significant role
in driving technology in the next decade. In this paradigm, the basic personal
computing and communication device will be an integrated, battery-operated
device, small enough to carry along all the time. This device will be used
as a replacement of many items the modern human being carries around. It
will incorporate functions like pager, cellular phone, laptop computer, diary,
digital camera, positioning devices, broadcast radio receiver, music players,
video game, calculator and remote control. To enable this, the device has
to be very flexible and will have to support multimedia tasks like speech
recognition, video and audio processing. Whereas today’s notebook com-
puters and personal digital assistants (PDAs) are self contained, tomorrow’s
networked mobile computers are part of a wider computing infrastructure.
Furthermore, consumers of these devices are demanding ever-more sophis-
ticated features, which in turn require tremendous amounts of additional
resources. The technological challenges to establishing this paradigm of per-
sonal mobile computing are non-trivial. In particular, these devices have
limited battery resources, must handle diverse data types, and must operate
in environments that are insecure, unplanned, and show different character-
istics over time [35].

The European project “Moby Dick” (Esprit Long Term Research 20422)
investigated the system architecture of mobile computers, reconfigurable
computing, energy-efficient multimedia communication and QoS over wire-
less access networks. The most important lessons learned from the Moby
Dick project [66] are:

• Energy-efficiency is a crucial design parameter in the architecture of a
mobile multimedia system.
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The increasing demands for performance and integration of computer
systems will be accompanied by increasing levels of energy consump-
tion. The requirement of portability of hand-held multimedia com-
puters and portable devices places severe restrictions on size and en-
ergy consumption. Without significant energy reduction techniques
and energy saving architectures, battery life constraints will limit the
capabilities of these machines. More extensive and continuous use of
network services will only aggravate this problem since communication
consumes relatively much energy.

• Apply a system-wide layer integration/co-operation.
The key to energy efficiency will be achieved by an integrated design
approach of all layers of the system, its system architecture, its operat-
ing system, and all the network layers. Co-operation or integration of
the various layers significantly improves energy efficiency of the system
because it reduces wasteful operations and data streams retain a high
locality of reference. For example, more compression leads to less data
to transmit, so it sounds attractive to save energy. However, it may
also lead to more incorrectly received data because compressed data
is more sensitive for errors so that more retransmissions are necessary.
These retransmission may nullify the gain obtained by the compression
of the data. Or, in the worst case, it might be contra-productive.

• Use a Quality of Service framework.
The research of the Moby Dick project and in particular in the design
of the system architecture, the switching network, and the wireless
network design, have demonstrated that Quality of Service is not only
important to provide an adequate level of service for a user, but can
also be used as a tool to achieve an energy-efficient system. Users and
applications request a certain QoS level. The system then operates in
such a way that it will try to satisfy these requirements, but never gives
more quality than required and necessary. As the mobiles must remain
usable in a wide variety of environments, they must be flexible enough
to accommodate a variety of multimedia services and communication
capabilities and adapt to various operating conditions in an (energy)
efficient way.

• Communication is more important and has more influence than com-
putation.
The Moby Dick project concentrated on the communication channels
(both internal in the system and the wireless network) rather than the
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computational elements, since the relative contribution of communica-
tion channels to the costs of the total system is increasing rapidly, and
communication has a significant influence on both the energy-efficiency
and the Quality of Service. A general theme in the approach of the
Moby Dick project was to reduce the amount of communication and
avoid ’useless’ and inefficient computation, which consequently reduces
energy dissipation and increases the performance of the system.

1.2 Adaptive Systems

There are several reasons that lead to a system architecture that adapts on
hardware level as well as on software level.

Firstly, a key challenge of mobile computing is that many attributes of
the environment vary dynamically. Mobile devices operate in a dynamically
changing environment and must be able to adapt to a new environment.
For example, a mobile computer will have to deal with unpredictable net-
work outage or should be able to switch to a different network, without
changing the application. Therefore it should have the flexibility to handle
a variety of multimedia and communication standards (like different media
decompression schemes and error correction mechanisms) and the adaptabil-
ity to accommodate to the nomadic environment, required level of security,
and available resources. Mobile devices need to be able to operate in envi-
ronments that can change drastically in short term as well as long term in
available resources and available services. While short-term variations can
be handled by adaptive communication protocols that vary their parameters
according to the current condition, more long-term variations generally re-
quire a much larger degree of adaptation. They might require another air
interface, other network protocols, and so forth. A software defined radio
that allows flexible and programmable transceiver operations is expected to
be a key technology for wireless communication. Adaptive systems have the
potential to operate efficiently in these dynamic environments.

Secondly, standards evolve quickly. For example, it took years before the
standard for Universal Mobile Telecommunications System (UMTS) became
stable. Waiting for the final standard before starting to make an implementa-
tion of mobiles for UMTS is not possible because it leads to a delayed market
introduction which can be fatal for a company. Other standards, such as the
mp3 file format, evolve during their lifetime. This means that future systems
have to have the flexibility and adaptability to adapt to slight changes in the
standards.

Thirdly, although systems with adaptable (reconfigurable) hardware are
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known to be less efficient compared to ASIC implementations they can have
considerable energy benefits. For example: depending on the distance be-
tween the receiver and transmitter or cell occupation more or less processing
power is needed. When the system can adapt - at run-time - to the environ-
ment significant power-saving can be obtained.

Fourthly, new emerging multimedia standards such as JPEG2000 and
MPEG-4 have many adaptability features. E.g. depending on the quality
of the wireless channel, error resilience options can be used in JPEG2000 or
MPEG-4. This implies that the architectures of wireless terminals have to
support the adaptability needed for these new standards.

1.3 The Reconfigurable Approach

Based on the experiences of Moby Dick two new projects, Chameleon and
Gecko [14], have started in 2000 and 2002 respectively. The projects focus
exactly on the areas that turned out to be essential for mobile computing
found in the Moby Dick project. The projects emphasis energy-efficiency by
applying adaptability on all levels (from reconfigurable hardware to adaptive
applications), system-wide integration and optimization, and stressing the
importance of communication and Quality of Service. Both project names
refer to reptiles, which can quickly adapt their appearance to the current
external environment.

We start with giving a short overview of the work performed in these
projects illustrated in Figure 1.1. First, the approach of the Chameleon/Gecko
project with regard to application and operation services is discussed. Next,
in the second section, the proposed reconfigurable hardware architecture is
discussed. Finally, in the last section, the flow from applications to the hard-
ware architecture is discussed.

1.3.1 Application and Operating System Services

The user of a mobile requires certain services (see top of Figure 1.1). There-
fore, the starting point are applications and supporting system services (such
as the network protocol stack) to be executed. The first step is to determine
how these applications and services can be executed with minimal effort,
while still providing the requested quality of service. This selection depends
on several issues, such as the current state of the environment, the current
state of the battery, the applications and services already running, etc. The
reason behind this is effectiveness; to perform only the work that is absolutely
necessary to fulfill the requested task. The architecture can be very efficient,
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but doing useless work is a waste of effort, irrespective of the efficiency of
the execution. Therefore, a careful trade-off between different possibilities is
made and the most effective one is chosen. This thesis deals with adaptability
at this level. This is explained in more detail in Section 1.4 and 1.10.

1.3.2 The Hardware Architecture

In the Chameleon project the projected hardware architecture is a hetero-
geneous reconfigurable System-On-a-Chip (SOC). This SOC contains a mix
of general-purpose processor (e.g. ARM core) parts, bit-level reconfigurable
parts (e.g. FPGA) and several word-level reconfigurable parts (e.g. Montium
tiles), see the bottom of Figure 1.1.

We believe that in future 3G/4G terminals heterogeneous architectures
are needed. The main reason is that the efficiency (in terms of performance or
energy) of the system can be improved significantly by mapping application
tasks (or kernels) onto the most suitable processing entity.

While general-purpose processors and conventional system architectures
can be programmed to perform virtually any computational task, they have
to pay for this flexibility with a high energy consumption and significant
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overhead of fetching, decoding and executing a stream of instructions on
complex general-purpose data paths. The energy overhead for making the
architecture programmable most often dominates the energy dissipation of
the intended computation. However, general-purpose processors are very
good in control type of applications; e.g. applications with frequent control
constructs (if-then-else or while loops).

Today, Field Programmable Gate Arrays (FPGAs) are the common de-
vices for reconfigurable computing. FPGAs present the abstraction of gate
arrays, allowing developers to manipulate flip-flops, small amounts of mem-
ory, and logic gates. FPGAs are particularly useful for applications with
bit-level operations. Typical examples are PNcode generation and turbo
encoding.

The Montium However, many DSP-like algorithms (like FIR and FFT)
used in wireless communication interfaces call for a word-level (reconfig-
urable) datapath.

In the Chameleon project we have defined a word-level reconfigurable
datapath, the Montium (former called Field-Programmable Function Array
(FPFA)) [38, 37]. Within a tile multiple data streams can be processed in
parallel in a VLIW manner. Multiple processes can coexist in parallel on
different tiles. Each processor tile contains five reconfigurable ALUs, 10 lo-
cal memories, a control unit and a communication unit. Figure 1.2 shows a
Montium tile with the five ALUs. Each Montium can execute a fine grain
computational intensive process. We call the inner loops of a computation,
where most time is spent during execution, computational kernels. A com-
putational kernel can be mapped onto a Montium tile and interfaces with
the less frequently executed sections of the algorithm that may run on the
general-purpose processor. Montiums have resemblance to FPGAs, but have
a matrix of word-level reconfigurable units (e.g. ALUs and look up tables) in-
stead of Configurable Logic Blocks (CLBs). Basically the Montium is a low
power, reconfigurable accelerator for an application specific domain. Low
power is mainly achieved by exploiting locality of reference. High perfor-
mance is obtained by exploiting parallelism. The ALUs on a processor tile
are tightly interconnected and are designed to execute the (highly regular)
inner loops of an application domain. ALUs on the same tile share a control
unit and a communication unit. The ALUs use the locality of reference prin-
ciple extensively: an ALU loads its operands from neighboring ALU outputs,
or from (input) values stored in look up tables or local registers. Each mem-
ory has 512 l6-bit entries. A crossbar-switch allows flexible routing between
the ALUs, registers and memories. The ALUs are relatively complex (see
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Figure 1.2: Montium Tile with Five ALUs

Figure 1.3), for instance the 5 ALUs can perform a multiply-add operation,
a complex multiplication or a butterfly operation for a complex FFT in one
cycle.

1.3.3 Tooling

Standard tools can not be used to map applications to the proposed hetero-
geneous architecture. The following design methodology is used within the
Chameleon/Gecko projects. Applications and/or system services are mod-
eled as a set of communicate processes via channels as shown in the middle
of Figure 1.1. A Kahn based process graph model is used [43, 44], which
abstracts system functionality into a set of processes represented as nodes in

Figure 1.3: Structure of One ALU of the Montium
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a graph, and represents functional dependencies among processes (channels)
with graph edges. Each process has one or more implementations that are
stored in a library. For example, a process may have different implementa-
tions for different target architectures such as an ARM, an FPGA or our own
Montium reconfigurable architecture. The communication through channels
abstract from the actual used implementation. Parts of an application can
be executed in hardware and parts in software. The processes do not need
to know the actual implementation that is running at the other side of the
channel. The idea behind this approach is that depending on the current
situation, the most suitable implementation can be chosen at run-time.

Standard tools (such as compilers and synthesizers) can be used to make
an implementation of a process for a general purpose processor or FPGA, but
not for the parallel word-level architecture with Montium tiles. Defining a
hardware architecture without providing the accompanying tools to program
it is a waste of effort. Therefore, we develop a tool that can map C programs
in two steps to the Montium architecture. The first step maps the C program
to a so-called control data flow graph (CDFG) [60]. The main task of this
step is to identify the parallelism in a sequential C program. In the second
step, this CDFG is allocated and scheduled to our architecture of Montium
tiles [30]. The architecture of a Montium can also be expressed as a CDFG.
The scheduling searches for an optimal partitioning of the CDFG of the
algorithm so that all the partitions fit to (a subset of) the CDFG of the
Montium.

1.4 Effective & Efficient

The Chameleon/Gecko projects solve the energy-efficient execution of appli-
cations in two stages as depicted in Figure 1.1:

1. Minimize the amount of effort to perform a certain task (Be effective):

An effective wireless link is obtained by minimizing the amount of effort
that is needed to provide the requested Quality of Service (QoS). This
minimization needs to be performed at run-time because of the con-
tinuously changing environment. The optimization is a functional one,
independent of the underlying architecture or technology. The only re-
quirement is that the underlying architecture can exploit the achieved
reduction in effort by saving energy, e.g. by switching off computing
parts that are not in use, by reconfiguration, by use of clock gating, by
lowering the supply voltage, etc.
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2. Execute the work that results from the first step as efficient as possible
(Be efficient)

The second step is part of the Chameleon/Gecko projects, but outside the
scope of this thesis. This thesis focuses on the first step (effectiveness).

1.5 Wireless Communication and QoS

Rapidly, the world is getting more and more connected. Internet plays a
prominent role in this trend. Furthermore, people are becoming more and
more mobile using mobile equipment such as mobile phones, laptops and
personal digital assistants. For example, GSM had 863 million subscribers
worldwide [29] in May 2003. The GSM association forecasts that the number
of GSM subscribers will exceed the 1 billion in 2004 [29]. The combination
of both trends results in a huge demand for wireless communication.

To verify our approach, we decided to implement an application that is
complex enough to discover the problems in practice. In this thesis we fo-
cus on a wireless network interface because of several reasons. First, almost
every mobile has a wireless network interface, so it is an important applica-
tion/service. Second, the network interface consumes a considerable part of
the total energy budget of the mobile. More extensive and continuous use of
network services will aggravate this problem. Third, the wireless link demon-
strates clearly the dynamic environment in which a mobile should operate.
To deal with the dynamic variations in networking and computing resources
gracefully, both the mobile computing environment and the applications that
operate in such an environment need to adapt their behavior depending on
the available resources including the batteries.

Wireless communication has two quite different characteristics compared
to communication via fixed wires. First, the scarce energy resources of a
mobile require an energy-efficient operation. Second, the dynamic environ-
ment of a mobile causes large quality variations of the transport medium and
requires a continuously monitoring of the quality of service of the wireless
link.

Unfortunately, no general definition of quality of service (QoS) is avail-
able. We define QoS as the content independent characteristics of the trans-
mitted data. With content we mean the information that the data represents,
e.g. an image or audio. Content independent means that the content of the
data does not change if the QoS changes. For example, while different reso-
lutions of an image gives different qualities of the image, the content of the
image remains the same. Note that the type of QoS parameters are content
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dependent. For example, the parameter resolution applies for images, but
not for audio. This is a broad definition of QoS, which includes:

• the perceived quality, e.g.:

– the resolution of an image
– the frame loss of video
– the delay of voice

• the cost, e.g.:

– energy cost
– cost in money

• the security

Most definitions of QoS mention only the perceived quality. However, there
is a direct relation between the perceived quality and for example the costs.
A mobile that runs twice as long with the same perceived quality has also a
better QoS.

1.5.1 Wireless Link Characteristics

As said before a wireless link is much less stable than a fixed link. The
environment of a wireless link changes over time. For example, a user with
a mobile terminal can walk around the corner and the transmission path
between mobile and base station may become much worse or just better.
This means that the environment may be also very dynamic within a short
time. A lot of different factors influence the quality of the wireless link. Some
factors are technology dependent, while other factors are determined by the
environment. For example, factors that influence the quality of a wide band
code division multiple access link are (in no particular order):

• signal-to-noise ratio
• spreading factor
• oversampling rate at receiver
• modulation type
• number of paths (reflections) with per path:

– phase shift
– amplitude
– delay

• chip rate
• speed and direction (Doppler effect)
• number of finger of the receiver

11



CHAPTER 1. INTRODUCTION

• interference between:

– symbols of different paths of the same user
– symbols of other simultaneously transmitting users
– symbols of different channels

• accuracy of:

– channel estimation
– tracking

• quantization

This list is incomplete and more factors apply. Therefore, the quality of
a wireless link can not be modeled in an analytical way easily. An additional
problem is the unpredictable variation over time. To provide an adequate
QoS, the system must adapt to the current status of the wireless link. The
energy-efficiency requirement implies that the “control system” that selects
the optimal set of parameters at run-time must be simple to avoid unneces-
sary control overhead.

1.5.2 QoS: Mobile versus Fixed Environment

Due to the dynamic behavior of wireless networks, the notion of QoS in a
mobile environment differs considerably from the QoS in a fixed network. In
a fixed environment the goal is to provide hard QoS guarantees. To achieve
the agreed QoS, QoS managers in fixed networks make implicit assumptions
about the underlying network. In particular, they assume that the network
offers a relatively stable environment in terms of reliability, connectivity,
available throughput, delay and jitter [9]. In contrast to fixed networks, the
characteristics of a wireless connection vary over time. E.g. throughput and
reliability may differ significantly. Therefore, QoS management in mobile
systems means the ability to adapt to such changes over time to provide the
best possible QoS for the current situation, rather than trying to provide
hard guarantees of QoS [13]. These hard guarantees can not be given due to
the unpredictable behavior of the wireless link in time.

1.5.3 QoS Parameters

Each application has specific QoS parameters for the perceived quality of its
content (e.g. audio, video, images). For example, the quality of an image
is determined by its resolution, color depth and the compression factor, etc.
The quality of a video stream is not only determined by the parameters of
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an image, but also by the frame rate and jitter. Sample rate and bits per
sample are important QoS parameters for audio streams.

These content dependent parameters of the perceived quality depend
heavily on the characteristics of the application. After selection of the de-
sired values of these QoS parameters for the data, the data is coded by the
application into a bit stream. For example, with an JPEG encoder, a mp3
encoder, a speech encoder, etc. The content dependent QoS parameters of
the applications are mapped to a limited set of content independent quality
of service parameters of the bit stream, including reliability, delay, bandwidth
and jitter. Note that different applications may generate bit streams with
different QoS requirements. The content independent quality of service pa-
rameters of the bit stream are determined by the content dependent quality
of service parameters. Two main categories can be discriminated: reliability
and time aspects. Reliability means the bit error rate or frame error rate.
Time aspects are:

• bandwidth - the number of bits per second

• delay - time taken for a bit or frame to be transmitted

• jitter - variation in delay or response time

The way bits are transmitted is specified in a protocol, which is mostly
constructed along the seven layers OSI model. The right part of Figure 1.4
illustrates this.

1.6 Trade-offs between Protocol Settings

Different parameters on different layers of the network protocol can be varied,
which influences the quality and the costs. An extensive survey of energy-
efficient network protocols for wireless networks can be found in [42]. Fig-
ure 1.4 shows an overview of the different areas of energy-efficient research
for wireless networks, based on Figure 3 from [42]. The OSI layers 1 (phys-
ical layer) - 4 (transport layer) concern the transport of information. The
OSI layers 5 (session layer) - 7 (application layer) concern the interpretation
and representation of this information to applications and/or users. Energy
efficient communication involves especially the layers 1-4, because energy ef-
ficiency has a lot to do with effective and efficient movement of information.
We investigate the different energy-efficient areas of the layers 1-4 starting
from physical layer to the higher layers.
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Figure 1.4: Quality of Service and OSI Stack

Before that, we give first a short overview of the functionality of the
different layers that are of relevance for this thesis. There are numerous
books explaining the ins and outs of the OSI model (e.g. [34]).

The physical layer concerns the transfer of the data over the medium. For
wireless communication systems, it deals with Radio Frequency (RF) circuits,
base band filtering and modulation. The physical layer specifies how data
is transmitted. Therefore, it abstracts away the way of transmission for the
higher layers. The unit of data is bits.

The data link layer concerns error free media access for the network layer.
Data is transmitted without errors, but unreliable. Unreliable means that
there are no guarantees that frames are delivered in the sequence of trans-
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mission. To achieve this, the data link layer performs (forward) error control
and/or retransmission of frames. The data link layer transmits data in units
of frames. The unit of data of the physical layer are bits and the unit of data
of the network layer are datagrams. Therefore, the data link layer provides
segmentation and reassembling of datagrams into frames and frames into
bits. Furthermore, the data link layer provides flow control. The data link
layer is divided in two sub layers: the medium access control (MAC) layer
and the logical link control (LLC) layer.

The MAC layer coordinates access to a shared radio channel. Each device
has a unique MAC address that is assigned by the manufacturer of the device.
Each manufacturer possesses a unique assigned number range. This MAC
number is used for the physical addressing.

The LLC sub-layer establishes and maintains the data communication
link.

The network layer routes the packets (connection-oriented or connection-
less) through the network. It is responsible for determining the optimal path,
routing selection and rerouting. It deals with flow control, especially path
congestion. Further, it ensures that the packets are reassembled correctly.

The transport layer provides a reliable flow of packets between two nodes
in the network. The transport layer performs retransmission of packets. The
transport layer also segments large messages in datagrams.

1.6.1 Physical Layer

Much effort has been put in low-power hardware (for RF-circuits). Different
techniques are used, such as dynamic voltage scaling [57] and various oper-
ating modes for the radio (off, sleep, idle, active). Low-power hardware con-
cerns especially efficient transmission. Bits are transmitted with the lowest
possible energy consumption. This is a necessary base for achieving efficient
communication. However, additional issues should be regarded as: how to
minimize the amount of bits that should be transmitted and how to make
trade-off between different forward error correction schemes and so on. This
concerns effective communication: minimize the amount of work.

The first step is to minimize the amount of work. The second step is to
perform this amount of work as efficiently as possible. This thesis focuses on
the first step: mimimizing the amount of work to be as effective as possible.

1.6.1.1 Modulation

Different modulation schemes are possible. Most standards use one modu-
lation scheme. For example, the first versions of the UMTS standard use
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Quadrature Phase Shift Keying (QPSK). Some wireless standards allow to
change the modulation scheme. For example, HiperLAN/2 may use BPSK,
QPSK, 16QAM or 64QAM. Dependent on the current link quality a suitable
modulation scheme can be selected. A higher modulation scheme transmits
more bits per symbol, so the throughput increases. However, the probability
that a bit is received incorrectly increases as well. This may decrease the
throughput and increase the latency because retransmits may be necessary.
So, a careful trade-off between throughput, reliability and delay should be
made to select the right modulation scheme. Information of multiple layers is
necessary to make the right decision. This example is covered in more detail
in Chapter 7.

1.6.1.2 Spreading

UMTS uses Wide-band Code Division Multiple Access (WCDMA) technol-
ogy for transmission. The WCDMA technology spreads bits to a wide fre-
quency band (this is explained in more detail in Section 2.3.1). The spreading
process converts a bit to a sequence of chips. The number of chips used is
called the spreading factor. A higher spreading factor ensures better resis-
tance against interference on the channel. In UMTS, the spreading factor
may be varied between 4 and 512, while the chip rate remains the same.
Therefore, a change of the spreading factor has consequences for the through-
put. A higher spreading factor means more reliable data transfer, but lower
throughput. It may be possible that it is better (i.e. more energy-effective)
to maintain a lower spreading factor with consequently less reliability and a
high throughput and to retransmit the packets that are received incorrect.
On the other hand, the application might not tolerate the additional latency,
which occurs every now and then. Or maybe the best combination is to lower
the spreading factor and to increase the rate of the forward error decoder.
Clearly, if such additional information of other layers is known, the physical
layer can make a better decision for the spreading factor. Chapter 6 discusses
this example in detail.

1.6.1.3 Transmit Power

Power control is the mechanism to adapt the transmit power. The lower the
transmit power, the lower the energy consumption of the transmitter. How-
ever, the reliability decreases also because the signal-to-noise ratio decreases.
On the other hand, the higher the transmit power, the energy consumption
of the receiver may be lower because the signal-to-noise ratio becomes bet-
ter. However, if the transmit power increases, the signal-to-noise ratio of the
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neighbors decreases. Therefore, optimization of the transmit power should
be a cell wide optimization. A lot of research has been performed on the area
of power control. Most research focuses on capacity and quality issues. Rul-
nick [61] shows that changing the transmit power to exploit the fluctuations
in the interference can result in significant energy saving.

1.6.2 Data Link Layer

1.6.2.1 Medium Access Control Sub-layer

To achieve an energy-efficient MAC protocol three main principles are used [36].

First, packets that are ready to be transmitted are buffered and then
send in a burst. Therefore, the number of transitions between sleep, idle and
active (send/transmit) mode are minimized. These transitions take time and
energy and therefore energy is saved by minimizing the number of transitions.

Second, avoid collisions of packets and the resulting retransmission by
means of central scheduling. Some protocols are based on collision sense mul-
tiple access/collision avoidance (CSMA/CA). For example, the IEEE 802.11
protocol for wireless LANs. This CSMA/CA technique is not energy-efficient,
because retransmits may occur due to collisions of two entities, which send si-
multaneously. A central scheduling mechanisms managed by the base station
can prevent these collisions by assignment of transmit time slots to individ-
ual entities. In fact, this approach encapsulates the CSMA/CA layer with
an additional TDMA layer. Note that not all collisions can be prevented.
New nodes that show up can still cause collisions.

Third, synchronize the transmissions. If a terminal exactly knows when it
can expect data, the radio wakes up just in time to receive the data and can
be set in sleep mode between these moments. This prevents that the radio
has to be in the ’active’ state continuously to listen whether some packet is
transmitted for this specific terminal or not. This synchronization principle
is also used in paging systems [50].

Of course, the different approaches can be combined. For example, in [65]
a reservation-based protocol for appropriate scheduling of the request from
mobiles is described.

1.6.2.2 Logical Link Control Sub-layer

An important task of the logical link control layer is error correction. Two dif-
ferent kind of error correction methods are: automatic repeat request (ARQ)
and forward error correction (FEC). ARQ means automatically retransmis-
sion of a packet that is received incorrectly. A FEC encoder adds redundancy
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to the transmitted data. With this redundant information the FEC decoder
is able to correct the errors in the received packet when not too many errors
have shown up. Adding redundant information increases the amount of data.
Therefore, transmission becomes more expensive. However, the number of
retransmission can be limited because the FEC decoder can correct (a part
of) the incorrectly received frames. Therefore, a careful trade-off must be
made how much redundancy is needed. The amount of redundancy depends
on the channel. If the channel is bad, more redundancy is needed compared
to a good channel. Because of the dynamic nature of a wireless channel,
this trade-off should be made continuously at run-time. In [47] an adaptive
error control that is a combination of FEC and ARQ, which minimizes the
energy consumption at run-time is given. Chapter 2.3 as well as Chapter 7
present an detailed analysis of these trade-offs at run-time for UMTS and
HiperLAN/2 respectively.

In addition to these error control adaptations, a scheduler in the base
station can also adapt its traffic scheduling to the quality of the channel [36].
The scheduler can try to avoid periods of bad error conditions by not schedul-
ing traffic during these periods.

1.6.3 Network Layer

The network layer takes care of routing packets in the network. Energy
efficiency aspects in this layer are mainly studied in the context of ad-hoc
networks. As we focus on point-to-point connections, we will not study the
network layer.

1.6.4 Transport Layer

The transport layer provides a reliable end-to-end data transport, indepen-
dent of the underlying physical network. One of the currently most used
transport protocols is the Transmission Control Protocol [56] (TCP). This
protocol has been designed for fixed networks. Although TCP is very effi-
cient on these networks, the performance for wireless networks in terms of
throughput and delay can degrade significantly [11]. In case of a bad channel,
TCP may overreact to packet losses, mistaking them for congestion. TCP re-
sponds to all losses by invoking congestion control and avoidance algorithms.
The energy efficiency of TCP can be improved in several ways, including
selective acknowledgements (SACK) [41, 51, 26], optimized windows man-
agement, partial reliability [10] and compressed headers [40, 18, 12, 24]

The SACK scheme adds extra information to the acknowledgements (for
correct received packets) each time the standard positive cumulative acknowl-

18



1.6. TRADE-OFFS BETWEEN PROTOCOL SETTINGS

edgement scheme of TCP is lacking. The standard TCP scheme sends only
acknowledgements for packets, when the preceding packets have been re-
ceived. If packets are lost, successive correctly received packets will not be
acknowledged in the standard TCP scheme. The SACK scheme informs the
sender about these correctly received packets, so only the missing packets
are retransmitted by the sender. Therefore, the SACK scheme saves energy
by means of preventing needless retransmission of correctly received packets.
The overhead of the additional information in the SACK scheme is negligible.

The windows management of TCP is designed for channels with a low
packet loss rate. The window is the number of packets that the sender may
transmit without receiving an acknowledgement of the receiver. In case of
a bad channel, TCP mistreats packet losses as congestion. TCP responds
to all losses by invoking congestion control and avoidance algorithms. Every
packet loss is considered to be caused by congestion. For each packet loss
TCP will drastically reduce its transmission speed so experienced congestion
will quickly be cleared. For an RFC793 standard TCP running with window
w (where w is at most the bandwidth-delay product), a loss probability of p
degrades throughput by a factor of 1

1+2pw
[39]. E.g., a 1% damage loss rate on

an Arpanet path (8 packet window) degrades TCP throughput by 14%. This
behavior can be changed by a few adaptions of the windows management.
Four improvements for TCP windows management are described in [21].

First, immediate retransmission of lost packets. If the reception of packets
between the base station and mobile is out-of-order, then some packets are
lost. Instead of waiting for a time-out of the acknowledgement, which is the
solution in standard TCP, the receiver asks explicitly for a retransmit. This
decreases the delay. This increases the quality of service and decreases the
energy consumption, because the radio can be shut down earlier.

Second, reduction of transmission speed in case of burst errors. If the
channel is very bad, it is useless to try to transmit packets. In case of a
bad channel, most of the packets need retransmits, increasing the energy
consumption. Note that in case of a single sporadic error, it is better to
continue with the same transmission speed.

Third, introduction of a minimum window size to recuperate quickly after
a burst error. TCP windows management starts with a window length of 1
and increases the window length slowly over time if it detects no longer
congestion. However, if a bad channel was the cause of packet loss instead
of congestion, it makes no sense to start again with a windows length of 1.
Therefore, the throughput returns much faster to the throughput level that
was available before the burst error period. As a consequence, the total
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throughput is higher and the delay is lower resulting in a better quality of
service and a reduced energy consumption, because the radio can turned off
faster.

Fourth, introduction of a retransmission timer beside the already existing
transmission timer. With two timers, it is possible to detect burst errors on
the wireless channel sooner (for details see [21]). This extra timer increases
the responsiveness of the protocol to changes of the channel.

Fifth, partial reliability may increase the quality of service as well as the
energy efficiency of multimedia applications. Most multimedia applications
require a service with high throughput, low network delays, and low varia-
tions in these delays. In case of a small amount of data loss, retransmission
is undesirable. They cause the playback to stall and the retransmitted data
will already have ’expired’ on arrival. Furthermore, most streaming data can
withstand small amounts of data without a noticeable loss in quality. E.g.,
[27] shows that with an optimized JPEG coder, images can tolerate up to
10% data loss, before the quality of the images becomes effected noticeably.
With this observation, the partial reliable transport protocol [10] (PRTP)
was designed, which allows to set a lower limit on the reliability. When the
overall reliability does not drop below this limit, the receiver will not ask
for a retransmission, i.e. the receiver sends acknowledgements for incorrectly
received packets. Note that this kind of protocol is only usable for real-time
streaming multimedia traffic, because in this type of traffic data may be lost.
Studies on the effect of energy consumption [22] shows that the PRTP pro-
tocol also contributes to a significant reduction in the energy consumption.
The exact gain depends on the conditions of the channel and the lower bound
on the reliability.

Sixth, compressed headers reduce the header of a TCP packet. A standard
TCP header is 40 bytes long or up to 80 bytes if more options are used.
Note that too much header compression works contra-productive, because
the protocol becomes less robust due to lack of information. In [20] a trade-
off is made and a compressed header of 8 bytes is proposed. So, if the
standard packets are 1000 bytes long, the amount of data that have to be
transmitted is reduced by 3.2%.

1.7 Problems with Existing Approaches

Several approaches have been published to achieve an energy-efficient proto-
col that adapts to the dynamic environment. But these approaches have two
problems.

First, optimization is often performed local on single layers instead of a
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global optimization over different layers. An additional problem with this
approach is that no detailed information about the status of the wireless link
is available, especially for the higher layers.

Second, if a complete end-to-end optimization is made, the approaches
are sometimes application dependent. For example, they consider only the
transmission of video or images. For other types of data, these optimizations
may be useless or even contra-productive.

1.7.1 Layer Independent Decisions

In conventional systems, decision for parameter settings are made on a spe-
cific OSI layer without knowledge of the OSI layers below or above. Infor-
mation of other layers that may contribute to selection of the best values for
specific parameters is not included in the decision process. Relation between
parameters of different layers are not taken into account. It is even worse, op-
timizations on one layer may degrade the performance of another layer. For
example, reduction of the transmission power saves the energy consumption
per bit. However, the information received has a worse quality. Therefore,
the number of retransmission may increase. The gain achieved by using less
energy per bit may be nullified by the number of additional bits that have to
be retransmitted. In the worst case, decisions on different layers may have
contra-productive effects.

The decisions made on different layers are related because they all influ-
ence the total QoS. Therefore, it is better to perform a global optimization
over all the parameters, than making different local optimizations per OSI
layer. The modular approach of having independent different layers for differ-
ent functionality is good from the viewpoint of complexity and the possibility
to distribute the implementation of the protocol, but is not good from an
efficiency point of view. The disadvantage of the cross-layer approach is that
the optimization and protocol stack becomes more complex.

1.7.2 No Detailed Perception of Wireless Link Quality

To make the right decisions, the right information should be available. This
means that also on the higher layers of the protocol stack a detailed per-
ception of the wireless link quality should be available. In most current
approaches, this is not the case because this conflicts with the modular ap-
proach to abstract from the underlying layers.
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1.8 Our Cross-Layer Optimization Approach

Our starting point is an application independent bit stream. Application
dependent optimization requires knowledge of the application and can best
be performed by the application itself. E.g. images can be compressed with
JPEG2000 to remove the invisible parts of the image. Audio can be com-
pressed with mp3, to remove the inaudible parts of music.

Our goal is to transmit this application independent bit stream with the
minimal effort that is needed to provide the requested quality of service.
The minimal effort is achieved by selecting the set of parameters by a QoS
manager, that is optimal for the current environment. These selection is per-
formed at run-time because of the continuously changing environment. The
optimization is a functional one, independent of the underlying architecture
or technology. The only requirement is that less effort can be translated to
less energy consumption, e.g. by means of switching off computing elements.

The requested task is performed as effective as possible by means of a
global optimization of parameters of different network protocol stack layers
having detailed information about the quality of the wireless link. Of course
the resulting amount of work should be executed as efficient as possible (e.g.
by low-power hardware), but that is outside the scope of these thesis.

1.9 Related Work

This section discusses two examples of cross-layer optimization of the OSI
protocol stack and the differences with the work in this thesis.

1.9.1 Odysses

Odysses [53] is a platform for mobile data access. It provides mechanisms on
operating system level to support adaptive applications. Odysses provides
the state of the environment to applications and affects quality of service
changes. However, it is up to the applications to decide which quality of
service is desired, given the current state of the environment. One of the
design goals of Odysses was that it can be implemented with minimal changes
to existing applications.

Odysses measures the obtained bandwidth (expressed in bits) of the wire-
less link. This is the only metric used in Odysses for the current quality of the
wireless link. Odysses provides no details about the reasons of the current
quality. In our approach, we deliver detailed information about the current
quality and the possible trade-off between costs and quality to change the
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quality of the wireless link. In Odysses, applications can only adapt to the
current obtained quality; the quality of the wireless link is an unchangeable
fact. Odysses provides no possibilities to tune the radio or to change settings
in the underlying network protocol stack. In our approach, all these different
settings are related to each other and the user can make it’s own trade-off. He
or she can choose for a link with higher quality resulting in a better QoS for
the application and higher (energy) cost or the other way around. Odysses
provides support for adaptive applications, but Odysses itself provides no
adaptability for the network protocol stack and radio.

1.9.2 Wireless Image Transmission System

In [4] a total system energy minimization for wireless image transmission is
discussed. The system uses a ‘set partitioning in hierarchical trees (SPIHT)’
encoder [62] to compress an image. Next, a Reed Solomon encoder adds
redundancy for forward error correction. The images are transmitted over
an IMT-2000 channel, which is based on CDMA technology. The system
optimizes five parameters to achieve minimal energy consumption within the
given quality of service constraint. The peak signal noise ratio (PSNR) of
the image is used as a metric for the quality of service. The PSNR is the
mean of the summed squared difference between the pixels of the original
and the resulting image. The five adaptable parameters are:

• On the transmitter side:

– rate of the encoder, which expresses the number of bits per pixel.

– Reed Solomon encoder: maximum number of correctable symbols
per block.

– power of the amplifier of the transmitter

• On the receiver side:

– number of RAKE fingers of the receiver

– Reed Solomon decoder: maximum number of correctable symbols
per block.

Note that the parameters for the Reed-Solomon should be the same for the
encoder and the decoder. Therefore, the configuration space limits to four
parameters.

A real-delay gate-level simulator is used to obtain the absolute energy
costs for the different components. The performance is expressed as a func-
tion of the signal to noise ratio. Due to the large number of possibilities, the
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optimization algorithm that selects the optimal set of parameters updates
with one possibility at a time instead of a global optimization.

At first glance, the approach of this thesis looks very similar to the work
in [4], but it differs significantly. We mention a number of striking differences.

First, the method from [4] assumes that the performance of the channel is
known. However, in reality the performance of a wireless channel is unknown.
In our work, one of the significant results is precisely that we can measure
the performance of an unknown channel.

Second, a slow fading channel is assumed. However, in reality the channel
may also be fast fading. The system should be able to adapt to a fast fading
channel.

Third, one of the most important parameters for a CDMA based system,
the spreading factor is not taken into account. The spreading factor has
a major impact on quality as well as costs. In our system, this parameter
is studied thoroughly. The behavior of the spreading factor as a result a
changing channel is theoretically explained and simple guidelines directly
usable in practice.

Fourth, the system presented in [4] focuses on image transmission. More
specifically, it assumes that transmitted block may contain errors. This as-
sumption is only valid for a very limited amount of applications. In our
approach, we support different kind of data.

Fifth, the system presented in [4] does not support retransmission of
frames. However, it may be much better in terms of energy performance to
lower the performance and to retransmit some packets every now and then
when necessary. Our system supports this trade-off.

Sixth, in [4] it is assumed that the transmitter can optimize the transmit
power for the point to point link. However, in a CDMA system power control
should be optimized globally over the cell. The reason for this is that if one of
the users changes the transmit power, this results also in a different channel
quality for the remaining user. Therefore, we do not involve the transmit
power into our control system.

1.9.3 Conclusion

Most research in the area of (wireless) communication concerns the perfor-
mance of networks. Research for energy-efficient energy mostly focuses on
one specific layer of the OSI protocol stack. Although the division in OSI
layers provides a nice modular approach to develop protocols, our claim is
that a cross-layer optimization potentially leads to better communication
protocols with regard to energy efficiency because a global optimization can
be performed instead of multiple local optimizations per layer.

24



1.10. PROBLEM STATEMENT

1.10 Problem Statement

This thesis focuses on effective wireless communication. In other words, de-
liver a wireless connection with an adequate quality of service, while minimiz-
ing the energy consumption at run-time. So, we try to achieve the minimum
amount of effort to fulfill the task. The accompanying next step, an efficient
execution of this task is also solved within the Chameleon/Gecko project,
but outside the scope of this thesis. Effective means doing only that amount
of work that is necessary to complete the tasks with a requested quality of
service. In traditional systems, most applications are designed for a worst-
case scenario and waste energy in not worst case situations by doing more
work than is strictly needed. To save energy, applications have to adapt to
the environment of the mobile to do just enough work to satisfy the quality
constraints. This is crucial for a mobile because the environment of the mo-
bile has a dynamic nature, and the changes are unpredictable on beforehand.
Therefore, the applications have to adapt to their environment at run-time,
instead of making choices at design-time by a designer.

Our goal is to investigate how to make a trade-off between quality of ser-
vice and energy consumption at run-time. A control system can use these
trade-offs to select the optimal parameters to minimize the energy consump-
tion of the whole system while satisfying certain quality constraints at run-
time. The control system has to be ’light weighted’ in terms of processing
power to avoid that controlling the decision consumes more energy than the
energy consumption saved by the control system. Hence, computational in-
tensive optimization methods, like genetic algorithms or simulated annealing
are not usable.

Our claim that it is possible to save a substantial amount of energy
through adaptation to the environment at run-time, will be illustrated with
a concrete case that is worked out in detail. This concerns the cross-layer
adaptation of a wireless UMTS broad-band link. In network OSI layer terms,
adaptations are performed at physical level, at link level, at transport level
and at application level. Furthermore, we show that the used approach is
easily extended to other wireless technologies, such as IEEE 802.11a and
HiperLAN/2.

1.11 Scope of the Thesis

This thesis describes a global functional optimization of the components of
a mobile wireless receiver, touching a lot of different subjects such as (see
Chapter 2):

25



CHAPTER 1. INTRODUCTION

• rake receivers
• wide-band code division multiple access
• wireless channels models
• Turbo coders
• Viterbi coders
• Quality of Service
• energy costs of hardware implementations
• control systems
• optimization issues

All the different subjects (and in most cases parts of it) are worth a PhD.
thesis on its own. A lot of different thesis are indeed already available on these
subjects. It is impossible neither the intention to cover all these subjects in
depth. To understand the work performed, the basis principles of the subjects
are explained, in sufficient detail to understand this thesis. For example, it
is explicit not the goal to come up with the best turbo decoding algorithm.
Also it is not the intention to make comparisons between all the different
components and implementations that are available at this moment. The
goal of this thesis is to show how the different components can be combined
to build a terminal that adapts itself at run-time to the current environment
to operate in an efficient manner. To make it more concrete, a specific case
has been defined, but it is important to realize that the case is not the goal
but just a case to show the principles.

1.12 Contributions of the Thesis

Contributions of this thesis are made in different areas:

First, an algorithm is developed that provides an accurate indication of
the quality of the medium (estimation of the BER) based on statistical anal-
ysis of the received symbols, without transmission of additional information
or knowledge of the environment. Simulations show that the mean error of
the estimation is below 2%, with only a small variance. Simulations per-
formed at Ericsson Eurolab shows the same results for a channel model that
Ericsson calls a ’realistic’ channel model (so, not only an AWGN channel
model is used).

Second, forward error decoders are used in an unconventional way to im-
prove a signal from bad to good quality, instead of the usual improvement
from a good signal to a perfect signal. This may lead to a substantial reduc-
tion in the energy consumption of the receiver because sometimes a lower
quality of the signal of the output of the receiver is required.
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Third, the thesis shows how a global optimization (for QoS as well as
energy consumption) can be achieved by using a cross-layer approach that
ensures a seamless integration of the functionality that is usually separated
in different layers.

Fourth, a UMTS simulation environment has been constructed, to study
the behavior of a wireless link and the effects of a run-time adapted receiver
and to validate our approach.

Fifth, a control system has been build that uses the acquired information
and proposed methods to make an adaptive system. This control system
has been implemented in the UMTS simulation environment. Because of
this implementation, we could verify the proper working and the benefits of
using a control system.

Sixth, the benefit of adaptation at run-time is compared against an usual
used static configuration that is optimized for worst case circumstances. Dif-
ferent scenarios have been simulated to show the differences with regard to
QoS and energy consumption for different configurations (static as well as
dynamic adapted configurations).

1.13 Structure of the Thesis

During the research we used a bottom-up method. The structure of the thesis
is organized in the same way: bottom-up. A concrete case is taken as starting
point. Chapter 2 describes the parts of the Physical layer and Data link layer
of UMTS, to understand this UMTS case. Chapter 3 gives a short overview
of the simulation environment that we developed to investigate the possible
trade-offs and the consequences of these trade-offs with regard to the QoS and
the energy consumption. We used this simulation environment to implement
our control system to demonstrate the achieved savings and to verify the
proper working. We developed a method to measure the quality of a wireless
link, in terms of BER rate. Chapter 4 described this BER estimation method.
This metric of quality is extensively used by our control system. Chapter 5
gives a sensitivity analyses of the BER estimation method described in the
previous chapter. Chapter 6 presents the results of the simulations we did
with the simulation environment that is described in Chapter 3. Furthermore,
the control system is described which uses the BER estimation method of
Chapter 4 and the results extracted from our simulations that were described
in the beginning of this chapter. Furthermore, the results of the control
system are described by a number of scenarios that described the behavior
of the external environment. The results for the adapted receiver (adapted
by the control system) are compared with a receiver with static settings.
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Furthermore, an analyses of the overhead of the control system is made.
Chapter 7 describes a second example, a HiperLAN/2 or IEEE 802.11a link.
We show that the methods used for the UMTS case can be used for the
HiperLAN/2 link case as well with only minor changes. Chapter 8 describes
a general framework, which is derived from these two examples. Chapter 9
gives the conclusions and suggestions for future work.
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Chapter 2

UMTS - Physical Layer and
Data Link Layer

This chapter explains some prerequisite knowledge about UMTS.
It explains the basic principle of Wideband Code Division Multi-
ple Access (WCDMA) and a RAKE receiver used in a WCDMA
system. Furthermore, the basic principles of two block forward
error correction (FEC) coding techniques are explained. These
two FEC coding techniques are convolutional coding and turbo
coding, both used in UMTS. Finally, the most relevant (in our
context) parameters of UMTS are identified.

2.1 Introduction

The most commonly used cellular phone technology for wireless access over
a longer distance is GSM (Global System for Mobile communication). This
technology is often referred to as second generation technology, the prede-
cessor analog technology is referred to as the first generation. While GSM is
adequate for voice, there are limitations for other services. For example, the
throughput for data is relatively low, the technology is connection oriented,
and there is no distinction between different kinds of data. To overcome
these shortcomings, new technologies emerge. On the short term, General
Packet Radio Service (GPRS) can improve the data capabilities of GSM. It
is based on the GSM technology and therefore commonly referred to as 2.5
generation telephony. In the long run, the Universal Mobile Telecommunica-
tions System (UMTS) is supposed to become the successor of GSM. UMTS is
based on another technology as GSM and called third generation telephony.
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Note that the term telephony can be a bit misleading. The services of third
generation telephony encompassed much more than voice only.

The structure of this chapter is as follows. First, we start with a short
overview of the third generation wireless link in Section 2.2. Next, the trans-
mission technology used for UMTS and the accompanying receiver is ex-
plained in Section 2.3. Different types of forward error coding principles are
possible in UMTS: turbo coding and convolutional coding, which are ex-
plained in the Sections 2.4 and 2.5 respectively. Section 2.6 describes the rel-
evant parameters that influence the Quality of Service (QoS) and the energy
costs of a 3G mobile terminal. Finally, Section 2.7 concludes the chapter.

2.2 System Architecture

Figure 2.1 gives a schematic overview of the downlink (base station to re-
ceiver) of a third generation wireless link. The individual blocks are described
below. Building blocks that are not relevant in our context (like filter and
amplifier blocks) are not mentioned.

Data 

generation

Data 

generation

Turbo

encoding

Turbo

encoding
SpreadingSpreading Quadrature 

modulation

Quadrature 

modulation

Quadrature 

demodulation

Quadrature 

demodulation

ADCADCRake 

receiver

Rake 

receiver
Turbo 

decoding

Turbo 

decoding

Wireless channel with:

• multiple paths

• multiple users

• interference

Wireless channel with:

• multiple paths

• multiple users

• interference

Transmitter

Receiver

Viterbi

encoding

Viterbi

encoding

Viterbi

decoding

Viterbi

decoding

Figure 2.1: Third Generation Telephony Wireless Link

First, data is generated at the transmitter side. In most cases, this data is
encoded with a forward error encoder. In UMTS, two different forward error
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correction encoders are supported: a turbo coder and a convolutional coder.
The process of turbo coding is described in detail in Section 2.4. Section 2.5
describes the convolutional encoder and the accompanying Viterbi decoder.
After encoding, the bits are spread to so called chips. This spreading process
is described in detail in Section 2.3. Finally, the bits are modulated and
transmitted.

Between the transmitter and the receiver there is a wireless channel. In
the simulation environment, different channel models can be used to simulate
different situations.

On the receiver side, the received signal is RF demodulated and sampled,
most frequently with an oversample factor of 4. The samples are converted
from analog to digital. Usually, 6-8 bits are used for the quantization. Using
6 bits quantization, the signal degradation is almost negligible according [6].
After the analog to digital converter (ADC), the signal is fed into the RAKE
receiver, which is described in Section 2.3. The output of the RAKE receiver
is decoded by the forward error decoder; in this case a turbo decoder or a
Viterbi decoder.

2.3 WCDMA

In the first part of this section, the basic principle of Wideband Code Division
Multiple Access (WCDMA) is explained. In the second part, the accompa-
nying RAKE receiver is explained.

2.3.1 Basic Principle

WCDMA is already in use for a long time. However, the use was mainly re-
stricted to military applications, because it is difficult to separate the trans-
mitted signals from thermal noise without knowledge of the spreading code
that is used during the transmission. The result is a very secure commu-
nication channel. Since WCDMA is part of the third generation telephony
standards, the interest in WCDMA is increasing.

In WCDMA the channels share the same frequencies. Every channel
is allocated a unique spreading code that spreads the signal across a wide
frequency band. The codes of the different channels are orthogonal, and
therefore it is possible to distinguish between the different channels at the
receiver side. In analogy, all musical instruments together compose the sound
of an orchestra and the receiver’s objective is to recognize one of the instru-
ments. The length of the spreading code is called the spreading factor (sf).
A larger spreading factor gives a better resistance against noise and interfer-
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ences (such as interference of multiple channels, multiple paths, inter symbol
interference) at the cost of a lower bandwidth. The spreading code is a se-
quence of so called chips ∈ {-1,1}. The process of transmitting a bit is as
follows:

1. A bit is modulated first. A ’1’ and ’0’ are modulated to a ’1’ and a ’-1’.

2. The modulated bit is multiplied with the spreading code. The num-
ber of multiplications is proportional to the spreading factor. If the
modulated bit is ’1’, the result is equal to the spreading code. If the
modulated bit is ’-1’, the result is equal to the negated spreading code.
The result of the multiplication is a sequence of chips. The number
of chips is equal to the spreading factor. So, one bit is encoded in a
sequence of sf chips, where sf is the spreading factor.

Note that at most sf different orthogonal spreading codes are available
for spreading factor sf .

3. The chips are transmitted over the wireless channel. Additional tech-
niques (e.g. modulation and pulse shape filtering) are required, but they
are not explained here because they are irrelevant for understanding the
basic principles.

4. The received chips are correlated with the same spreading code as used
by the transmission. Correlation means multiplication of the spreading
code with the received chips and adding all the products. When sf
products are added, the result is a soft value that is delivered and the
process starts again with the sum initialized to zero. Summarizing:

softvalue =

sf∑

i=1

received chip[i] ∗ spreading code[i] (2.1)

A high (or low) soft output value means that a ’1’ (or a ’-1’) was
transmitted with a high probability.

Note that the received chips are not exactly ∈ {1,-1} but can be higher
or lower due to the distortion of the channel. The distortion of the
channel is a result of many different effects, among others: additive
white Gaussian noise (AWGN), interference between symbols, interfer-
ence of different reflections, not perfect orthogonal spreading codes due
to e.g. differences in arrival time of different signals etc. In practice, it
is not possible to model all the different effects to predict the quality
of the signal.

The chips of the different users are transmitted synchronically.
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This description of the transmission is somehow a bit simplified. E.g. the
transmission of the chips over a wireless channel (item 3) requires additional
techniques, such as pulse shape filtering and RAKE receivers are much more
complex devices than outlined above with problems such as synchronization
(when to start correlation), combining of multiple paths, channel estimation,
tracking and so on. However, since these additional features are not relevant
for the presented approach, they are not discussed any further.

Figure 2.2 shows an example of the transmission of two bits using a
spreading factor of eight.

1
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data bits
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-1
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-1

Transmitted chips

1

-1
Received chips

0

2

4

6

8

Soft output
values

-4

-2

-6

-8

Despreading =

Correlation

+

Integration

1
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Original data bits

Figure 2.2: Spreading Principle of WCDMA

2.3.2 RAKE Receiver

Figure 2.3 shows the transmission of data from a base station to a mobile
terminal. In general, the signal traverses along multiple paths from the base
station to the terminal due to reflections of the signal against obstacles. The
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path without reflections is called the line of sight (LOS) path and in most
cases the signal strength of this path is the highest of all available paths. A
LOS path is not always available, sometimes only reflections are available.
The number of paths depends heavily on the physical landscape between the
base station and the receiver. Measurements for different kind of landscapes
have been done in [72]. The number of paths for different environments varies
from a few to more than twenty. In a city, for example, there are a lot of
reflections due to many reflecting objects.

(e.g. building)
Obstacle

Base stationmobile phone

Figure 2.3: Multipath Effects

In traditional systems the receiver takes only the strongest path into
account. Other reflections are considered as distortion. In 1958, Price came
up with a receiver [58] for code division multiple access systems that is able to
take advantage of the other reflections. Different reflections are combined to
achieve a stronger signal compared to taking only the strongest signal into
account. Price called this receiver a RAKE receiver, because it rakes the
different reflections and combines them into one output signal. Figure 2.4
shows the basic principle of the RAKE receiver.

A RAKE receiver consists of different so called fingers. Each finger deals
with a specific reflection. The different reflections have to be synchronized
because they will be combined later. Therefore each finger delays the incom-
ing signal until it synchronizes with the reflection that has the largest delay.
Each finger despreads the signal with the spreading code, as described above
in Section 2.3.1. After the correlations, all the signals are combined into one
output signal. Different techniques can be used to combine the signals. The
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Figure 2.4: Basic Principle of a RAKE Receiver

most commonly used techniques are equal gain combining (EGC) and max-
imum ratio combining (MRC). With EGC the output of all the fingers are
combined with equal weight. With MRC the output of different fingers are
weighted differently before combining, through multiplication of each finger
output by a gain factor. In this way, strong paths can be taken into account
more than weak paths in the combining process.

Synchronization, starting the correlation at the right moment in time,
is one of the key issues in a RAKE receiver. Two different mechanisms to
support synchronization are used in a RAKE receiver, channel estimation
and tracking.

The channel estimator searches for new paths. The RAKE receiver uses
a number of fingers to perform correlations with existing paths. If the finger
that performs the correlation with the first arriving path starts at t = 0, then
the other fingers start the correlation at t = d ∗ Tc, where Tc is the duration
of one chip and d ∈ N. The searcher tries to correlate the signal from the
channel starting at t = d ∗Tc for a d that is not used by an existing finger. If
the absolute result of the correlation of the searcher is high, a new path might
have been found. If the discovered path is strong enough, an additional finger
can be used to exploit this path, or the finger with the weakest path can be
reassigned to this new discovered path. The functionality of the searcher
does not differ from a finger, so it can also be considered as an additional
finger. The number of correlations performed by the searcher depends on
how fast new paths appear and how fast new paths need to be discovered.
This effort might be low to minimize computation in an environment that
does not change fast. At startup of the RAKE receiver, all the fingers might
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be used to search for paths.

A tracking process follows the shifting of the delay of a specific path
in time (e.g. because the mobile is moving away from the base station).
The tracking is performed within a finger. Beside the correlation with the
delay that belongs to the path, two other correlations are performed. One
correlation starting just one chip before and one correlation starting one chip
after the correlation that is expected to be the right moment in time. If the
output of one of these two correlations is stronger than the correlation with
the known path delay, the path delay is changed to the strongest one.

2.4 Principle of Turbo Decoding

Turbo coding offers phenomenal forward error correcting capabilities. The
data is encoded with a turbo encoder which adds redundant information. The
turbo decoder utilizes this redundant information to correct the data. The
algorithm of the turbo decoder can be applied several times to the same data
to improve the error correcting capabilities, at the cost of more computation
and more delay.

This section introduces the basic principle of turbo coding. An in-depth
explanation of turbo coding can be found in [73]. The introduction of turbo
codes by Berrou et al. [8] in 1993 opened up new perspectives in channel
coding theory. The outstanding Bit Error Rate (BER) performances and
the wide range of applications created a large interest in this coding scheme.
Figure 2.5 shows an example of a turbo encoder. This turbo encoder consists
of the parallel concatenation of two Recursive Systematic Coders (RSC). This
structure is used in UMTS. Other structures for turbo encoders are possible.
For example, the RSC encoders can be concatenated in serial order, instead
of parallel. The secret of the outstanding performance of turbo codes is not
enclosed in the specific structure of the turbo encoder, but in the iterative
principle of the turbo decoder. The upper encoder receives the data directly,
while the lower encoder receives the data via an interleaver. The interleaver
generates a permutation of a block of input bits according to a prescribed
rule. The interleaver operates on input blocks of a fixed length, so turbo
codes are actually block codes. In 3GPP-UMTS the interleaving length is
specified between 40 and 5114 bits.

A Recursive Systematic Coder (RSC) is called systematic because one of
the outputs is the input itself. A RSC contains a shift register that keeps
track of the state it is in and XOR gates. RSC modules with a 3-bit shift
register, like the ones in Figure 2.5, are also called 8-state RSC modules. A
RSC is called recursive due to the presence of a feedback connection that
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Figure 2.5: Turbo Encoder

causes the state in the shift register to depend on past states. The output
and the next state of a RSC are determined by XOR functions on the input
and the current state. Table 2.1 shows the relation between the current
state, the input signal, the outputs and the next state of the RSCs depicted
in Figure 2.5. The output of the turbo encoder in Figure 2.5 consists of the
original message (i.e. the signal systematic) and the parity output from both
RSCs (i.e. the signals parity 1 and parity 2). So, for each m-bit input block,
3m bits are sent over the channel (e.g. a wireless link to a receiver). To a
certain extent, errors at the other side of the channel can be corrected (to a
certain extent) by a turbo decoder. The memories of the turbo encoder are
initialized to zero before the encoding starts. After encoding of the block, a
few additional bits are fed to the turbo encoder to ensure that the encoder
returns to a state with all the memories set to zero. The resulting bits are
called tail bits.

Figure 2.6 shows a simplified block-diagram of a turbo decoder. A turbo
decoder consists of two types of modules: the (de-)interleaver modules and
the Soft-Input-Soft-Output (SISO) modules. SISO module SISO 1 in Fig-
ure 2.6 starts with decoding the code generated by the encoder RSC 1 of
Figure 2.5. After SISO module SISO 1 has finished decoding its entire input
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current state input bit systematic output parity output next state

000
0 0 0 000

1 1 1 100

001
0 0 0 100

1 1 1 000

010
0 0 1 101

1 1 0 001

011
0 0 1 001

1 1 0 101

100
0 0 1 010

1 1 0 110

101
0 0 1 110

1 1 0 010

110
0 0 0 111

1 1 1 011

111
0 0 0 011

1 1 1 111

Table 2.1: States of a RSC Encoder

De-interleaver

parity_1

SISO 1

parity_2

systematic Interleaver

Interleaver

SISO 2

output

Figure 2.6: Turbo Decoder
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block, SISO module SISO 2 starts decoding the interleaved code generated
by encoder RSC 2 and uses the additional information from decoder SISO 1.
Due to this additional information, the code from RSC 2 can be decoded
with a lower BER than the code from RSC 1. Turbo decoding is an itera-
tive process of these two decoding steps. In each iteration the BER reduces.
However, the additional gain decreases each iteration. In practical implemen-
tations the number of iterations is limited to approximately 10. The final
output of the turbo decoder is obtained by hard limiting the soft-output
of one of the SISO decoders (by convention the second decoder’s output is
used). Figure 2.7 shows the error correction performance of turbo code for
different number of iterations.

Different algorithms can be used for the SISO algorithm. The original
turbo coding paper of Berrou uses the BAHL algorithm [5], also known as
the MAP algorithm. MAP algorithm is the abbreviation of Maximum A
Posteriori estimate algorithm. However, this algorithm is too difficult to be
implemented in practice. Therefore different approximations of the MAP al-
gorithm have been developed with different complexity and performance. All
the algorithms perform the calculations in the log domain, because in this
domain operations become much simpler. For example, multiplications of
probabilities become additions of probabilities. In the MAX-Log-MAP algo-
rithm, additions in the log domain are replaced by max operations, to make
the computation even simpler. However, this replacement introduces a small
error, so the performance degrades. In [59] a solution is proposed to reduce
the introduced error in the MAX-LOG-MAP algorithm. This algorithm is
called the LOG-MAP algorithm. Although it has the same performance as
the MAP algorithm, its complexity is much lower.

Another approach is to adapt the Viterbi algorithm so that it is able to
produce soft outputs. This algorithm is proposed in [31] and called the soft
output Viterbi algorithm (SOVA).

The different algorithms mentioned here are compared in [59] with regards
to performance and complexity. The complexity of SOVA is about the half
of MAX-LOG-MAP, but the performance is worse.

Puncturing

The turbo encoder generates three bits for each encoded bit: one systematic
and two parity bits (each RSC encoder produces one parity bit). This is
called rate 1/3; the encoder generates 3 output bits for each input bit. Both
RSC encoders produce a systematic bit, but these are the same, so only one
of these is used (by convention the systematic bit of the first encoder). To
reduce the amount of bits that must be transmitted, the rate can be lowered.
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Figure 2.7: Simulated Performance of a Rate r=1/2, Constraint Length
Kc=5, Turbo Code for Various Number of Decoder Iterations.
The Size of the Interleaver is L=65,536 and an AWGN Channel
is Used. [73]
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This is called puncturing. A common rate for punctured turbo codes is 1/2.
This means that for each encoded bit only 2 bits are transmitted. For an
encoded bit with an even index the systematic bit and the parity bit of the
first RSC encoder are transmitted. For an encoded bit with an odd index the
systematic bit and the parity bit of the second RSC are transmitted. Other
puncturing schemes with different rates are also possible.

The decoder will replace the missing parity bits with zeros.

The performance of the turbo decoder decreases when puncturing schemes
are used, because less redundant information is available to correct the data.
However, less bits need to be transmitted.

2.5 Principle of Viterbi Decoding

Viterbi forward error correction uses a convolutional encoder and a Viterbi
decoder. Figure 2.8 shows an example of a convolutional encoder composed
of two XOR units and two one-bit registers. The two registers are initialized
with zeros. The encoder generates two output bits for each incoming bit.
Figure 2.9 and Table 2.2 describe the behavior of the encoder. The state
of the encoder is the content of the two memories. The first number of the
state describes the content of memory one, the second number of the state
describes the content of memory two. The constraint length is defined as
the length that is used to encode a message. For a convolutional encoder,
the constraint length is the number of memory bits + 1. In other words, the
encoding of a bit depends on the current and the two previous bits.

Before the Viterbi decode process is described, we will illustrate the encode

Dinput D output

path 1

path 2

Figure 2.8: Rate 1/2 Convolutional Encoder with Polynoms 111 and 101
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Figure 2.9: State Diagram of Encoder of Figure 2.8

and decode process on the basis of a simple example.

Suppose that the sequence ’101100’ has to be transmitted. The output
of the convolutional encoder is the sequence ’111000010111’ which can be
determined by using Table 2.2 or Figure 2.9. Table 2.3 shows the encoding
step for this example.

Suppose that the sequence is received with bit four incorrect. The received
sequence is ’111100010111’. Figure 2.10 shows the so called trellis of the
decoding process. Note that four points are drawn for one state to show the
different paths clearly. The decoder starts in state ’00’. From this state,
two transitions to two states are possible according Table 2.2 or Figure 2.9,
namely state ’00’ and state ’10’. The transition to state ’00’ occurs with the
sequence ’00’. Because the decoder received the sequence ’11’, this means two

current state input path1 path2 next state

00
0 0 0 00

1 1 1 10

01
0 1 1 00

1 0 0 10

10
0 1 0 01

1 0 1 11

11
0 0 1 01

1 1 0 11

Table 2.2: States of a Convolutional Encoder of Figure 2.8
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current state input output next state

00 1 11 10
10 0 10 01
01 1 00 10
10 1 01 11
11 0 01 01
01 0 11 00

Table 2.3: Encoding Steps for Sequence ’101100’
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Figure 2.10: Example of Viterbi Trellis Representation

errors also called a Hamming distance of two. The transition from state ’00’
to state ’10’ occurs for the sequence ’11’. This means no error, or a Hamming
distance of zero. In the next step, the decoder evaluates the number of
errors for the possible transitions from state ’00’ and state ’11’. Note that
the number of errors are accumulated. Figure 2.10 shows the accumulated
number of errors for a specific path in each state. The numbers in a box
along a state transition denotes the two parity bits that are required for the
state transition. In the fourth and following steps, two path are entering the
state. The path with the minimum number of errors should be maintained,
the other path is discarded. If the number of errors of the incoming path are
equal, a random one is chosen. At the end of the trellis, the path with the
minimum number of errors is chosen as the most probable path. Figure 2.10
shows this path with a solid line and the other paths with a dashed line.
Furthermore, it shows a path with a dead end (that ends in the next state)
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with a dotted line. Since it is known which bit causes a transition between
the states, the original sequence of bits can be recovered if the correct path
through the trellis is known.

Viterbi Decode Process

The Viterbi decoder tries to reconstruct the path with the minimum number
of errors through the different states. It functions as follows:

1. Initialization
The metric for the number of accumulated errors for state ’00’ on the
left side of the trellis is initialized to zero.

2. Intermediate computation steps
For each stage, the hamming distance is determined for the possible
transitions. The hamming distance is added to the accumulated sum
and stored in the next state. If the next state has more incoming
transitions, the path with the minimum number of errors is saved. If
all the incoming transitions have the same number of errors, one of
these path is selected randomly.

3. Finalization
At the last node (right side of the trellis), the path with the minimum
number of errors is selected and assumed to be the correct path. The
bit sequence is derived from the correct path by determination which
bit belongs to the transitions between the states that form the correct
path.

2.6 Relevant Parameters

There are a number of parameters that influence the quality and energy
costs of a 3G mobile terminal. First a kind of classification of the parameters
is made to understand where, when and how a parameter can be changed.
Next, the most relevant parameters for the channel, the RAKE receiver and
the turbo decoder are discussed. Section 6.5 describes the costs for the
parameters that we can adapt. Chapter 4, 6 and 7 discusses the influences
of several parameters on the quality.

2.6.1 Classification

First, a distinction is made between when the settings of parameters are
determined. The setting can be determined at design time or at run-time.
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An example of the first kind of parameter is the number of quantization bits
used to represent the soft outputs of the RAKE receiver. This effects both
the quality and cost, but is determined once at design time. In this thesis
we only consider the second kind of parameters that can be determined at
run-time. Examples are the spreading factor or the number of fingers of the
RAKE receiver that are used.

Second, a distinction is made between ’who’ is responsible for the settings
of the parameters. The settings can be ’dictated’ by the external environ-
ment of the system (the channel), the system can determine the setting of
the parameter or the user can decide to make changes. In the first case, the
setting is changing at run-time. Furthermore, a change in the external en-
vironment of the system influences the quality, but does not directly change
the energy consumption of the system. Examples of these parameters are the
signal noise ratio of the link and the number of active users in the system.
Notwithstanding the fact that these parameters cannot be changed by the
system, knowledge of these parameters is important because they can have
a considerable impact on the quality.

Third, a distinction is made between where in the system the parameter
can be changed. A parameter can be changed locally at the terminal, or
negotiation with the base station may be required to agree about a certain
parameter setting. An example of the first kind is the number of fingers of the
RAKE receiver or the number of iterations of a turbo decoder. An example of
the second kind is the spreading factor. This distinction is relevant because
the cost in terms of time (delay) as well as additional effort involved in a
local parameter change is smaller. For example, a change in the spreading
factor requires negotiation with the base station, which requires additional
transmissions.

2.6.2 Relevant Parameters

Numerous parameters influence the quality and the energy consumption of
the receiver. The most important parameters that play a role in our model
will be discussed below.

2.6.2.1 Wireless Channel

All the properties of the wireless channel are external parameters that cannot
be changed by the system (we have to live with it). The following parameters
are relevant:
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• Number of users

WCDMA is known to be interference limited [49], especially through
interference of different users. An increase in the number of users within
a cell will decrease the quality of the existing links. A terminal cannot
change this behavior, because the number of users is dictated by the
external environment. However, the mobile may be informed about the
current number of users in a cell by the base station at regular time
intervals. The base station has knowledge about the number of users
in the cell and this information can be used to optimize the settings of
the mobile.

• Number of paths

The number of paths (reflections against buildings, mountains, and so
on) are determined by the current environment and may change within
a second, e.g. when the user of a terminal walks around a corner. Beside
the number of paths, it is important to know the power of each path. If
a path contains only marginal power, it is better to neglect it, because
including this path may decrease the result of the combining process
due to the addition of noise.

• Signal-to-noise ratio

The signal-to-noise ratio expresses the amount of white noise of the
channel (excluding “noise” due to other users).

• Movement of user

When the user moves, a Doppler effect appears. This introduces addi-
tional distortion to the channel.

2.6.2.2 RAKE Receiver

Important parameters with regard to the RAKE receiver that can be con-
trolled by our system are:

• Number of fingers

As shown in Section 6.5.1, increasing the number of fingers will about
linearly increase the energy costs. The quality increase due to an in-
creasing number of fingers is largely dependent on the current circum-
stances. First, the number of fingers should be smaller or equal to the
number of available and recognized paths in the channel. The gain in
the quality when increasing the number of fingers largely depends on
the power of the different paths. The maximum gain can be achieved
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when the new paths have the same power as the existing paths. A
change in the number of fingers can be made by the receiver locally.
Therefore, this parameter can be adapted within a short time.

• Spreading factor

The quality gain that can be achieved by an increase of the spreading
factor is more predictable compared with increasing the number of
fingers (See Section 4.6). Due to the fixed chip-rate in 3G telephony,
increasing the spreading factor will decrease the throughput. This has
two important implications.

First, some applications may not tolerate a lower throughput, so the
QoS may no longer be acceptable for the application.

Second, with a lower throughput it takes longer to transmit the same
amount of data. It will take longer before the receiver can be switched
off since the throughput is lower, resulting in a relative higher power
consumption of the analog part of the receiver. The spreading factor
cannot be changed without negotiation with the base station. There-
fore, the spreading factor cannot be changed within a short time.

2.6.2.3 Turbo Decoder

Important parameters with regard to the turbo decoder that can be changed
are:

• Number of turbo decoder iterations

The number of turbo decoder iterations should be determined carefully.
Too less turbo decoder iterations means that the output still contains
errors. Too many iterations means that the turbo decoder processes
a block without errors doing useless work. Therefore, early stop algo-
rithms have been introduced. Two classes of early stop algorithms are
known. The first class stops the turbo decoder as soon as there are not
longer errors in the frame, see e.g. [64, 75, 28]. The second class stops
the turbo decoder as soon as possible when it becomes clear that there
are too many errors in the frame so that the turbo decoder is not able to
correct them, see e.g. [75]. The turbo decoder circuit can be switched
off, as soon as the early stop algorithm indicates that the turbo de-
coding process can be stopped. An alternative to this approach is to
use dynamic voltage scaling and to run the turbo decoder as slow as
possible with the maximum allowable delay [48]. If the average number
of iterations is low, the speed of the turbo decoder can be significant
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lower compared to the worst case number of iterations, resulting in a
lower energy consumption. Another approach is to predict the number
of iterations based on the current signal-to-noise ratio and to execute
the turbo decoder as slow as possible [48]. When an adapted number
of iterations is used for the turbo decoder, the number of turbo decoder
iterations is a decision that should be made at run-time.

• Decoding algorithm of turbo decoder.

Several algorithms with difference cost/performance characteristics such
as Log-MAP, Max-Log-MAP (see Section2.4) can be chosen for the de-
coding algorithm of the turbo decoder. This decision has to be made
at design-time.

• Block length

Increasing the block length will improve the quality output of the turbo
decoder [7], because the interleaver can spread the bits over a longer
distance. This block length increase does not increase the computa-
tional effort, and therefore the energy consumption will not increase.
However, increasing the block length will increase the latency, so not
every application may tolerate a larger block length. This decision may
be made at run-time.

• Puncturing

Puncturing will degrade the quality, but will decrease the number of
bits that are received. Therefore the throughput can be higher, the
latency can be shorter and the receiver can be switched off earlier re-
sulting in a relative low energy consumption of the analog part of the
receiver. However, if the quality is too bad, all these advantages may
be nullified or even worse, because retransmission of blocks may be
necessary. This decision may be made at run-time.

• Constraint Length

Increasing the constraint length increases the number of states of the
encoder. Therefore, the performance of turbo coding will increase.
However, the number of states increases also exponential because the
number of state is equal to 2M , where M is the number of memories
(=constraint length - 1). Increasing the constraint length leads to a
more (exponential) complexer decoder, which requires more compu-
tation (See Section 6.5.1.2. The constraint length of the encoder is
decided at design-time.
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2.6.2.4 Viterbi decoder

Important parameters with regard to the Viterbi decoder are:

• Constraint length

The constraint length of the convolutional encoder (number of memo-
ries + 1) is an important parameter that determines the error correcting
capacity of the Viterbi algorithm. A large constraint length will lead to
more states and therefore to a more complex decoder. Also the number
of tail bits will increase to reset the decoder to the initial state. The
constraint length of the encoder is decided at design-time.

2.7 Conclusion

This chapter gives a short introduction into the Wideband Code Division
Multiple Access (WCDMA) technology used in UMTS. The RAKE receiver
that is used to receive WCDMA signals is explained in detail. Furthermore,
the two forward error correction (FEC) principles that are used within the
UMTS standard are explained.

The number of fingers of a RAKE receiver and the spreading factor are
important parameters that may be adapted at run-time. Both parameters
have a significant influence on the quality as well as on the cost. With regard
to the FEC coding, the rate and the number of iterations of the turbo decoder
are parameters that may be adapted at run-time.
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Chapter 3

UMTS Simulation Environment

This chapter describes the simulation environment that we devel-
oped to simulate a WCDMA connection in combination with FEC
decoding (see Chapter 2). This simulation environment made it
possible for us to to investigate the effect of the changes of pa-
rameters at real-time with regard to the quality. Furthermore, we
used this environment to examine the working of our proposed
control system (see Chapter 6).

The performance in terms of quality (e.g. the frame error rate) that is ob-
tained after the RAKE receiver and turbo decoder/Viterbi decoder depends
on various parameters of the external environment. Due to the large amount
of parameters and the relationship between them, it is almost impossible
to construct an analytical model that gives the quality as a function of the
input parameters. It is common practice to simulate the wireless channel
and study the output to find the quality of a certain situation. Furthermore,
measurements in a real situation are difficult and time consuming. An addi-
tional advantage of simulating is that experiments can be repeated in exactly
the same way or with only one changed setting to investigate the effect of a
change. Moreover, a simulation allows to abstract from irrelevant details.

At the start of our research, no suitable simulation environment was avail-
able to do our experiments. Most frequently, researchers only simulate a part
of the whole system, e.g. to study the effects of inter symbol interference. Be-
cause we had to simulate the entire chain, we constructed our own simulation
environment. The first section explains the functionality of the simulation
environment. The second section adds some remarks about the performance
of the simulation environment.
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3.1 Functionality

The simulation environment performs the following actions (in the order of
Figure 2.1):

• Data generation
In our simulation environment, the data consists of randomly generated
bits.

• FEC encoder (turbo or convolutional encoding)
The turbo encoder is the same as used in the UMTS specification [2].
This is an eight state encoder. The used interleaver is also compliant to
the 3GPP specification. This interleaver is relatively difficult, because
the used interleaving pattern is different for each block length. There-
fore the interleaving table can not be stored and has to be computed for
each new block length. The turbo coder can be used with the common
1/3 rate or with a punctured 1/2 rate. The Viterbi encoder performs
convolutional encoding with a constraint length of 9 (k=9) and rate
= 1/2. The used library is the library of Phil Karn [45]. The Viterbi
algorithm is implemented in different ways. The SSE version is used,
because the ”portable c” version contains functional errors.

• Spreading of data
The simulation environment spreads the data with a PN-code. A gold
sequence with polynomial X25 + X3 + 1 is used to generate the PN-
codes for the spreading of the real part. A gold sequence with polyno-
mial X25 + X3 + X2 + X + 1 is used to generate the PN-codes for the
spreading of the imaginary part. A disadvantage of these PN-codes is
that the generated PN-codes are not always perfectly orthogonal. An
advantage is that, in contrast to perfect orthogonal codes, the number
of users may be higher than the length of the used spreading code.

• Wireless channel
For the wireless channel we use an AWGN or Rayleigh fading commu-
nication channel. The number of simultaneously transmitting users,
the number of paths and the signal to noise ratio can be adjusted.

• RAKE receiver
The RAKE receiver in the simulation environment uses no channel
estimation and no tracking. In other words, perfect synchronization is
assumed. Channel estimation and/or tracking are not adaptive, they
have to be performed as good as possible. For our goal, the added value
is marginal, while good channel estimation and tracking mechanisms
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are not trivial to implement. Therefore, we decided not to implement
these mechanisms in our simulation environment.

Further, we assume the RAKE receiver has perfect power control. This
means that there are no power variations due to changes in the distance
between the mobile and the base station. In reality, there are such
power variations and they should be corrected as good as possible by
the power control algorithm. The power control algorithm affects not
only the specific mobile, but also the mobiles around in the same cell.
Therefore, this is a cell wide optimization problem, and the mobile
itself has no freedom to make power control changes on its own.

• FEC decoder (turbo or Viterbi decoding)
The SISO modules of the turbo decoder uses the MAX-LOG-MAP
algorithm. It is possible to change the number of iterations for the
turbo decoder and the rate of the turbo decoder switched between 1/2
and 1/3.

• BER computation
Computation of the BER through comparison of transmitted and re-
ceived data.

Later, the simulation environment is extended with an algorithm to es-
timate the current BER and Frame Error Rate (FER). Also the proposed
control system is implemented in the simulation environment to study the
behavior and to demonstrate the proper working. Table 3.1 summarizes the
options that can be varied in the simulation environment.

3.2 Simulation Time

The initial simulation environment was created in Matlab. Matlab was cho-
sen because some parts were already available as Matlab sources. Matlab is a
commonly used tool in the communication area. Matlab is a quite powerful
tool to model these kind of systems and the setup of a simulation can be
done relatively quick. However, we ran into problems with the simulation
time of the simulation environment created in Matlab. The simulations took
too long to investigate the effect of settings in a reasonable time and to study
the behavior of the control system at run-time. The first version took several
minutes to simulate one block of 1000 bits. We improved the performance in
several steps.

First, the code was vectorized wherever possible. This gave large speedup
compared to iteration statements, such as for statements.
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Figure 3.1: The Graphical User Interface of the Simulation Environment
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component options

data generation block length

FEC

no correction

convolutional coding

turbo coding with rate=1/2

turbo coding with rate=1/3

transmitter spreading factor

channel
signal to noise ratio

number of users

number of paths

receiver number of fingers

turbo decoder number of iterations

Table 3.1: Overview of Options in UMTS Simulation Environment

Second, the code was profiled to find where most of the time was spend.
These parts of the code were translated to C. Matlab offers the possibility
to interface with C through so called MEX functions, where MEX stands for
Matlab Executable. The function has to be written in C according to several
guidelines provided by Matlab to allow input and output between C and
Matlab. A C function is compiled with a MEX script provided by Matlab
to a .dll library file which can be used in the Matlab source. This provided
an additional speedup. After the translation of several functions to C MEX
functions, two main disadvantages became clear.

First, the structure of the whole simulation environment became opaque
and ugly. Two different environments are used (C and Matlab) and a lot of
additional interfacing code appears in the C functions.

Second, the communication became a bottleneck, because the data is
passed call-by-value between Matlab and C. This means that all the data is
copied when calling the C function and is copied again when the C function
is left. These copies introduce a lot of overhead. The amount of data is
quite large. Consider for example the transmission of a block of 1000 bits.
After turbo encoding, the block consists of 3012 bits (rate 1/3 with tail of
12). After spreading with a spreading factor of 64, there are 192768 chips.
These chips are sampled with an oversample factor of 4, making 771072
samples. The channel is represented in floating point (doubles), leading to
about 1.5 Mbyte per block. Moreover, there are multiple users, and multiple
paths. Therefore, it may be necessary to transport several tens of Mbytes
per simulated block for each MEX function.
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At the end, we decided to rewrite the whole simulation environment in
C++. The fact that several kernels of the algorithms already existed in C,
made the job easier. At this moment, simulations can be performed with
several blocks per second; the exact speed depends on the chosen parameters
and/or algorithms.

3.3 Conclusion

This chapter introduced a simulation environment for a UMTS connection.
The two main reasons to come up with an own simulation environment were:

• Having the ability to simulate the whole chain for the for us relevant
parts of a UMTS wireless link from physical layer to link and transport
layer.

• Performance. The developed simulation environment is much faster
than comparable functionality in e.g. Matlab.
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Chapter 4

BER Estimation

An accurate estimation of the bit error rate (BER) of a wireless
link is necessary to determine the quality of a wireless link. Cur-
rently, most wireless standards obtain an estimation of the BER
by means of transmission of a predefined sequence of pilot bits
that are known to the transmitter as well as the receiver. This
chapter1 introduces a method to obtain an accurate estimation
of the BER without the transmission of pilot bits or necessary
knowledge of the channel. The method is based on statistical
analysis of the received data. Although this chapter explains
the method for BPSK and QPSK types of modulation, the same
method can be used for other types of modulation as well (de-
scribed in Chapter 7).

4.1 Introduction

The quality of a wireless link can be expressed by the bit error rate (BER)
of the received data. In general, the BER is not known at the receiver side,
because the original transmitted data is unknown. A commonly used method
to compute a prediction of the BER is to use pilot symbols. Pilot symbols
represent a predefined sequence of symbols, which are known at both the
transmitter and the receiver side. Therefore, the BER can be computed for
these pilot symbols. Third generation telephony uses for instance pilot sym-
bols [1]. Disadvantages of this method to predict the BER are the overhead
of transmitting pilot symbols and the inaccuracy which may result since the

1Parts of this chapter have been presented at the Personal Wireless Conference in
Venice, Sep. 2003 [69].
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BER is only computed over a small amount of the total bits that are trans-
mitted.

Another approach is to model the channel with all the known effects [52].
A state of the art article on this area is [16]. Using this method it is possible
to achieve accurate BER estimations for the modeled channel. However,
it is hard to build a realistic model of the channel for a dynamic wireless
environment, which takes into account all relevant effects. Thus, effects that
are not modeled might occur in real situations or the constructed model
might differ from the actual properties of the channel. So, a disadvantage of
this approach is that detailed knowledge about a lot of channel properties is
required.

Our approach differs significantly from the two mentioned approaches.
We only use the soft output values from the RAKE receiver, and require no
additional information about the channel. In our approach to determine the
BER it does not matter which physical effect is responsible for the degra-
dation of the signal. An advantage is that an accurate estimation can be
made independent of the unpredictable dynamically changing external envi-
ronment. A further advantage is that we can predict what the consequences
for the BER are when we plan to change parameters. Moreover, the pre-
sented method uses all data instead of only pilot symbols for an estimation
of the BER. Finally, at least for the BER estimation, the overhead of the
transmission of pilot symbols is no longer necessary.

Section 4.2 describes the BER estimation method in detail for BSPK mod-
ulation. The same approach can be also used for QPSK modulation, when
the real and the imaginary part of the symbol are considered separately.
Section 4.3 evaluates the performance of the BER estimation using our own
simulation environment. To verify the proper working and performance of
the presented method and our own results, we asked Ericsson Eurolab to do
simulations with their simulation environment and their proprietary channel
models. Section 4.4 presents their results with regard to our BER estimation
method. Section 4.5 describes some practical issues regarding the implemen-
tation of the presented method in hardware. One of the main advantages of
the presented method is that we are able to predict what will happen with
the BER when we plan to change parameters. Section 4.6 describes the con-
sequences for the BER when changing the spreading factor or the number of
fingers of a RAKE receiver for WCDMA. Section 4.7 concludes the chapter.
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4.2 Approach

In an ideal situation, without distortion of the channel, the output of the
soft value of the RAKE receiver is equal to the spreading factor (SF) for a
transmitted bit with value one. For a bit with value zero (after BPSK/QPSK
modulation represented by minus one), the soft output of the RAKE receiver
is -SF. Figure 4.1 shows this perfect situation for a spreading factor of eight.

In case of disturbance of the channel, the sampled chip values are no
longer always exactly equal to one or minus one, but can be higher of lower.
A lot of external causes may be responsible for this disturbance. Most effects
that change the signal have a normal behavior, e.g.: AWGN behavior and the
fact that the spreading codes of other channels are not perfectly orthogonal,
can be modeled with a normal distribution. A few effects, e.g. fading, do not
behave like a normal distribution. However, the RAKE receiver eliminates
most of the — nasty non normal — fading effects. Most of the relevant effects
have a normal distribution and, therefore, we approximate the soft values of
the output of the RAKE receiver with a normal distribution (Chapter 5 dis-
cusses this assumption (and other assumptions made) and the consequences
when they are not (completely) valid.).

Since a soft output value is composed of different chip values, a better
approximation is made with a normal distribution, if the number of chips per
bit is higher. Figure 4.2 shows the expected normal distribution behavior for
the soft output values of the RAKE receiver for a pretty good channel. When
the channel becomes worse, the mean µ will not change (significantly), but
the standard deviation σ will increase, as shown in Figure 4.3. The two
distributions overlap for soft values around zero. Therefore, the received soft
values result from the combination of the two distributions. The distribution
of the received soft values is the combination of these two distributions,
divided by the total area to obtain a distribution. Figure 4.4 shows the
effect for an extremely bad channel. As can be seen from the figure, the
two distributions are heavily mixed up. If we interpret a soft value via its
sign, every transmitted bit with value one that is received with a negative
soft output is received incorrectly and also the positive soft output for a
transmitted bit with value zero is received incorrectly. So, the marked area
represents the probability that a bit is received incorrectly.

In reality, the distribution is not as ideal, as the distribution shown in
Figures 4.1 to 4.4. Figure 4.5 shows the soft output values of one transmitted
block (3012 bits) for a spreading factor of 16. To plot the distribution, all
the soft values are rounded to the nearest integer number to make classes.
Figure 4.5 shows also the distributions for the transmitted ones and zeros.

Unfortunately, the receiver can not determine whether a soft value belongs
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to the 1-distribution (transmitted ones) or to the 0-distribution (transmitted
zeros), since the soft output of the RAKE receiver is the addition of the
1-distribution and the 0-distribution, which is also plotted as a dashed line
in Figures 4.1 to 4.5.

Our goal is to predict the bit error rate (BER), i.e. the size of the marked
area in Figure 4.4. Before we proceed, we outline the approach to calculate
the BER:

1. We use the distribution W of the received symbols (output of the RAKE
receiver).

2. Distribution W is the combination of the distribution X of the trans-
mitted zeros and the distribution Y of the transmitted zeros.

3. The BER corresponds to the overlap between these two distributions
X and Y (see Figure 4.4).

4. The overlap area can be computed, when we know the mean µ and
standard deviation σ of these two distributions X and Y .
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5. Using the second and fourth moment of W , we can compute µ and σ.

6. Finally, we can compute the BER using µ and σ.

Let X and Y denote the distribution of the soft output values of the
transmitted zeros and ones respectively. Using these distributions, the BER
is given by:

BER = pP (X ≥ 0) + (1 − p)P (Y ≤ 0). (4.1)

where p denotes the probability that a zero is transmitted.

When we assume that both distributions are mirrored to the y-axis (Sec-
tion 5.3 addresses the consequences when this assumption is not completely
correct) and using the already mentioned assumption that we model these
distributions with a normal distribution, X and Y can be expressed in terms
of a standard normal distribution:

X = σZ − µ. (4.2)

Y = σZ + µ. (4.3)
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where Z denotes the standard normal distribution, µ the mean and σ the
standard deviation of the distribution Y . Using this, the BER reduces to:

BER = p P (X ≥ 0) + (1 − p) P (Y ≤ 0)

= p P

(
Z ≥ 0 + µ

σ

)
+ (1 − p)P

(
Z ≤ 0 − µ

σ

)

= p P
(
Z ≥ µ

σ

)
+ (1 − p)P

(
Z ≤ −µ

σ

)

= p P

(
Z ≤ −µ

σ

)
+ (1 − p)P

(
Z ≤ −µ

σ

)

= p Φ

(−µ

σ

)
+ (1 − p)Φ

(−µ

σ

)

= Φ(−µ

σ
).

where Φ(z) is the cumulative distribution function of the normal distri-
bution that gives the area of the standard normal distribution to the left of
z, i.e. the probability that a value is smaller than z. The function Φ(z) is
widely available in tabular form (see also Table 4.6 for z < 0).
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Notice that p is eliminated. Hence the BER is independent of probabil-
ity p.

For an estimation of the BER, we now need an estimation of µ and σ
based on the soft output values of the RAKE receiver. Using the soft output
values, we derive estimates µ̂ and σ̂ for µ and σ respectively.

Note that if there are only effects with a normal distribution (like dis-
turbance of other users, AWGN, etc) and no attenuation occurs, µ̂ will be
approximately equal to the spreading factor. In reality, the channel suffers
from effects such as attenuation and the receiver will scale the received soft
values. Therefore, µ̂ may differ from the spreading factor.

As mentioned before, the received soft output values of the RAKE re-
ceiver do not correspond to the distribution X and Y , but to a distribution
W , which results from the combination of the distributions X and Y (with
probability p we get distribution X and with probability (1− p) distribution
Y ). For W we have:

P (W ≤ w) = pP (X ≤ w) + (1 − p)P (Y ≤ w). (4.4)

Based on the measured results for W (i.e. the soft output of the RAKE
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receiver) and using moments of distributions, it is possible to estimate the
characteristic values µ and σ of the distributions X and Y , which together
form distribution W (see [70]). If r is a positive integer, and if X is a random
variable, the rth moment of X is defined to be mr(X) = E(Xr), provided
the expectation exists, see [23]. Table 4.1 shows the moments for a standard
normal distribution Z. The first and third moment of Z are zero and can
not be used to compute the two unknown variables µ̂ and σ̂. Therefore the
second and fourth moment of W are used.

Moment of Z Value

m1(Z) 0
m2(Z) 1
m3(Z) 0
m4(Z) 3

Table 4.1: Moments of Z
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The second moment m2 of W is:

m2(W ) = p(E(X2)) + (1 − p)(E(Y 2)). (4.5)

Scrambling (used in almost every wireless communication system) ensures
that approximately an equal number of ones and zeros are transmitted. This
means that p ≈ 1

2
. Setting p = 1

2
(this assumption is verified in Chapter 5),

and using Equations (4.2) and (4.3) and equation (4.5) becomes:

m2(W ) =
1

2
E

(
(σZ − µ)2) +

1

2
E

(
(σZ + µ)2) (4.6)

Expanding yields:

m2(W ) =
1

2
E

(
σ2Z2 − 2σµZ + µ2)

)
+

1

2
E

(
σ2Z2 + 2σµZ + µ2)

)
(4.7)

Adding the two terms and moving the constants gives:

m2(W ) = µ2 + σ2E(Z2) (4.8)

according Table 4.1, the second moment of Z is 1, giving:

m2(W ) = µ2 + σ2. (4.9)

and therefore,

σ2 = m2(W ) − µ2. (4.10)

The fourth moment m4 of W is:

m4(W ) = p(E(X4)) + (1 − p)(E(Y 4)). (4.11)

With p = 1
2

and using Equations (4.2) and (4.3) this equation becomes:

m4(W ) =
1

2
E

(
(σZ − µ)4) +

1

2
E

(
(σZ + µ)4) . (4.12)

Expanding yields:

m4(W ) = 1
2

E
(
σ4Z4 − 4σ3µZ3 + 6σ2µ2Z2 − 4σµ3Z + µ4

)
+

1
2

E
(
σ4Z4 + 4σ3µZ3 + 6σ2µ2Z2 + 4σµ3Z + µ4

)
(4.13)

Adding the two terms and moving the constants gives:

m4(W ) = µ4 + 6µ2σ2E(Z2) + σ4E(Z4). (4.14)
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Substituting the moments of Z according Table 4.1 gives:

m4(W ) = µ4 + 6µ2σ2 + 3σ4. (4.15)

using equation (4.9):

m4(W ) = (m2(W ) − σ2)2 + 6(m2(W ) − σ2)σ2 + 3σ4 (4.16)

m4(W ) = (m2(W ))2 + 4σ2m2(W ) − 2σ4 (4.17)

0 = σ4 − 2σ2m2(W ) +
1

2
(m4(W ) − (m2(W ))2) (4.18)

σ2 = m2(W ) ±
√

(m2(W ))2 − 1

2
(m4(W ) − (m2(W ))2) (4.19)

substituting equation (4.19) in equation (4.9) yields:

m2(W ) = µ2 + m2(W ) ±
√

(m2(W ))2 − 1

2
(m4(W ) − (m2(W ))2) (4.20)

µ2 =

√
(m2(W ))2 − 1

2
(m4(W ) − (m2(W ))2) (4.21)

µ4 =
3

2
(m2(W ))2 − 1

2
m4(W ). (4.22)

So,

µ =
4

√
3

2
(m2(W ))2 − 1

2
m4(W ). (4.23)

We can compute the second moment m2 with
1

n

n∑

i=1

W 2
i and the fourth

moment m4 with
1

n

n∑

i=1

W 4
i using the individual samples W1,. . . ,Wn of the

output of the RAKE receiver. Substituting the moments in the Equations 4.10
and 4.23 by the estimated moments yields the following estimators µ̂ for the
mean and σ̂ for the standard deviation:
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µ̂ = 4

√√√√√√3

2

(
n∑

i=1

W 2
i

n

)2

− 1

2

n∑

i=1

W 4
i

n

(4.24)

σ̂ =

√√√√√

n∑

i=1

W 2
i

n
− µ̂2

(4.25)

Finally, the BER estimation can be computed by:

B̂ER = Φ

(
− µ̂

σ̂

)
(4.26)

4.2.1 Discussion of Assumptions

In the previous section we derived formulas to calculate estimators for the
characteristic values of distribution W using the second and fourth moment
of distribution W . During the derivation information of the distribution W
and the individual distributions of ones and zeros are necessary. A basic as-
sumption is that both individual distributions are normal distributed. After
this basic assumption five unknown variables remain:

• µ0 and σ0 of the distribution of the zeros,

• µ1 and σ1 of the distribution of the ones,

• the probability p that a received bit belongs to the distribution of zeros.

To find unique solutions for these five variables, at least three further
restrictions (beside the information on the second and fourth moment) are
needed. We have chosen for the following reasonable assumptions:

• the received distribution is an addition of two normal distributions
(basic assumption).

• p = 1
2
,

• symmetry: −µ0 = µ1 and σ0 = σ1,

Therefore, only two variables remain (µ and σ) for characterising distri-
bution W . These variables can uniquely be determined by using the two
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1
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333 3

Figure 4.6: Formula 4.13 with the Assumptions Annotated

equations of the second and the fourth moment. However, the mentioned as-
sumptions may be violated. In Figure 4.6, Equation (4.13) is repeated with
annotations to show the influence of the assumptions. When the assumptions
are satisfied, the expressions for the first and third moment (annotated with
2) cancel each other out. Errors in the estimation appear when:

• The individual distributions of zeros and ones are not normal. In this
case the replacement of individual distributions X and Y in Equa-
tions 4.5 and 4.11 by Equations 4.2 and 4.3 leads to a distribution Z
which is not a standard normal distribution, and thus, the moments
(annotated with 3 in Figure 4.6) of this distribution may differ from the
moments given in Table 4.1, which may be the cause of two problems
in Equation (4.13):

– The terms annotated with 2 in Figure 4.6 do not cancel each
other out when both the distributions are not normal (m3(Z) 6= 0
and/or m1(Z) 6= 0) and p 6= 1

2
(annotated with 1 in Figure 4.6).

– The constants for the second and fourth moment change if the
distributions are not normal (m2(Z) 6= 1 and m4(Z) 6= 3). This
lead also to a deviance in the final estimator.

• The terms in the first and second row of Equation (4.13) can not be
combined because both distributions are not symmetric, i.e. −µ0 6= µ1

and/or σ0 6= σ1 and can not be combined to µ and σ.

The same applies for the second moment that is computed with Equation 4.7.
We conclude with the following remarks and observations:

• Using also higher even moments may reduce the number of assump-
tions needed to estimate the characteristic values of distribution W .
However, using higher moments makes the estimators more sensitive
when the data set does not match to the assumptions. Also taking into
account that the used assumptions are reasonable we therefore expect
that using higher moments will not lead to a better estimator.
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• The solution space is continuous. Therefore, a small violation of an
assumption only leads to a small error in the estimation.

• When the assumptions are heavily violated, it is possible that no (real)
solution exists. For example, the expression µ4 in (4.22) may get nega-
tive if W does not fulfill some of the assumption. As a consequence, it
is not possible to compute an estimation for µ. Therefore, we always
have to check the computed µ4. The same applies for σ2. When µ4 is
negative, it is an indication that the assumptions are heavily violated
and that the estimation is impossible. For a next data set an estima-
tion may be possible again, but having the same circumstances, it will
be unreliable.

• When the probability p is not equal to 1
2

but known to the receiver,
correct estimators can be computed in a similar way as derived in the
previous section.

Chapter 5 investigates in more detail the consequences of having a data set
that violates the assumptions.

4.2.2 Bias in the Estimators

In Section 4.2 we computed the rth moment for the stochastic variable X

from the samples W1 . . . Wn with E(Xr) =
1

n

n∑

i=1

W r
i . However, the rth

moment is slightly higher due to bias. The correct estimates without bias for
the rth moment Mr are [17]:

M2 =
n

n − 1
m2 (4.27)

M4 =
n(n2 − 2n + 3)

(n − 1)(n − 2)(n − 3)
m4 −

3n(2n − 3)

(n − 1)(n − 2)(n − 3)
m2

2. (4.28)

where mr is equal to
1

n

n∑

i=1

W r
i , with n the number of samples. When the

number of samples is large, the difference between mr (rth moment with
bias) and Mr (rth moment without bias) becomes negligible small. E.g. for
n=1000 samples, the difference is about 0.1 percent for the second moment.
Since, we keep n large, we may neglect the correction terms in order to
obtain a substantial easier computation of the moments. When n is small,
one should consider to include the correction terms mentioned above. Note
that the correction terms have to be computed only once per frame.
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4.3 Results

In our simulation environment (see Section 3) we performed several simula-
tions with a realistic time-variant channel. In a series of simulations the num-
ber of simultaneously transmitting users, the number of paths, the spreading
factor and the amount of added white Gaussian noise (AWGN) is changed.
All simulations use blocks with 1000 randomly generated bits that are turbo
encoded with rate 1/3, making a block size of 3012 bits (including 12 tail
bits). For each received block, the real BER is determined and compared with
the estimated BER. The reported estimation error is the absolute difference
between the estimated BER and the real BER (expressed in %); i.e.,

est error = |BEREST − BERREAL| ∗ 100%. (4.29)

The estimation error is reported as the absolute difference, because the
relative difference can be very high with a low BER. For example, if 2 errors
(BER=0.002) are estimated for a block with 1000 bits and the block con-
tains 1 error (BER=0.001) the relative difference is large, while the absolute
difference is only 0.1%. For our application, we are interested in the absolute
difference.

In Figure 4.7 the mean estimation error is depicted, as function of classes
with a width of 0.01 of the real BER of the received block. For example, the
estimation error of all blocks with an real BER in the range [0.15, 0.16) are
summed up and divided through the number of blocks in the class to get a
mean estimation error. For a specific case, the presented results show that the
estimation is better for a lower spreading factor. Given two situations with
the same BER and a different spreading factor, the situation with the lowest
spreading factor has the best channel (i.e. less noise). Therefore, the estima-
tion works better for a better channel. In addition to the average estimation
error, information about the variance in the estimation is relevant, because
the estimation will be worthless if the variance is too high. In Figure 4.8, the
estimation error for sf = 8 is depicted. Beside the mean of the estimation
error of the estimated BER also the variance is given. For each BER class the
interval of the mean error ± its variance is given ([µ− σ, µ + σ]). The figure
shows a small variance and for a real BER below 0.2 we can conclude that a
good predication is possible with an error of at most 2%. Above a BER of
0.2 the estimation gets worse. However, for us mainly the range of a BER
smaller than 0.2 is of interest, since frames with a BER>0.2 can not be cor-
rected by a forward error correction decoder (as shown in Section 6.4). The
same kind of simulations have been performed for different scenarios with
e.g. different amount of simultaneously transmitting users, different number
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of path, different spreading factors, etc. The achieved results were similar to
the ones given in the Figures 4.7 and 4.8.

0

0.5

1

1.5

2

2.5

3

3.5

4

4.5

5

0 0.05 0.1 0.15 0.2 0.25

e
s
ti
m

a
ti
o
n
 e

rr
o
r 

(%
)

BER

AWGN - 3 paths - estimation error of estimated BER for different sf

sf=64

sf=32

sf=16

sf=8

sf=4

Figure 4.7: Estimation Error, for Different Spreading Factors

4.4 External Validation of Results

To verify the proper working of the BER estimation algorithm and the re-
sults of the simulations, we asked Ericsson to perform an additional set of
simulations with their own simulation environment. The simulation environ-
ment of Ericsson is much more enhanced compared to our own simulation
environment. They use it to make implementation decisions for real UMTS
base stations.

For running the simulations, Ericsson incorporated only the Equations
(4.24), (4.25) and (4.26) into their environment. As a consequence, the set-
tings of their simulations are not exactly the same as described in the previous
sections. The remainder of this section gives these simulations performed at
Ericsson Eurolab in Enschede. Table 4.2 depicts the settings of the Ericsson
simulator. Ericsson used two different channel types for the simulations. Sec-
tion 4.4.1 presents the result of simulations using an AWGN channel model.
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Figure 4.8: Estimation Error and its Variance for sf = 8 ([µ − σ, µ + σ])

Section 4.4.2 presents the results of simulations using an Ericsson proprietary
channel model.

4.4.1 AWGN Simulations

Figure 4.9 and Figure 4.10 show the results of the simulations for the AWGN
channel model.

Figure 4.9 depicts a histogram of the soft output values of the RAKE
receiver for 120.000 samples. It shows on the horizontal axis the received soft

Parameter Value

Number of frames 200
Number of chips/frame 38400
Spreading factor 64
Number of RAKE fingers in AWGN model 1
Number of RAKE fingers in Ericsson model 3

Table 4.2: Simulator Settings
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Figure 4.9: AWGN, 120.000 Samples
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Figure 4.11: Ericsson Realistic Channel, 120.000 Samples

values and on the vertical axis the number of occurrences. The mean and
standard deviation are estimated using the Equations (4.24) and (4.25) and
are given in the bottom left corner of the figure. The two vertical lines show
the computed means of the two separate distributions. The estimated BER
using the method described in Section 4.2 (labeled with ‘est’) is about equal
to the measured BER (labeled with ‘meas’). If the number of samples on
which the estimated BER is based, is reduced, the estimated and measured
BER correspond still relatively good. For example, when using only the
first 14.000 samples of Figure 4.9, the estimated BER equals 0.0602 and the
measured BER equals 0.0644.

In Figure 4.10, the soft output values are given over the time. The vari-
ance of the soft output values (the power) during the displayed time interval
is quite constant. In a realistic channel, the variance of the soft output values
may be larger, as shown in the next section.

4.4.2 Ericsson Model

Figure 4.11 and 4.12 show the results of a simulation using the Ericsson
channel model. This proprietary Ericsson model is according Ericsson a
realistic channel model that include the most important effects that may
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Figure 4.12: Ericsson Realistic Channel, Data

occur in reality.

Figure 4.11 depicts on the horizontal axis the received soft values and
on the vertical axis the number of occurrences. In contrast to the AWGN
model, it is not possible to recognize the two distributions in the soft output.
The bottom left corner of Figure 4.11 shows the computed mean and stan-
dard deviation. The two vertical lines show the computed means of the two
separate distributions. In this simulation, the estimated and measured BER
seem to correspond again relatively well (shown in the bottom right corner
of Figure 4.11).

Figure 4.12 shows that the variance of the soft output values (the power)
is changing as a function of time. Therefore, when the time interval of
Figure 4.12 is divided into more smaller time intervals, the µ and the σ
of the two distributions computed over these intervals are changing over
time. When the BER estimation is made over the time interval displayed in
Figure 4.12, the estimated mean µ̂ and the estimated standard deviation σ̂
are averaged over time. This might cause an error in the estimated BER.
Although we already saw that for this situation the estimated BER and the
measured BER corresponds well, this could be coincidence. Therefore, we
make a new BER estimation for a subset of the same data for a period with
large variance of the soft output values.
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Figure 4.13: Ericsson Realistic Channel, 50.000 Samples
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Figure 4.14: Occurrence of Bit Errors as a Function of Time
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Figure 4.13 shows the histogram of the soft output values occurrences
using only the first 50.000 samples instead of 120.000 samples from the same
simulation. Now, the estimated and measured BER differ significantly. We
see that the estimated and measured BER differ about a factor 2. Figure 4.14
shows the relation between the bit errors and the variance of the received soft
output values. The top part of Figure 4.14 shows the variance of the soft
output values and the bottom part of Figure 4.14 shows the accumulated bit
errors. When the variance of the received soft output values (the power) is
small, many bit errors occur. When the variance of the received soft output
values (the power) is large, only a few bit errors occur. Because the relation
between signal power and BER is not linear, there is nearly no growth of bit
errors in periods with high power. The high power samples do have relatively
less effect on the average power than on the BER. In an ideal case, the line
in this figure should be straight. With a straight line, the average mean µ
and average standard deviation σ correspond better to the estimated mean
µ̂ and the estimated standard deviation σ̂. Therefore, we can conclude that
the performance of the BER estimation algorithm depends on the variance
(the power) of the soft output values. In order to verify the above, we can
look at a time interval where the signal power is relatively constant: between
samples 10.000 and 24.000. Figures 4.15 and 4.16 depict the results. We
see in Figure 4.15 that the estimated and measured BER correspond again.
The top part of Figure 4.16 shows that the power variations in the time
interval are relatively small and the bottom part of Figure 4.16 shows that
the number of bit errors are constant over time. As expected, the algorithm
is vulnerable to power variations. For that reason it is interesting to check the
performance of the BER estimation method in case power control is switched
on. Power control tries to maintain a constant variance of the soft output of
the RAKE receiver over time.

Table 4.3 depicts the settings of the simulator with power control on.
Since the power in case of an AWGN channel has quite constant power, we
only looked at the Ericsson proprietary channel model. Figures 4.17 and 4.18
depicts the results of the simulation for the Ericsson proprietary channel
model with power control on. When we compare the estimated BER (0.138)
with the measured BER (0.121), the results are relatively good.

4.4.3 Conclusion

The BER estimation algorithm works well (BER estimation error < 2%),
not only for an AWGN channel, but also for a realistic channel model that
was provided by Ericsson provided that the received power is quite constant.
In real systems, power control is used to maintain constant power. In a
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Parameter Value

Number of frames 200
Number of slots 15
Number of chips/frame 38400
Spreading factor 64
Total power control on

delay 2 slots
errors on total power bits allowed

Number of RAKE fingers in Ericsson model 3

Table 4.3: Simulator Settings with Power Control on
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Figure 4.15: Ericsson Realistic Channel, 14.000 Samples
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Figure 4.16: Ericsson Realistic Channel, Data
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Figure 4.17: Ericsson Realistic Channel, Power Control on, 120.000 Samples
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Figure 4.18: Ericsson Realistic Channel, Power Control on, Data

realistic scenario, the correct functioning of (W)CDMA largely depends on
the quality of the power control [54, 55]. Therefore, the algorithm is useful
in a realistic scenario.

4.5 Implementation

The proposed method is simple and the involved Formulas (4.24), (4.25) and
(4.26) can be implemented easily on an ALU (e.g. an ARM). In this section
we give some considerations how a real implementation can be made on an
ASIC or a reconfigurable architecture.

Figure 4.19 shows very simple hardware support, which can be used to

compute the terms
n∑

i=1

W 2
i and

n∑

i=1

W 4
i , that must be done at a speed that

is equal to the incoming sample rate (up to 2 Mbit in case of UMTS). The
structure consists of two look-up tables (LUT), two adders and two registers
and is meant to do the computation in a streaming mode, while the samples
are coming from the RAKE receiver. The LUTs are used to look up the power
of two and the power of four of the incoming sample. The result from the
LUT is added to the subtotal of the previous additions that is stored in the
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register. Before the reception of a new frame starts, the register is initialized
to zero, and at the end of the reception of the frame, the content of the register
is passed to the output. In real implementations, the soft output from the
RAKE receiver is quantized with a limited number of bits. A quantization
with more of 8 bits is not useful, because there in no additional gain [6]. Even
with 6 bits quantization, there is no observable SNR degradation. Supposing
that 6 bits represent a signed soft value, the LUTs can be limited to 25 = 32
entries because the sign bit can be ignored. This proposed structure can be
implemented in dedicated hardware or an FPGA.

The remainder of the computation of the formula can be done after fin-
ishing the computation of the summation. Note that the speed of this com-
putation can be much lower, because it has to be done only once per received
block. Therefore, this computation can be done by a general purpose pro-
cessor, like an ARM. If everything has to be done in dedicated hardware or
FPGA, the following can be taken into account. The division by n can be
done by shifting, if n is a power of 2. This can be achieved by using only the
first 2k samples of all samples of a block, i.e. k is the greatest value such that
2k < block size. However, some accuracy is lost because the last bits of the
block are not taken into account. Furthermore, multiplication by 1

2
can be

done by shifting one step right and multiplication by 3
2

can be achieved by
summing up the value with its half, calculated as shown before. The (square)
roots can be stored in a LUT.
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Figure 4.19: Hardware Support for BER Estimation
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4.6 WCDMA Specific Estimations

The previous sections showed how a BER estimation can be made for a given
situation. It would be interesting to know, whether we can predict what
will happen with the quality when one of the parameters of the receiver
is changed. In this section we explain how to make such a prediction for
two important parameters of a RAKE receiver: the spreading factor and
the number of fingers. The spreading factor has a substantial influence on
the quality of the output of the RAKE receiver, as well as the costs. For
a control system, it would be useful to be able to estimate the effect of
doubling or halving the spreading factor on the BER (resp. (BERSFdouble)
and (BERSFhalf)). Similarly, it would be useful for the control system to be
able to estimate the effect of changing the number of fingers. The number of
used fingers of the RAKE receiver can be changed quickly by an easy local
change on the receiver. When the quality of the output of the RAKE receiver
is too bad, we would like to estimate whether it is possible to achieve the
desired quality by adding fingers. Furthermore, when the quality of output of
the RAKE receiver is sufficient, we would like to know whether it is possible
to decrease the number of fingers to save on computation costs while still
providing an sufficient QoS.

4.6.1 Spreading Factor

The BERSFhalf can be computed easily from the current BER distribution.
When the spreading factor is halved, the mean (that represents the average
soft value) of the distribution is halved as well. The central limit theo-
rem states that the formula for the standard deviation of the mean is [33]:
σM = σ/

√
n, where σ is the standard deviation of the original distribution

and n is the number of samples. The standard deviation of the BERSFhalf

distribution is equal to the standard deviation of the current BER distribu-
tion multiplied by a factor

√
2 because the number of samples is halved. The

increase of the standard deviation is caused by calculating the soft values
using only half of the amount of chips. Therefore, the reliability is less, and
the standard deviation is higher.

The BERSFdouble can be found using the same method. When the spread-
ing factor is doubled, the mean is doubled and the standard deviation should
be divided by a factor

√
2.

Table 4.4 summarizes the consequences for µ and σ resulting from a
change of the spreading factor. The estimated BER of the new situation
can be calculated using the new derived µ and σ from Table 4.4.
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double SF
µSF double = µcurrent ∗ 2

σSF double = σcurrent/
√

2

half SF
µSF half = µcurrent/2

σSF double = σcurrent ∗
√

2

Table 4.4: Consequences of Changing the Spreading Factor on µ and σ
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Delay d2Delay d2
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Figure 4.20: Estimation of µ and σ per Finger of the RAKE Receiver

4.6.2 Number of RAKE Fingers

The soft output is a combination of the correlation of the n fingers of the
RAKE receiver, which we assume to have a normal distribution. When we
also assume that:

• the output of an individual finger has a normal distribution,

• the distributions of the different fingers are independent of each other,

• the RAKE receiver uses equal ratio combining

then the following relation exists:

µs = w1µ1 + w2µ2 + . . . + wn−1µn−1 + wnµn (4.30)

σs =
√

(w1σ1)2 + (w2σ2)2 + . . . + (wn−1σn−1)2 + (wnσn)2 (4.31)

where n is the number of RAKE fingers, wi is the weight of a finger for the
combining and µi and σi are respectively the mean and the standard deviation
of the output of finger i (i = 1, . . . , n) and µs and σs are respectively the mean
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and the standard deviation of the output of the RAKE receiver as illustrated
in Figure 4.20. The values µi and σi for each finger can be calculated with
the Formulas (4.24) and (4.25) based on the output of the involved finger in
a similar way as the computation of µs and σs for the soft output values.

If the RAKE receiver uses equal ratio combining (ERC) with an equal
weight for each finger in the combination as shown in Figure 4.20, the weights
w1, . . . , wn are equal to one. If the RAKE receiver uses maximum ratio com-
bining (MRC) instead of equal ratio combining (ERC), then — of course —
the weights for each individual finger are known and can be used for the
weights w1, . . . , wn.

Unfortunately, the output of the fingers of the RAKE receiver are not
independent of each other. A substantial dependency comes from the shift
in time between the paths, which causes non-orthogonality between the used
spreading codes. Table 4.5 shows this phenomenon by giving the received
chips using a spreading factor 8 and a delay of 2, 5, 8 and 12 chips for
respectively the second, third, fourth and fifth path. When the delays do
not change, the spreading codes are correlated continuously on the same
position. For example, the delay between the first and the second path is
two. So, when the spreading code of path two is shifted two positions to the
right and is not orthogonal with regard to the unshifted spreading code of
path one, then these two paths are not independent of each other.

Simulations show that the dependencies between the paths depends on
the actual delay between the paths (using the same spreading code for the
different simulations). Fortunately, in reality, the delays of the paths changes
constantly, so the effect is limited. However, the effect is not negligible.
To make a rough compensation, we correct the estimation with the current
deviation. For example, when the RAKE receiver operates with four fingers
and we would like to know the quality for three fingers we use the following
procedure. First, a BER estimation is made based on an estimation of the µ
and σ of the individual fingers and combining them using Formulas (4.30) and
(4.31). Next, a BER estimation is made based on the soft output values of the
RAKE receiver and a ratio is computed of the two estimated BERs. Finally,
a BER estimation is made using the three individual fingers, compensated
with the computed ratio. So, given a configuration with four RAKE fingers,
the BER for three fingers is:

Φ

(
w1µ1 + w2µ2 + w3µ3√

((w1σ1)2 + (w2σ2)2 + (w3σ3)2

)
×




Φ

(
w1µ1+w2µ2+w3µ3+w4µ4√

((w1σ1)2+(w2σ2)2+(w3σ3)2+(w4σ4)2)

)

Φ
(

µs

σs

)
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time: t0 t1 t2 t3 t4 t5 t6 t7 t8 t9 t10 t11 t12 t13 t14 t15 t16 t17 t18 t19 t20 t21 t22 t23

path1: 11 12 13 14 15 16 17 18 21 22 23 24 25 26 27 28 31 32 33 34 35 36 37 38

path2: 13 14 15 16 17 18 21 22 23 24 25 26 27 28 31 32 33 34 35 36 37 38 41 42

path3: 16 17 18 21 22 23 24 25 26 27 28 31 32 33 34 35 36 37 38 41 42 43 44 45

path4: 21 22 23 24 25 26 27 28 31 32 33 34 35 36 37 38 41 42 43 44 45 46 47 48

path5: 25 26 27 28 31 32 33 34 35 36 37 38 41 42 43 44 45 46 47 48 51 52 53 55

Table 4.5: Five Paths with Different Delays

4.7 Conclusion

This chapter introduced a method to compute an estimation of the bit error
rate based on the RAKE receiver soft output only, without knowing anything
about the channel model and all external influences. Simulations show that
the mean error of the estimation is below 2%, having only a small variation.
Implementation issues for use of the method in practice are discussed.

A main advantage of our BER estimation approach is that we are able to
predict the BER for planned changes in parameters. An additional advantage
is that we use all received data for the BER estimation and not only a limited
number of pilot symbols. Moreover, no overhead of pilot symbols is needed
for the BER estimation.
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z 0.00 0.01 0.02 0.03 0.04 0.05 0.06 0.07 0.08 0.09

-0.0 0.500 0.496 0.492 0.488 0.484 0.480 0.476 0.472 0.468 0.464

-0.1 0.460 0.456 0.452 0.448 0.444 0.440 0.436 0.433 0.429 0.425

-0.2 0.421 0.417 0.413 0.409 0.405 0.401 0.397 0.394 0.390 0.386

-0.3 0.382 0.378 0.374 0.371 0.367 0.363 0.359 0.356 0.352 0.348

-0.4 0.345 0.341 0.337 0.334 0.330 0.326 0.323 0.319 0.316 0.312

-0.5 0.309 0.305 0.302 0.298 0.295 0.291 0.288 0.284 0.281 0.278

-0.6 0.274 0.271 0.268 0.264 0.261 0.258 0.255 0.251 0.248 0.245

-0.7 0.242 0.239 0.236 0.233 0.230 0.227 0.224 0.221 0.218 0.215

-0.8 0.212 0.209 0.206 0.203 0.200 0.198 0.195 0.192 0.189 0.187

-0.9 0.184 0.181 0.179 0.176 0.174 0.171 0.169 0.166 0.164 0.161

-1.0 0.159 0.156 0.154 0.152 0.149 0.147 0.145 0.142 0.140 0.138

-1.1 0.136 0.133 0.131 0.129 0.127 0.125 0.123 0.121 0.119 0.117

-1.2 0.115 0.113 0.111 0.109 0.107 0.106 0.104 0.102 0.100 0.099

-1.3 0.097 0.095 0.093 0.092 0.090 0.089 0.087 0.085 0.084 0.082

-1.4 0.081 0.079 0.078 0.076 0.075 0.074 0.072 0.071 0.069 0.068

-1.5 0.067 0.066 0.064 0.063 0.062 0.061 0.059 0.058 0.057 0.056

-1.6 0.055 0.054 0.053 0.052 0.051 0.049 0.048 0.047 0.046 0.046

-1.7 0.045 0.044 0.043 0.042 0.041 0.040 0.039 0.038 0.038 0.037

-1.8 0.036 0.035 0.034 0.034 0.033 0.032 0.031 0.031 0.030 0.029

-1.9 0.029 0.028 0.027 0.027 0.026 0.026 0.025 0.024 0.024 0.023

-2.0 0.023 0.022 0.022 0.021 0.021 0.020 0.020 0.019 0.019 0.018

-2.1 0.018 0.017 0.017 0.017 0.016 0.016 0.015 0.015 0.015 0.014

-2.2 0.014 0.014 0.013 0.013 0.013 0.012 0.012 0.012 0.011 0.011

-2.3 0.011 0.010 0.010 0.010 0.010 0.009 0.009 0.009 0.009 0.008

-2.4 0.008 0.008 0.008 0.008 0.007 0.007 0.007 0.007 0.007 0.006

-2.5 0.006 0.006 0.006 0.006 0.006 0.005 0.005 0.005 0.005 0.005

-2.6 0.005 0.005 0.004 0.004 0.004 0.004 0.004 0.004 0.004 0.004

-2.7 0.003 0.003 0.003 0.003 0.003 0.003 0.003 0.003 0.003 0.003

-2.8 0.003 0.002 0.002 0.002 0.002 0.002 0.002 0.002 0.002 0.002

-2.9 0.002 0.002 0.002 0.002 0.002 0.002 0.002 0.001 0.001 0.001

-3.0 0.001 0.001 0.001 0.001 0.001 0.001 0.001 0.001 0.001 0.001

Table 4.6: Z-table for z < 0
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Chapter 5

BER Estimation Evaluation

Chapter 4 describes the BER estimation method for BPSK/QPSK
modulation. This chapter describes a sensitivity analyses of the
BER estimation method. The main goal is to get insight into
the consequences of violating assumptions or constraints and the
consequences of implementation specific simplifications.

This chapter describes a sensitivity analysis of the BER estimation method.
First, we identify different effects which may be the cause of errors in the
estimation. Second, we investigate the impact of a particular cause on the
introduced error.

Two main categories of estimation errors are:

1. Violation of assumptions or constraints of the BER error estimation
method.

2. Implementation specific simplifications of the BER estimation method.

The main goal is to get a feeling about the consequences of violating as-
sumptions or constraints and the consequences of implementation specific
simplifications of the BER estimation method. It is not the goal to obtain
a mathematical framework to describe the different effects. It requires a lot
of effort, if it is possible at all, to describe the relations between the com-
bined effects in an analytical way. Furthermore, most of the effects only have
a little impact on the error of the BER estimation. We discuss the effects
for the BPSK/QPSK case. However, this approach can be applied to other
modulation schemes as well.

We start with the evaluation of the BER estimation method for a channel
with ideal behavior, i.e. the transmitted bits are distorted with a perfect
normal distribution.

87



CHAPTER 5. BER ESTIMATION EVALUATION

5.1 Definitions

The distribution of the received soft values is composed of two distinct dis-
tributions for the transmitted ones and zeros. To avoid confusion between
all different distributions and parameters, we define the following terms:

• dist0 : the distribution of the original transmitted zeros.

• µ0 : the mean of dist0

• σ0 : the standard deviation of dist0

• dist1 : the distribution of the original transmitted ones.

• µ1 : the mean of dist1

• σ1 : the standard deviation of dist1

• p0 : the probability that a bit in a frame is zero.

• p1 : the probability that a bit in a frame is one (p1 = 1 − p0).

• distsoft : the distribution of the soft values, i.e. of the composed dis-
tributions p0 × dist0 + p1 × dist1.

To avoid problems due to limited number of samples, the investigations use
continuous functions to describe the distributions.

5.2 Possible Causes of BER Estimation Er-

rors

This section briefly summarizes the possible causes of a BER estimation
error. We consider the following situations

1. Dist0 and dist1 are not mirrored around the y-axis (Section 5.3):

• µ0 6= µ1.

• σ0 6= σ1.

• p0 6= p1.

2. The distributions dist0 and/or dist1 are not normal (Section 5.4).

3. Non linearity of the Φ function (Section 5.5).
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4. Implementation specific simplifications (Section 5.6), for example:

• Bias introduced by computation of moments without a correction
factor.

• Errors in the computation of function Φ resulting from a lookup
table or approximation of function Φ by a simple function.

• Quantization of symbols by a limited number of bits.

5. Power variation, resulting in drifting of the mean (Section 5.7).

5.3 Asymmetric distributions dist0 and dist1

In this section we investigate the effect of asymmetry between the two dis-
tributions normal dist0 and dist1. As we already saw in Section 4.2.1, an
unequal probability of both distributions has no effect on the estimator as
long as both distributions are normal distributed.

First, we investigate the effect of different means of the dist0 and dist1.
Second, we investigate the effect of different standard deviations of dist0 and
dist1.

To do our investigations, we do not use a sampled distribution distsoft
because this already introduces errors due to the sampling, but a distribution
that is composed from two normal distributions dist0 and dist1 that both
are given by a continuous function of a normal distribution.

n(x) =
1

σ
√

2π
e
−(x − µ)

2σ2

2

(5.1)

describes a normal distribution, where the parameter µ denotes the mean of
the distribution and σ the standard deviation.

In the ideal case, the distribution of the received soft values is a combina-
tion of two mirrored perfect normal distributions with µ0 = -µ1 and σ0=σ1.
This distribution distsoft(x) is given by:

distsoft(x) = p0 ∗
1

σ0

√
2π

e
−(x − µ0)

2σ2
0

2

+ p1 ∗
1

σ1

√
2π

e
−(x − µ1)

2σ2
1

2

(5.2)

In all cases our starting point is a distribution with:
µ0 = −8, µ1 = 8, σ0 = 8, σ1 = 8, p0 = 0.5, p1 = 0.5.
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5.3.1 Asymmetric Means

We changed the mean of dist1 to 7. This simulates asymmetric means of
both distributions (we have µ0=-8, µ1=7, σ0=8, σ1=8). The estimated mean
µ̂ is 7.500037037 and the estimated standard deviation σ̂ is 8.015575116. The
estimated mean µ̂ is about the mean of the absolute values of µ0 and µ1 and
also the estimated standard deviation σ̂ is reasonable good.

In order to get an indication that in a given scenario asymmetry means
are given, we may look at the mean of the distribution distsoft of the soft
values. When the means of the distributions dist0 and dist1 are exactly
opposite, the mean of the distribution of the soft values is exactly zero. In
the above case this mean is -0.5. This can be used as an indication that |µ0|
is about 1 larger than µ1, resulting in an estimation of µ̂0 = 8.000037037 and
µ̂1 = 7.000037037.

5.3.2 Asymmetric Standard Deviations

We changed the standard deviation of distribution dist1 to 7. This simu-
lates asymmetric standard deviations of both distributions (we have µ0=-8,
µ1=8, σ0=8, σ1=7). The estimated mean µ̂ is 7.958479140 and the esti-
mated standard deviation σ̂ is 7.560595861. The correct standard deviation
σ =

√
(σ2

0 + σ2
1)/2 =

√
(82 + 72)/2 =

√
113/2 = 7.516648189. The behavior

is a bit worse compared to an asymmetric mean, but still the estimated mean
µ̂ is reasonable good and the estimated standard deviation σ̂ is about the
mean of σ0 and σ1.

5.3.3 In a Real Situation

It is not very likely that distributions dist0 and dist1 will differ significantly
from each other. Due to the used scrambling, the zeros and ones are shuffled
and the two distributions are susceptible to the same external influences. It
is more likely that the distributions are not normal, e.g. the distribution are
higher and smaller compared to a normal distributions and/or the distribu-
tions have a tail on one side.

5.4 Not-normal Behavior

The BER estimation method assumes that the received distribution distsoft
is composed of two distributions dist0 and dist1 that are normal distributed.
The first subsection describes what will occur when these distributions are
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not normal distributed for a specific example. The second and third sub-
section discuss two reasons why our model of distribution distsoft (that is a
composition of two normal distributions) may differ from the received distri-
bution.

5.4.1 Effect of Deviations between Model and Received
Distribution

We create a distribution ss composed from two distributions that remains
symmetric, but for given µ and σ, we do not use normal distributions, but
distributions that are ’higher’ or ’lower’ than a normal distribution. A way
to achieve such ’higher’ or ’lower’ distributions is to consider:

nα =
(n(x))α

∫ ∞

−∞
(n(x))α dx

(5.3)

i.e., we take a normal distribution to the power of α and depending on α
we get a ’higher’ (α > 1) or a ’lower’ (α < 1) distribution. If we apply this
change to both distributions dist0 and dist1, we get the following distribution
ss of the soft output for α = 2:

ss(x) = p0 ∗

(
1

σ0

√
2π

e
−

(x−µ0)

2σ
2
0

2
)2

∫ ∞

−∞

(
1

σ0

√
2π

e
−

(x−µ0)

2σ
2
0

2
)2

dx

+ p1 ∗

(
1

σ1

√
2π

e
−

(x−µ1)

2σ
2
1

2
)2

∫ ∞

−∞

(
1

σ1

√
2π

e
−

(x−µ1)

2σ
2
1

2
)2

dx

(5.4)
The standard deviation σ of this distribution ss is given by:

σ =

√√√√√√√√√√

∫ ∞

−∞




(
1

σ1

√
2π

e
−

(x−µ1)

2σ
2
1

2
)2

∫ ∞

−∞

(
1

σ1

√
2π

e
−

(x−µ1)

2σ
2
1

2
)2

dx




2

dx = 5.325341455 (5.5)

For µ0 = −8, µ1 = 8, σ0 = 8, σ1 = 8, p0 = p1 = 0.5), the estimated mean is
8.000000005 and the estimated standard deviation is 5.656854244, resulting
in an estimated BER of Φ( −8

5.656
) = 0.079.

The resulting exact BER of ss is given by:
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BER =

∫ 0

−∞

nα(x) dx = 0.07864960354. (5.6)

Figure 5.1 depicts the function ss as well as the approximation with two
normal distributions.

Although the deviation between the real and estimated µ and σ is larger
than in Section 5.3, the estimated BER is almost equal to the real BER.

s_s
normal approximation
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Figure 5.1: Function ss Approximated with Two Normal Distributions

5.4.2 Tail Behavior

In general, an approximation of a distribution by samples is good in regions
with a lot of samples and bad in regions with only a few samples. For
’normal’ channel conditions, (see e.g. Figure 5.1), the approximation in the
region around the means of the two distributions dist0 and dist1 is good, and
only the approximation in the region of the tails is bad. We approximate the
distribution of the soft values with a distribution that is the composition of
two normal distributions. The larger deviation in the tail of distribution ss

is caused by the limited number of values in the tail.
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Our estimators use the second and fourth moment of the distribution of
the soft values. However, the most extreme soft values are the most unreliable
ones. The error introduced in the tail becomes larger in the estimators due
to the power of two or four in the formula for the second or fourth moment,
i.e. the introduced error in the estimators is not linear. When the soft values
in the tail are too large (compared to a normal distribution), the resulting
error in the fourth moment is larger then when the soft values are too small.

This asymmetric behavior introduces a systematic failure. In the µ esti-
mator, the fourth moment is subtracted from the squared second moment.
However, the second moment is first divided by the number of samples n, be-
fore it is squared. So, the error in the term with the squared second moment
becomes smaller compared to term with the fourth moment. Therefore, we
expect that the average estimation of the mean is slightly too low. Further-
more, the σ estimator depends on the µ estimator. If the µ estimator is too
low, the σ estimator will be too high. Because the estimated BER depends
on the ratio of µ̂ and σ̂, the deviation in BER estimation is even larger.

Fortunately, this error is introduced only for a few soft values in the tail
and therefore the introduced error is small and in most cases negligible.

A ’Bad’ Tail Example

A method to check for normality is to represent the cumulative distribution
in a scaled way, such that for a normal distribution the resulting figure gives
a straight line. Probability paper is a tool to make such a representation.
The y-axis represents the values of the cumulative function Φ(p) instead of
probability p(x). Figure 5.2 depicts the print of a distribution on probability
paper for the soft value outputs of one frame from a certain simulation and
for a normal distribution resulting in a straight line. As can be seen from the
figure, especially in the area below 1% and above 99%, the given distribu-
tion deviates from a normal distribution. The figure shows the non normal
behavior for the tail.

Figure 5.3 depicts another way to check for normality. The vertical y-
axis represents the ordered observations and the horizontal x-axis represents
the statistics medians of the calculated z values (z = −µ/σ). For a normal
distribution, this results in a straight line. Figure 5.3 shows also clearly that
the distribution is not normal. The largest deviation can be seen in the
area z < −3 and z > 3. However, the area for z < −3 and z > 3 is only
0.13% of the total distribution. Therefore, the values in this area are relative
unimportant.
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Figure 5.3: Statistic Medians of the
Calculated z Values

5.4.3 Limited Number of Samples

If a distribution d is sampled with a limited number of samples, an error
is introduced in the calculated sample mean µs and sample mean σs. The
calculated sample mean µs differs slightly from the µ of the distribution d
and the same holds for the calculated σs. Using more samples gives a better
approximation of the real µ and σ.

The sample mean µs varies around the mean µ of distribution d (this
variance is also normal distributed). The standard deviation of the mean µs

of the sampling distribution is equal to σ/
√

n, where n denotes the number of
samples and σ is the standard deviation of the distribution d [33]. Therefore,
more samples leads to a better estimation of the mean µ of distribution d. In
other words, the sample mean µs converges to the mean µ of the distribution
when n increases. Also the sample standard deviation σs (second moment)
converges to the standard deviation σ of the distribution d [33]. The standard
deviation sd of the sampling distribution of the standard deviation σs is:

sd =

√
σ4

n

[
µ4

σ4
− n − 3

n − 1

]
, (5.7)

where σ is the standard deviation of the distribution d, n denotes the number
of samples and µ4 denotes the fourth moment.

We also use the fourth moment in our estimators. Also the estimation of
the higher moments becomes better when more samples are used.

The behavior that the sample mean and standard deviation converges
to the mean and standard deviation of the distribution as the number of
samples increases is called the law of large numbers.
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5.5 Non Linearity of Φ Function

To calculate an estimation of the BER, we calculate B̂ER = Φ(−µ̂/σ̂). How-
ever, in our method −µ̂/σ̂ is only an estimate and may differ from the correct
value −µ/σ; i.e. −µ̂/σ̂ = −µ/σ ± δ. However, the Φ function that repre-
sents the area under the standard normal distribution is not linear (see also
Figure 5.4), because (for δ 6= 0):

∣∣∣Φ
((

−µ

σ

)
+ δ

)
− Φ

(
−µ

σ

)∣∣∣ 6=
∣∣∣Φ

((
−µ

σ

)
− δ

)
− Φ

(
−µ

σ

)∣∣∣ . (5.8)

Assuming that the distribution of δ is symmetric, this leads to an error in
the BER estimation. More precisely, depending on the value of −µ/σ an
structural overestimation or underestimation may occur. For the range of
Φ, which is of most interest for our applications (BER < 20%), we get a
structural overestimation. The amount of overestimation depends on the
distribution of δ.

(

(

Figure 5.4: Consequences of Asymmetry of Φ Function

5.6 Implementation Specific Simplifications

This section gives a number of examples of implementation specific simpli-
fications to reduce the complexity and the required computation that may
introduce small errors in the BER estimation. During the implementation a
trade-off between accuracy and implementation costs has to be made.

• A computation of the cumulative distribution function Φ may be im-
plemented by a lookup table or an approximation by a polynomial.
A lookup table introduces an error because the input value has to be
rounded to the nearest index of the limited lookup table, whereas the
approximation by a polynomial is inaccurate by definition.
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• Estimates of the xth moments are calculated from the samples with∑n

i=1 wx
i /n, where n denotes the number of samples and w1, . . . , wn the

specific samples. This estimation is biased and should be corrected with
a correction factor. Section 4.2.2 gives the correction terms to obtain
an estimate of the moments without bias. The correction factor for
the second moment is simple, but the correction factors for the higher
moments become more complicated. For a large number of samples
this correction factor might be omitted, but it will introduce a small
error. For example, the introduced bias error in the second moment
estimator using 10.000 samples is about 0.01%.

• The values of the soft values are quantized to a limited number of
bits. This introduces a quantization error. Due to the non linearity of
the Φ function, this will introduce a small structural overestimation of
the BER as explained in section 5.5. The size of the introduced error
depends on the number of quantization bits and the ratio of −̂µ/σ̂.
Less quantization bits introduces a larger rounding error. A larger
−̂µ/σ̂ ratio gives a smaller overestimation (see Figure 5.4).

5.7 Power Variation

An inperfect power control leads to drifting of the mean. This introduces an
overestimation or underestimation, depending on the direction of the drift.
The Ericsson simulations that are performed without power control illustrates
this phenomenon (see Figure 4.13).

5.8 Ideas for Corrections

When the BER estimation is not accurate enough, there are several ways to
improve the estimation. This section describes some possible directions to
examine. The outline of the directions is sketched; a detailed description will
not be given.

5.8.1 Test for Normal Distribution Assumption

Several checks exist to verify how well a given distribution fits to a normal
distribution. However, the received distribution of symbols is a combina-
tion of two normal distributions. Although it is theoretically possible to test
whether the received data fits to the assumed distribution, in practice such a
test requires too much effort. The high sample rate (e.g. up to 12 MSamples/s
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for HiperLAN/2) makes this kind of exercises impossible. Therefore, simpler
— maybe less informative — methods should be developed to obtain infor-
mation about the validity of the assumption that the received distribution
might be approximated with a combination of two normal distributions.

5.8.2 Information of Moments

A distribution is completely specified once all its moments are known [32].
However, many distributions can be adequately described by the first four
moments. Based on this information we may obtain more information of
the distribution and adapt the estimation to this information. The first
four moments give the following information (independent of the kind of
distribution):

• first moment m1=µ: mean
When the first moment of softdist is not equal to zero, it is known
on beforehand that the assumption that the distribution of the soft
outputs is a combination of two normal distributions with an opposite
mean (i.e. µ1 = µ0) is not correct.

• second moment m2: variation.
The second moment gives the standard deviation by σ =

√
m2.

• third moment m3: the asymmetry or skewness of a distribution.
A symmetric distribution has a third moment of 0. The quantity

√
β1 =

m3/m2
3
2 measures the skewness of the distribution relative to its degree

of spread. This standardization allows to compare the symmetry of two
distributions whose scales of measurement differ.

• fourth moment m4: the peakedness or kurtosis of the distribution.
The quantity β2 = m4

m2
is a relative measure of the kurtosis. For a stan-

dard normal distribution β2 = 3. A higher β2 means that a distribution
is more peaked. This information can be used to detect non normal
behavior such as described in Section 5.4.1.

In our estimators, we already compute the first, second and fourth moment of
the distribution of the soft values. Maybe this might be useful to correct for
some effects. E.g. if the first moment of the soft values is not zero, then the
assumption that the softoutput can be modeled by two normal distributions
with an equal mean might be not valid, and we may correct µ0 and µ1 by
+µ1/2 or −µ1/2.

Most interesting properties for us, as mentioned before, are the skewness
and the peakedness of the distributions. However, the soft values are not a
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normal distribution but the addition of two normal distributions. Thus, it
maybe of interest to look for methods to check how well the soft values fits
to the addition of the distributions dist0 and dist1 based on the estimated
parameters µ and σ.

5.9 Pilot Symbols

An alternative to the presented BER estimation method is to make a BER
estimation using pilot symbols. With a BER estimation based on pilot sym-
bols, it is important to know how many pilot symbols are needed to make
an accurate estimation. The required number of samples depends on three
parameters:

• E: The maximum allowable error in the estimation.
The estimated probability p̂ may not differ more than ±E from the
real probability p.

• significance α: In at most α % of the cases the estimated p̂ differs more
than ±E from the real probability p.

• p: The number of samples that is required to make an accurate esti-
mation depends on p, where p is the real probability.
When p is near 0.5, more samples are required then in the case when
p is further away from 0.5 [32]. Because we do not know p, we use the
worst case situation with p=0.5 for the following calculations.

The question is: How many pilot symbols (n) have to be evaluated to
obtain an estimate p̂ of the BER that is within a factor ±E from the real
BER p with a probability of 1-α? Following [32], we have:

n =
p̂(1 − p̂)

E2
z2
1−α

2
, (5.9)

where z1−α

2
designates the (1-α

2
) point of the standard normal distribution.

The value z1−α

2
is 1.96, 2.58 and 2.81 for α=0.05, 0.01 and 0.005 respectively.

Table 5.1 denotes the required number of samples for a few specific cases.
The given numbers show that a lot of pilot symbols are required to obtain
a high accuracy of the BER estimation based on pilot symbols. In the next
two sections, we take a look at how many pilot symbols are actually used in
the HiperLAN/2 and UMTS standards.
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H
H

H
H

H
H

1-α
E ±0.01 ±0.005 ±0.0025

0.95 9.604 38.416 153.664
0.99 16.641 66.564 266.256
0.995 19.740 157.922 315.844
0.999 960.400 1.664.100 1.974.025

Table 5.1: Minimum Number of Samples n Required to Estimate p̂ within
p ± E with Probability (1-α) % for p̂=0.5.

5.9.1 HiperLAN/2

In HiperLAN/2 the symbols are send in parallel over 52 channels. 48 channels
are used for data, 4 channels are used for pilot symbols. So, for every 13 data
symbols, 1 pilot symbol is transmitted. This is an overhead of about 7.7%.
However, already for α = 0.05 and E = 0.01 this means that an estimation of
the BER is done over a period where 9.604 * 13 = 124852 bits are transmitted.

5.9.2 UMTS

The number of pilot symbols in UMTS depends on several parameters. Fig-
ure 5.5 depicts the number of pilot symbols for the downlink. It is expressed
in number of bits per slot. Column 6+7 denote the number of data bits in a
slot and column 10 denotes the number of pilot bits per slot. A slot contains
always 2560 chips; equal to 2560

SF
bits. The pilot symbol overhead varies be-

tween 1.28% for low spreading factors to 100 (!)% for high spreading factors.
So, in some situations, the number of transmitted data bits and the number
of transmitted pilot bits are the same.

5.9.3 Conclusion

To obtain a BER estimation with a high accuracy, a lot of pilot symbols
are needed. The number of bits used for pilot symbols in existing systems
is substantial. The performance of the presented BER estimation method
is comparable to BER estimation based on pilot symbols, whereas no extra
symbols have to be transmitted. Therefore, the overhead of the presented
BER estimation method is less.
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5.10 Conclusion

The µ̂ and σ̂ estimators are accurate for an ideal situation, i.e. there are no
structural errors in the estimators. An unequal number of zeros and ones
in a frame does not affect the performance of the estimators significantly.
Asymmetry in mean or standard deviation of the distribution of ones and
zeros are expected to be small due to the used scrambling, the zeros and ones
are shuffled and susceptible to the same external influences. The asymmetry
in mean and standard deviation leads to understandable deviations. An
asymmetry in the mean only slightly influences a correct estimation of the
standard deviation. Likewise, an asymmetry in the standard deviation does
hardly influence a correct estimation of the mean.

Implementation specific issues might introduce errors in the estimation.
A trade-off has to be made between the accuracy of the BER estimation and
the cost of implementation.

Inaccurate power control introduces problems in the BER estimation.
However, power control is vital for wireless communication. In case of in-
sufficient power control, the quality of the wireless communication degrades
heavily.

The most serious threat for an accurate estimation is the assumption
that the received distribution is a combination of two normal distributions.
It is not trivial to detect nor to correct for such non-normal behavior. Using
more samples gives a better approximation of the assumed distribution and
is the best way to prevent (large) estimation errors. Disadvantage of a large
number of samples is a slower response to a changing environment. A more
dynamic channel requires a faster response. A trade-off should be made
between the accuracy of the BER estimation for a ’relatively’ static channel
and the response speed to a fast changing channel.
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Table 11: DPDCH and DPCCH fields

DPDCH
Bits/Slot

DPCCH
Bits/Slot

Slot
Format

#i

Channel
Bit Rate
(kbps)

Channel
Symbol

Rate
(ksps)

SF Bits/
Slot

NData1 NData2 NTPC NTFCI NPilot

Transmitted
slots per

radio frame
NTr

0 15 7.5 512 10 0 4 2 0 4 15

0A 15 7.5 512 10 0 4 2 0 4 8-14

0B 30 15 256 20 0 8 4 0 8 8-14

1 15 7.5 512 10 0 2 2 2 4 15

1B 30 15 256 20 0 4 4 4 8 8-14

2 30 15 256 20 2 14 2 0 2 15

2A 30 15 256 20 2 14 2 0 2 8-14

2B 60 30 128 40 4 28 4 0 4 8-14

3 30 15 256 20 2 12 2 2 2 15

3A 30 15 256 20 2 10 2 4 2 8-14

3B 60 30 128 40 4 24 4 4 4 8-14

4 30 15 256 20 2 12 2 0 4 15

4A 30 15 256 20 2 12 2 0 4 8-14

4B 60 30 128 40 4 24 4 0 8 8-14

5 30 15 256 20 2 10 2 2 4 15

5A 30 15 256 20 2 8 2 4 4 8-14

5B 60 30 128 40 4 20 4 4 8 8-14

6 30 15 256 20 2 8 2 0 8 15

6A 30 15 256 20 2 8 2 0 8 8-14

6B 60 30 128 40 4 16 4 0 16 8-14

7 30 15 256 20 2 6 2 2 8 15

7A 30 15 256 20 2 4 2 4 8 8-14

7B 60 30 128 40 4 12 4 4 16 8-14

8 60 30 128 40 6 28 2 0 4 15

8A 60 30 128 40 6 28 2 0 4 8-14

8B 120 60 64 80 12 56 4 0 8 8-14

9 60 30 128 40 6 26 2 2 4 15

9A 60 30 128 40 6 24 2 4 4 8-14

9B 120 60 64 80 12 52 4 4 8 8-14

10 60 30 128 40 6 24 2 0 8 15

10A 60 30 128 40 6 24 2 0 8 8-14

10B 120 60 64 80 12 48 4 0 16 8-14

11 60 30 128 40 6 22 2 2 8 15

11A 60 30 128 40 6 20 2 4 8 8-14

11B 120 60 64 80 12 44 4 4 16 8-14

12 120 60 64 80 12 48 4 8* 8 15

12A 120 60 64 80 12 40 4 16* 8 8-14

12B 240 120 32 160 24 96 8 16* 16 8-14

13 240 120 32 160 28 112 4 8* 8 15

13A 240 120 32 160 28 104 4 16* 8 8-14

13B 480 240 16 320 56 224 8 16* 16 8-14

14 480 240 16 320 56 232 8 8* 16 15

14A 480 240 16 320 56 224 8 16* 16 8-14

14B 960 480 8 640 112 464 16 16* 32 8-14

15 960 480 8 640 120 488 8 8* 16 15

15A 960 480 8 640 120 480 8 16* 16 8-14

15B 1920 960 4 1280 240 976 16 16* 32 8-14

16 1920 960 4 1280 248 1000 8 8* 16 15

16A 1920 960 4 1280 248 992 8 16* 16 8-14

Figure 5.5: Number of Control and Data Bits per Slot for UMTS [3]
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Chapter 6

Efficient UMTS

This chapter 1 describes a method to achieve an energy-efficient
UMTS receiver. The main idea is to adapt a RAKE receiver
to the current environment at run-time to minimize the total
amount of effort while achieving the requested quality of service.
This requires insight into the relation between the performance of
forward error correction coders that are used within UMTS and
the performance the RAKE receiver that is used for a wide-band
code division multiple access link. A control system is built and
used to demonstrate how the proposed method can be used in
practice.

6.1 Introduction

In this chapter we explore the possibilities to achieve an efficient third gen-
eration wireless link. The research focuses mainly on the mobile terminal,
because energy efficiency is much more relevant for the mobile as for the
base station. However, most of the ideas that apply to the mobile terminal,
apply to the base station as well. Furthermore, the research is limited to
the reception of data and not the transmission of data. This has two main
reasons. First, in general there is much more down-link traffic than up-link
traffic. Second, if forward error coding is used, the decoder is more compli-
cated than the encoding. This makes the decoding side a more interesting

1The first part of this chapter (simulation results) has been presented at International
Conference on Third Generation and beyond in San Francisco, May 2002 [67].

The second part of this chapter (control system and results) has been presented at the
International Conference on Advances in Mobile Multimedia in Jakarta, Sept. 2003 [68].
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candidate to optimize than the encoding side.
In this chapter, we focus on the RAKE receiver and the turbo decoder for

the down-link. As will become apparent later, it is useful to investigate the
combination of these two components. The goal is to adapt both components
to minimize the amount of effort while delivering an adequate quality of
service. This adaptation should be done at run-time due to the permanent
changing environment. These adaptations will be done by a control system.
Figure 6.1 shows this configuration.

Rake receiverRake receiver Turbo decoderTurbo decoder

Bit error rate 
estimation unit

Bit error rate 
estimation unit

Control systemControl system

Parameters

for RAKE

receiver

Channel

estimation Parameters

for turbo

decoder

bits to 

higher layer

soft 

bits

signal 

from 

channel

Requested

quality

Figure 6.1: The Control System of the Terminal

To achieve an energy-efficient UMTS link, a trade-off between QoS and
cost has to be made. The first step is to identify the QoS requested by the
end user. The second step is to minimize the costs to achieve this minimum
QoS.

The required QoS by the end-user, may be expressed in different (orthog-
onal) metrics, e.g.

• the perceived quality, e.g.

– the number of incorrectly received frames (FER)
– throughput (e.g. in bits/s)
– delay (e.g. is retransmission of frames allowable)

• the costs
• the security

Most definitions of QoS consider the perceived quality only. However,
there is a direct relation between the perceived quality and for example the
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costs. A mobile that runs twice as long with the same perceived quality has
a better QoS. Especially for a mobile, the costs are not negligible. Therefore,
we will consider the costs as an essential part of the QoS.

The end-user/application receives his data via the FEC decoder (see Fig-
ure 6.1). The output of the forward error correction decoder is a frame.
Usually, the end-user requires frames without errors, except for some specific
data types such as used for uncompressed video or voice. So, even if the
frame contains only one single bit error, the whole frame is useless. However,
depending on the application, an incorrectly received frame usually can be
retransmitted. In case of streaming applications, e.g. video, retransmission
of an incorrect received frame is useless because the retransmitted frame will
arrive too late to be useful. Because the FEC decoder delivers frames to the
end-user, the quality measure after the FEC decoder is mainly at a frame
level. When the output of the RAKE receiver contains too many bit errors,
the FEC decoder is not able to decode the frame correctly. Therefore, it is
interesting to know how many bit errors a frame may contain such that the
FEC decoder is still able to decode the frame correctly (without any single
bit error). Section 6.2.1 investigates this error correcting capability of the
turbo decoder.

After investigation of the performance of a turbo decoder, Section 6.2.2
investigates the performance of a RAKE receiver for different parameter set-
tings. More important, it states the relation between the quality of the output
of the RAKE receiver and the QoS that the end-user may expect. Section 6.2
gives a short (incomplete) overview of the performance of the RAKE receiver
and turbo decoder. This will be treated in more detail in Section 6.4, but it
presents the basic mechanisms that are used for the approach in our control
system that is discussed in Section 6.6.

Section 6.3 explains how to use the results of Section 6.2 to estimate the
frame error rate (FER).

Section 6.4 discusses the capacity limit of FECs in detail. It covers the
turbo decoder as well as the Viterbi decoder and discusses also the effect of
encoding with different rates (also called puncturing).

The results of Chapter 4 and Section 6.4 gives detailed insight in the per-
formance of our system, and the relation between the quality of the wireless
link and the QoS that can be achieved for the end-user, depending on the
chosen set of parameters. Therefore, we have the building blocks to construct
a run-time control system that is able to adapt the system to achieve the re-
quested QoS with minimum effort. An example of such a control system is
given in Section 6.6.

Section 6.7 discusses the overhead of the control system introduced in Sec-
tion 6.6. Of course, the overhead of the control system should be (much) less
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then the obtained energy savings achieved by applying this control system.
Section 6.8 shows how the control system from Section 6.6 performs

for different scenarios of the external environment. The performance of an
adapted RAKE receiver is compared with different static (i.e. fixed spreading
factor and fixed number of fingers during the scenario) settings of a RAKE
receiver. Section 6.9 concludes the chapter.

6.2 Results of the Simulations

This section summarizes two series of simulations (using the simulator de-
scribed in Section 3) to get basic insight in the performance of the RAKE
receiver and the turbo decoder. The obtained results are used for the control
system presented in Section 6.6.

6.2.1 Turbo Decoder Performance

The first series of simulations examines the relation between the BER of the
input of the turbo decoder (=output of the RAKE receiver) and the BER
of the output of the turbo decoder. The objective is to find the maximum
amount of bit errors that the turbo decoder is able to correct in a frame. We
are interested in the frame error rate (FER) after the turbo decoder instead
of the BER. The performance of a turbo decoder is usually expressed in the
BER.

Figure 6.2 shows the BER of the RAKE output versus the BER of the
turbo decoder output after 10 iterations, under poor channel conditions. The
turbo decoder uses the LOG-MAP algorithm [59], 8 states, rate 1/3 and a
frame size of 3012 bits (= 3*1000+12 tail bits). Each cross represents the
relation between these two BER values (before and after turbo decoding) for
one specific received frame. This Figure gives the same kind of information
as e.g. Figure 2.7, but represented in a quite different way.

With this plot, a prediction can be made about the probability that the
turbo decoder can correct the frame as a function of the number of errors in
the input frame (that one received from the RAKE receiver). The plot shows
that this prediction can be made quite accurately. The turbo decoder has a
very steep limit in the ability to correct a frame. If the BER of the RAKE
output is more than 0.2, turbo decoding can almost never correct all the bit
errors in the frame. Applying turbo decoding on such frames is useless and
a waste of energy. If the BER at the RAKE output is smaller than 0.18,
the turbo decoder is almost always able to correct all the bit errors in the
frame. We call this capacity limit of the turbo decoder the quality limit.
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Figure 6.2: Limits of Turbo Decoding

The BER range of the RAKE output in which there is a high uncertainty
about what the result will be after the turbo decoder is small. Section 6.4
investigates this uncertainty range in more detail. Also the small probability
that a frame may still contain errors after the turbo decoder while the BER
is below the quality limit will be studied in this section. For the time being,
we will consider the quality limit as a vertical line.

Note that the figure will be different, if the distribution of the errors is
not random. In our simulation, the errors are randomly distributed over the
block. If the error distribution is not random, the performance of the turbo
decoder decreases. However, the assumption of a random error distribution is
realistic, because a large interleaver is used in UMTS. This interleaver covers
several frames. Therefore, burst errors are distributed over different frames.

6.2.2 RAKE Receiver Performance

The two most important parameters of the RAKE receiver with regard to
energy consumption and the quality of the output are the number of fingers
and the spreading factor. Another important parameter of the external en-
vironment that has a considerable influence on the quality is the number of
users. These parameters are varied in our simulation to investigate the effect
on the quality; the other parameters are conform Section 3, with SNR=1
dB. All the possible combinations with the following parameters have been
simulated: number of users = {6,24}, spreading factor = {8,16,32,64} and

107

btoutput2.ps


CHAPTER 6. EFFICIENT UMTS

number of fingers = {1,2,3}. The ranges have been limited to create an
understandable plot. For each frame, the number of errors in the received
frame is counted. This is converted to a BER for each individual frame.
Figure 6.3 shows the results of the simulations. For each set of parameters,
one cross is plotted with the spreading factor printed near the cross. The
costs of each simulation (shown on the x-axis) are computed according to
the formula in Section 6.5.1 and the quality (shown on the y-axis) is the
maximum observed BER of all the received frames. We are interested in the
maximum observed BER, because we should still be able to turbo decode
the frame with the worst quality. The figure shows lines for equal number of
fingers and equal number of users with different spreading factor. The three
lines in the left bottom corner are the situations with 6 users. The other
lines are the situations with 24 users.

As shown in Section 6.2.1, the quality of the RAKE output should have a
BER less than the quality limit of the FEC. Otherwise, the FEC is not able to
correct the frames. Furthermore, the costs should be as low as possible. For
the situation with 24 users, two sets of parameters with equal costs qualify
for these requirements: {sf=64, fingers=1} or {sf=32, fingers=2}. The first
set has a better quality (lower BER). The second set has a lower spreading
factor, resulting in a double bandwidth with the same chiprate.

With this kind of plots, it is easy to identify the most suitable set of
parameters. Depending on the requirements of the given application(s) the
most suitable set of parameters can be chosen.

6.3 Frame Error Rate Estimation

In our approach, we characterize the effects of a certain set of parameters with
two performance indicators: the quality and the required effort, respectively
expressed in bit error rate (BER) and in number of operations needed for
the digital processing (excluding control costs). Figure 6.4 depicts a possible
relationship between the quality and the required effort. A concrete example
is e.g. given in Figure 6.3. The dots represent the relation between quality
and costs for a certain parameter setting.

Due to the dynamic external environment of a UMTS terminal, the wire-
less link conditions change and therefore the quality of the output of the
RAKE receiver will change for a specific set of parameters. In Figure 6.4,
this implies that the dots will move in horizontal direction as a function of
time. When the conditions of the external environment become worse, then
a dot will move to the right and when the conditions become better, the dots
will move to the left.
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Figure 6.3: Different Parameter Settings

This horizontal movement of a dot (=the BER for a specific set of pa-
rameters) is depicted in Figure 6.5. The dot moves between BERMIN and
BERMAX. If BERMAX< quality limit, the frame error rate (FER) of the out-
put of the forward error decoder will be near zero. However, it is not always
the best choice to operate with a FER near zero due to two reasons.

First, an application may tolerate a certain amount of frames with errors.
For example, a limited amount of frames with errors may be skipped in a
video application.

Second, the goal is to minimize the energy consumption; not the FER.
Consider the situation where reducing the spreading factor sf by two will
result in a FER of 10%. Halving the spreading factor will also double the
throughput. Therefore, it might be better in terms of energy consumption
as well as throughput to halve the spreading factor and to retransmit a
few incorrect received frames, provided that the application can tolerate the
additional delay.

Therefore, knowledge of the current FER is important. To obtain the
FER, the BER of the last recent received frames should be observed. When
the channel is quite stable, the drift of the BER in time can be modeled
by a normal distribution provided the number of samples is high enough, as
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Figure 6.4: Quality/Costs Relationship for Different Parameter Settings

shown in Figure 6.6. If the BER is near the limit line, the area under the
distribution right to the limit line equals the FER. The distribution can be
computed by computing the mean and the standard deviation of the BER
of the last received frames. The FER estimation algorithm can use the same
z-table as is used for the BER estimation algorithm. The number of BER
values that are taken into account (the history) to compute the FER, should
be determined carefully. To approximate a normal distribution, the number
of BER values taken into account should be 30 or higher. However, the
history in terms of time should not be too long, because the channel can
change quickly and the FER will be based on old values. Let us consider a
worst case example, the transmission of 30 blocks with a maximum block size
of 5114 bits, turbo encoded with rate 1/3 and transmitted with a spreading
factor of 256. The chip rate of UMTS is 3.84 Mchip/s. In this worst case
scenario, the history length will be 30*5114*3*256/3.84*106 ≈ 30 seconds.
This is too long for a fast changing channel. A simple approach to overcome

quality
limit

BERMAXBERMIN

Figure 6.5: Roaming BER
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this problem is to compute an estimated BER several times for parts of a
block. A UMTS frame is defined a as a sequence of 15 slots, which contain
2560 chips each. Therefore, a UMTS frame contains 38.400 chips, which is
equivalent to 10 ms. In a worst case situation with a spreading factor of
256, a UMTS frame contains 150 soft values, enough to compute a reliable
FER. When the UMTS frame length is used, the computation of the FER
is based on a history of 30*10= 300 ms. This is short enough to adapt to a
fast changing channel.

With this method, a prediction of the FER can be made. As mentioned
before, it is interesting to know what will happen to the FER, if we halve
or double the spreading factor. With this knowledge and the results of Sec-
tion 4.6.1, a trade-off can be made between spreading factors to choose the
best one for the current situation.

6.4 Different FECs

The previous sections assumed a turbo decoder and a strict quality limit.
In this section we will study the quality limit of the turbo decoder in more
detail. Furthermore, we will examine the effect of puncturing the output
of the turbo encoder with rate=1/2 and the effect of replacing the turbo
decoder by a Viterbi decoder.

Figure 6.7 shows the error correcting capacity of a turbo decoder using
a MAX-Log-MAP algorithm with 10 iterations and rate=1/3. The x-axis
depicts the BER of a received frame after the RAKE receiver, but before
the turbo decoder. The y-axis depicts the BER of a received frame after the
turbo decoder. For each received frame, a cross shows the relation between
the BER before and after the turbo decoder. When we compare Figure 6.7
with Figure 6.2, the dotted area is wider. This is the result of the simulation
of much more blocks. The problem with this figure is that it is not known
how much crosses are printed on top of each other.

BERMIN BERMAX

���

�����	


����	

� BER

probability

BER

Figure 6.6: Distribution of the BER
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Figure 6.7: Turbo Decoder Capacity (10 Iterations) with Rate=1/3 - 646464
Blocks
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Figure 6.8: Turbo Decoder Capacity (10 Iterations) with Rate=1/2 - 768768
Blocks
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Figure 6.9: Viterbi Decoder Capacity with Rate=1/2 - 1.000.000 Blocks

Figure 6.8 shows the capacity of a turbo decoder using a MAX-Log-MAP
algorithm with 10 iterations and rate=1/2. As expected, the error correcting
capacity with puncturing is worse, especially for a low BER after the RAKE
receiver.

Figure 6.9 shows the error correcting capacity of the Viterbi decoder
with rate=1/2. The capacity of the Viterbi decoder is lower compared to
the capacity of the turbo decoder with rate=1/2. The shape of the figure
and therefore the characteristics of the Viterbi decoder are about the same
compared to the turbo decoder. Furthermore, the area where the FER is
uncertain (it means not certain equal to zero or to one) is about twice as
large. This means that a strict quality limit as used up to this point is no
longer valid. Therefore, a better description of the quality limit of the FEC is
required. To obtain a better description, we investigate the relation between
the BER after the rake receiver and the probability that the FEC decoder can
decode the frame in more detail. For each FEC, we make classes for the BER
after the rake receiver and determine the FER per class (with the same data
as used for the Figures 6.7-6.9). For example, we count how often a frame
is received incorrectly for all frames with a BER with a range (one class)
between [0.15 . . . 0.151). Next, we divide this number of incorrectly received
frames by the total number of frames received for this class of [0.15 . . . 0.151)
to obtain the FER for this class. The Figures 6.10-6.12 depicts these results,
with on the y-axis the probability that the frame can be corrected by the
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Figure 6.10: Frame Error Probability of Turbo Decoder with Rate=1/3 -
646464 Blocks

FEC decoder as a function of the BER after the RAKE receiver (displayed
on the x-axis).

Let us first concentrate on the frame error probability of the Viterbi
decoder as shown in Figure 6.12 because the Viterbi decoder has the longest
transition period from a FER=0 to a FER=1. The figure has the shape of
a normal cumulative distribution function (c.d.f.). If the shape is really a
normal c.d.f., the probability distribution function (p.d.f.) can be obtained
by differentiation. If the p.d.f. is known, a z-table can be used to obtain the
area under the p.d.f. right to a certain value z, which is equivalent to the
c.d.f. of z. Therefore, we fitted a c.d.f. through the points in Figure 6.12,
see Figure 6.13. The mean of the accompanying p.d.f. is equal to the value
on the x-axis if the frame error rate is 0.5 (50%). This value is obtained
by interpolation of the values obtained from the graph. Furthermore, we
use the property that the area of a p.d.f. between -1 × standard deviation
and 1 × standard deviation is exactly 68.25%. Therefore, also the sd can be
obtained from this graph. The corresponding c.d.f. is drawn as a dashed line
in Figure 6.12. The fit between the c.d.f. and the points is very accurate.
Therefore, a z-table can be used to obtain the curve depicted in Figure 6.12.

We also fit a c.d.f. to the Figures 6.10 and 6.11 of the turbo decoder with
rate 1/3 and 1/2 respectively. Also for a turbo decoder, the c.d.f. fits very
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Figure 6.11: Turbo Decoder Capacity with Rate=1/2 - 768768 Blocks
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Figure 6.12: Viterbi Decoder Capacity with Rate=1/2 - 1.000.000 Blocks
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Figure 6.13: Fitting a c.d.f. to the Frame Error Probability Graph of Fig-
ure 6.12

well to the frame probability graphs.
The frame probability graphs depends on several parameters, such as: the

used decoder, the rate, the block length, the number of memories (number
of states), etc. However, in practice not all parameters will change, e.g.
the number of memories of the turbo encoder and the rate of the turbo
encoder in UMTS is fixed. Furthermore, the range of block length is limited.
Therefore, a limited number of sets of c.d.f. parameters (µ and σ) are required
to characterize the performance of all possible FEC configurations.

6.4.1 Improved Frame Error Rate Estimation

Using the BER estimation and knowing the error correcting capacity of the
FEC decoder, we are able to estimate the probability that the FEC decoder
can correctly decode the received frame as a function of the BER after the
RAKE receiver. This is a better approximation than the straight quality
limit line introduced in Section 6.2.1. Since the BER of successive received
frames changes (slightly) even if the channel conditions are about the same,
we model the BER again with a normal distribution. The mean (µ) and
the standard deviation (σ) of this distribution are calculated over the recent
history of received frames. Figure 6.14 depicts this distribution and also the
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Figure 6.14: Frame Error Rate Estimation

probability that the FEC decoder is able to decode a frame correctly for a
certain BER. The multiplication of both functions (p.d.f. of BER and c.d.f.
of frame error probability of FEC decoder) gives the estimated frame error
rate (FER).

6.4.2 Turbo Decoder Iterations

Figure 6.15 shows the performance of a MAX-LOG-MAP turbo decoder after
1,2,3 and 10 iterations. About 2 million blocks are simulated to obtain the
data that is used for Figure 6.15. If the number of iterations of the turbo
decoder is higher, the FER becomes lower. However, the additional gain
for each next iteration decreases. Figure 6.16 shows the average number of
iterations that are necessary to correct a frame. Note that only the corrected
frames are taken into account, because we do not know the number of iter-
ations that is needed for the frames that are received with errors. The line
becomes less straight if the BER is greater than about 0.17. In this case, not
enough samples are available, because only a few blocks can be corrected.

As shown in Figure 6.15 and 6.16, the number of iterations of the MAX-
LOG-MAP turbo decoder for this situation and configuration is limited to
about 4. However, if early stop algorithms are used (see Section 2.6.2.3),
then we do not have to worry about the exact number of turbo decoder
iterations. If the frame contains too many errors, the early stop algorithm
stops the turbo decoder. Also if all the errors in the frame are corrected, the
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early stop algorithm stops the turbo decoder. Therefore, in theory always the
optimal number of iterations will be chosen. If the early stop algorithm does
not work properly, the turbo decoder stops after the predefined maximum
number of turbo decoder iterations. Therefore, we can safely use the c.d.f.
frame error probability curve of the turbo decoder after 10 iterations in our
control system.

6.5 Costs of RAKE receivers and Turbo de-

coders

To be able to make a trade-off between QoS and costs, we have to know
the consequences for the energy consumption when changes to parameters
are made. The exact energy consumption costs depends on the design and
implementation, and therefore a more abstract model is used. In this model
the costs are expressed in number of operations. This is a convenient metric,
because with this model the savings can be determined independent of an
actual implementation. So, if we reduce the number of operations, we assume
that also the energy consumption will reduce. Of course, this is not always
trivial because of implementation issues.

The second part gives a few absolute energy consumption figures (in
Joules) for implementations that have been realized in practice. These figures
are meant to get an rough indication of the energy consumption of a RAKE
receiver and a FEC decoder. However, these figures have to be interpreted
with caution as the designs are functionally different and are implemented
using different technologies and therefore difficult to compare. The actual
energy consumption cost is direct related to the technology that is used for
the implementation.

6.5.1 Relative Costs

6.5.1.1 RAKE receiver

This section describes the variable costs part of a RAKE receiver. The RAKE
receiver has also a static base cost part that always consumes energy when the
RAKE receiver is turned on. These base costs are implementation dependent
and can not be adapted. Therefore, this section considers the variable cost
part of the RAKE receiver only.

Each finger of a RAKE receiver performs a correlation of the incoming
chips (received signals) with a spreading code. Table 6.1 shows the action
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nr. action costs
1. for each finger: multiply each chip with spreading code f * sf
2. add the chips for each individual finger f * (sf-1)
3. multiply result from action 2. with weight of path f
4. add result of action 3. to get the soft output bit f-1

———— +
Total: (2*f*sf)+f-1

Table 6.1: Number of Operations Necessary for RAKE Receiver

performed by a RAKE receiver and the number of operations necessary for
each action.

First, per finger sf multiplications per bit have to be done (for the corre-
lation), where sf is the spreading factor. These multiplications are relative
simple, because the PN-codes only contain 1 and -1 elements. Therefore, the
costs for all operations (including multiplication) are considered to be the
same. Second, the results of the different chips have to be added per finger,
requiring sf − 1 additions (in our implementation). Third, the result of each
finger is multiplied with a weight for the specific path when maximum ratio
combining (MRC, see Section 4.6.2) is used. Finally, the results of the dif-
ferent fingers are added to combine the results to one soft output. So, the
total number of operations per bit needed for the computations of the RAKE
receiver are about 2 · sf · f , where f is the number of fingers.

The order of the operations can also be changed. E.g. when the input
of the fingers are delayed and added together, the multiplication with the
spreading code has to be done only once. However, when maximum ratio
combining is used, all the chips have to be multiplied with the weight of the
specific path, before the chips of the different paths are added. Table 6.2
shows that the total costs are higher. However, the order of Table 6.2 is
better when equal ratio combining is used.

nr. action costs
1. for each finger: multiply each chip with weight f * sf
2. add the chips for each individual finger f * (sf-1)
3. multiply result from action 2. with spreading code sf
4. add result of action 3. to get the soft output bit sf-1

———— +
Total: (2*f*sf)+2*sf-1

Table 6.2: Number of Operations Necessary for RAKE Receiver (order 2)
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Note that correlators (same computation costs as for the fingers) are
needed for channel estimation and searching as well, so the number of corre-
lators is larger than the number of fingers. Moreover, most RAKE receiver
designs are more complex (having tracking algorithms, advanced filters, etc.)
that make the performance better and the computational complexity higher.
For example, most RAKE receiver implementations use three correlators to
implement tracking. The exact costs depend on the design and implementa-
tion, but the most relevant observation is that the costs are linear propor-
tional with the number of fingers and the spreading factor. In our simulation
we use the order as shown in Table 6.1, because it is the cheapest when using
maximum ratio combining.

Normally, the spreading factor is larger than the number of fingers. There-
fore the used spreading factor is the most dominant factor in the computation
costs of a RAKE receiver.

6.5.1.2 Turbo decoder

In a turbo decoder, the number of operations per bit is approximately linear
with the number of iterations of the turbo-decoding algorithm. Several dif-
ferent turbo decoding algorithms exist with different costs and performance
characteristics. Three frequently used algorithms are Log-MAP, Max-Log-
MAP, and SOVA, in order of performance. The costs per bit are shown in
Table 6.3, taken from [59], where M denotes the number of memories of the
turbo encoder.

Operation Max-Log-Map Log-MAP SOVA

max ops 5 x 2M -2 5 x 2M -2 3(M+1)+2M )

additions 10 x 2M+11 15 x 2M+9 2 x 2M+8

mul by ±1 8 8 8

bit comps 0 0 6(M+1)

look-ups 0 5 x 2M -2 0

total ops 15 x 2M -17 25 x 2M+13 3x2M+9xM+25

for M=3 103 213 76

Table 6.3: Computational Complexity of SISO Decoders

The encoder used in UMTS uses three memories and the two SISO mod-
ules in our turbo decoder use the Max-Log-MAP algorithm. Therefore the
costs for the turbo decoder are (in our situation) 103 operations per bit per
iteration.
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A turbo decoder contains also two (de)interleavers. The costs for these
(de)interleavers are neglected as this is only addressing a memory in the
right manner. In each iteration, the decoding algorithm is executed twice.
The number of operations needed for the turbo decoder per bit is about
n · (2 · 103), using the Max-Log-MAP algorithm and an encoder that is
conform the UMTS specification [2], where n is the number of iterations. So,
the costs are linear with the number of executed iterations. Note that these
costs are only the computational costs, e.g. control costs are not included.
However, the other costs are negligible compared to the computational costs
of the Max-Log-MAP algorithm.

6.5.2 Energy Consumption in Absolute Numbers

The energy consumption of the a WCDMA receiver and a turbo decoder
depends heavily on a specific implementation and the used technology. Nev-
ertheless, it is good to look at a few implementations found in the literature
to get a rough estimate of the energy consumption. In literature, most power
figures are given for CMOS technology and not for reconfigurable hardware.
Therefore, only power figures of ASIC implementations are given.

6.5.2.1 Analog Part of the Receiver

In [77], the implementation of the front end of a 2-GHz low-power single-
chip CMOS Receiver for WCDMA applications is described. The receiver is
implemented in 0.25µm. The receiver includes all RF components, including
the low-noise amplifier, frequency synthesizer, and mixers. The receiver also
integrates all baseband components along the in-phase and quadrature signal
paths, each of which includes a first-order high pass filter, a second order
Sallen and Key low-pass filter, and a 7-bit, 25-MS/s Σ∆ analog-to-digital
converter operating at 200 MHz. The receiver prototype achieves an 8.5-dB
noise figure, provides 41-dB voltage gain, and dissipates 106mW. More than
half of the dissipated power is spend in the ADC.

The receiver is more powerful than needed for UMTS. The receiver uses an
over sampling factor of 8, while commonly an oversample factor of 4 satisfies.
The receiver has a transmission bandwidth of 32 MHz, where UMTS uses
about 5 MHz. The receiver is capable of delivering 25 MS/s, while UMTS
needs only 3.84 MS/s. With an over sampling of 2 times as necessary for
UMTS, and the sample frequency 6 times higher, the used frequency can be
at least 12 times lower. Therefore, the power will also decrease significantly.
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6.5.2.2 Digital Part of the Receiver

In [71] the design and implementation issues of a wideband, indoor, DS-
CDMA system are described. The chipset for the terminal is implemented
in 0.8 µm CMOS technology. It provides 1 Mbit/s with DQPSK modulation
using 32 Msamples/second and a spreading factor of 64. The analog front
end uses 106.8 mWatt and the digital baseband receive chip (including a
complete RAKE receiver) uses 27.4 mWatt for 1 finger. Each additional
finger adds 4.2 mWatt.

6.5.2.3 Turbo Decoder

In [19] a design of a turbo decoder is described. The UMTS compliant 8-state
turbo decoder uses the MAX-LOG-MAP algorithm and runs at 2Mb/s with
10 iterations. The architecture is based on an application specific Very Long
Instruction Word (VLIW) processor, a data flow processor, and hard-wired
execution units. The turbo decoder design is described in synthesisable RTL
VDHL. The design is mapped to a Xilinx FPGA for functional purposes.
Power estimations have been made using a simulation based on net-lists and
power models of cells and wires. According to the simulations, the power
dissipation is about 35 mWatt in 0.18 µm. The power dissipation is divided
into 29% control flow, 43% execution and 28% data flow. Philips expects
that the same design on a general purpose RISC DSP will result in a power
consumption of about 2 Watt [19].

A design of a 4 state turbo decoder in 0.18 µm CMOS technology is
described in [76]. This design is intended for hard-disk read channels. The
used turbo encoder supplies rate 8/9 punctured data. The maximum block
length is 480 bits, making 540 bits after the turbo encoder with rate 8/9. The
decoder uses 6 iterations and is able to operate at 400 Mb/s. The estimated
power of the turbo decoder is obtained by simulations and is about 650
mWatt. The power consumption per bit is therefore less compared to the
first turbo decoder.

6.5.2.4 Viterbi Decoder

In [15] a 2 Mb/s 256-state 10-mW 1/3 rate Viterbi decoder is described. The
design is implemented in 0.5µm CMOS technology. The measured power
dissipation is about 10 mWatt.

6.5.2.5 Conclusion

Table 6.4 summarizes the dissipation of the different FEC decoders.
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Analog part of receiver 7-bits 25 MS/s in 0.25 µm CMOS 106 mW
Analog part of Wideband DS-CDMA receiver, 0.8 µm CMOS 106.8 mW

baseband receive chip, incl. RAKE receiver with 1 finger 27.4 mW
each additional finger for the RAKE receiver adds 4.2 mW

8-state UMTS turbo decoder in 0.18 µm CMOS 35 mW
4-state 6 iteration 8/9 rate turbo decoder in 0.18 µm CMOS 650 mW
2 Mb/s 256-state Viterbi decoder in 0.5µm CMOS 10 mW

Table 6.4: Power Dissipation of WCDMA Receivers and Different FEC De-
coders

6.6 Control System

This section describes a simple control system to illustrate how to use the
BER estimation algorithm (see Chapter 4), the presented estimation tech-
niques (see Section 4.6) and the characteristics of the FECs (see Section 6.4).
This template can be used to construct a more advanced control system. It
is not the goal to fine-tune the control system, because fine-tuning depends
on the specific implementation.

Although the control system controls the spreading factor and the number
of fingers, the same approach can also be used for other parameters (e.g.
puncturing, number of turbo decoder iterations, etc.). The policy of the
control system is to use the spreading factor as a coarse configuration control
and to use the fingers for the final fine-tuning. Changing the spreading factor
is more expensive and involves more delay compared to changing the number
of fingers, because for changing the spreading factor communication with
the base station is required. Therefore, the spreading factor should not be
changed too often.

The control system only changes one parameter at a time to prevent
mixing up of the effect of two changes. After a change, when the next block
is received, the quality is estimated again. With this quality, the effect of
the previous action can be measured and possibly additional actions can be
undertaken.

The basic idea of the control system is as follows: The system computes
for each received block an estimation of the BER. If the BER is too bad,
the control system tries to improve the quality. If the BER is acceptable,
the system evaluates whether it is possible to decrease the quality to save on
operating cost. This evaluation might go on for several blocks. If no better
configuration is possible, the system returns to the state before the start of
the evaluation. Therefore, it is necessary to remember the state prior to the
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start of the evaluation.
Figure 6.17 depicts a hierarchical flow chart of the control system. Each

shape in the flow chart has a number at the bottom that will be used to
refer to a specific shape. Shape 2 contains some bookkeeping and is further
explained in Subsection 6.6.1 and in Figure 6.18. Shape 5 checks whether the
estimated BER is above a predefined limit (expressed in BER). This limit
depends on several parameters, such as the used FEC, the used rate and
more specific parameters, e.g. the number of iterations of a turbo decoder
and the used decoding algorithm.

When Shape 5 concludes that the quality is too bad, i.e. above the qual-
ity limit, then Shape 4 handles this situation, which is explained in Subsec-
tion 6.6.3 and depicted in Figure 6.19. If the quality is good enough, then
shape 3 handles the situation, which is explained in Subsection 6.6.2 and
depicted in Figure 6.20.

A

estBER>limit

BEGIN

B C

END

1

2

3 4

5

6

yesno

Figure 6.17: Flow Chart of Control System

6.6.1 Bookkeeping

The bookkeeping part (see Figure 6.18) administrates four items can be used
to store the state of the system for the certain moment:

• sigma represents the standard deviation of the soft values of the re-
cently received blocks. It is used to detect quality changes of the wire-
less channel,
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• sf represents the spreading factor,

• fingers represents the number of fingers used in the RAKE receiver,

• action represents the current type of operation of the control system.
Action may take three states:

– stable(0) The control system is running in a stable state and
checks only whether the quality is still adequate and it checks
whether straightforward cost savings can be achieved. More com-
plex optimizations, such as performed in action improve(1) are
not performed.

– improve(1) In this state, the control system tries to increase the
number of fingers to achieve a quality that allows to decrease the
spreading factor. When the maximum number of fingers is tried
and a decrease of the spreading factor is not possible, it will return
to the state stable(0).

– reset(-1) After a change in parameters, the old state is discarded
and the current state is saved.

The record with the stored state is denoted with s in the Figures 6.18 .. 6.20.
Shape 8 in Figure 6.18 saves the current state after a change. If the current
action is not already equal to optimize (Shape 9), the control system checks
(Shape 10) whether it is useful to start a new optimization action. It starts a
new optimization action when the improvement of the quality of the channel
compared to the saved state exceeds a predefined limit. When the quality of
the channel is improved enough, it is useful to try more complex optimization
strategies. This is initiated in Shape 11. Also the current state is saved in
Shape 11 to be able to return to the current state if no further optimization
is possible.

6.6.2 Quality Improvement

Figure 6.19 depicts the behavior of the control system when the quality is too
bad. When the quality is too bad, the control system checks first (Shape 12)
whether it is possible to increase the number of fingers. Increasing the num-
ber of fingers is cheaper than increasing the spreading factor. Furthermore,
increasing the number of fingers can be done immediately, while increasing
the spreading factor requires communication with the base station, which
introduces additional delay. If the number of finger can be increased, an esti-
mation is made of the quality for the maximum number of fingers (Shape 14).

126



6.6. CONTROL SYSTEM

s.action==-1

s.action!=1

save current state in s

s.action=1

sigma -

s.sigma >

somelimit

save state in s

 s.action=1

A

7

8

9 10

11

yes

yes

no

no

yes

no

Figure 6.18: Flow Chart Bookkeeping of Control System

If the expected quality is below a predefined quality limit (same limit as in
Shape 5), then the finger are set to the maximum number of fingers. This
might be overkill because addition of less fingers might already be enough to
reach the required quality. However, if the quality is too bad, the required
quality should be recovered as soon as possible without the risk of adding
not enough fingers. Afterwards, the control system will try to optimize the
number of fingers.

If the number of fingers is maximal or the estimation indicates that adding
fingers will not be sufficient to achieve the required quality, then the spreading
factor is doubled in Shape 17 (if possible; Shape 15).

Regardless of which parameter is changed, action is reset to reset(-1).
This implies a new state with new parameters and a different quality of the
channel which requires a new consideration of optimizations.

6.6.3 Regular Situation

Figure 6.20 depicts the behavior of the control system for a regular situation
when the quality is sufficient. In a regular situation, the quality is sufficient,
the control system tries to minimize the costs. The first action is to verify
whether the spreading factor can be reduced (Shape 18). The spreading
factor is only reduced when the estimated BER for the halve spreading factor
plus an additional margin is below a predefined quality limit (the same limit
as used in Shape 5). The additional margin is used to prevent that the control
system decides to undo the spreading factor change within a short time. This
might be caused by two reasons if no additional margin is used. First, the
estimation of the BER is not perfect, so there might be an underestimation.
Second, the quality of the channel is never constant; it continuously varies,
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Figure 6.19: Flow Chart Quality Improvement Part of Control System

which might cause that the quality limit is passed again so that the spreading
factor will be decreased again. If a decrease of the spreading factor is possible
(Shape 19), the spreading factor is halved (Shape 27).

Once in a while, the control system tries to increase the number of fingers
to determine whether it is possible to decrease the spreading factor. After
each increment of the number of fingers, the BER of the next received frame
is checked (Shape 18) and if a decrease of the spreading factor is not possible,
the number of fingers is increased again with one (Shape 24). If the maximum
number of fingers is reached without a possibility to decrease the spreading
factor (Shape 22), the number of fingers is reset to the number of fingers prior
to the optimization attempt and the state is reset (Shape 25). This state is
known due to the bookkeeping in block A. This bookkeeping also saves the
kind of action that the control system should perform: try to improve the
number of fingers to decrease the spreading factor with a possible large saving
in costs (action: improve(1)) or only try to decrease the number of fingers
with a small saving in costs (action: stable(0)). Repetition of action 1 is
not useful when the channel has not a significantly different quality. It will
only increase the costs due to adding fingers, while it is on beforehand clear
that the spreading factor cannot be decreased because this is already known
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from the previous attempt. Therefore, action improve(1) is only repeated
if the quality of the channel is improved by a predefined limit compared to
the previous attempt. Action improve(1) is initiated by the bookkeeping
part A, which detects that the quality has been improved significantly since
the last attempt.

To compute the BER for one finger less (Shape 25), the control system
uses the method discussed in Section 4.6.2. To prevent that the quality will
become below the given quality limit, an additional margin is maintained be-
cause a violation of the requested quality is much more severe then operating
a little bit too expensive in terms of computing costs. This margin mainly
protects against a BER estimation error for one finger less. This estimation
is not as accurate as the BER estimation that the control system makes for a
change in the spreading factor. Second, the margin prevents that the quality
will be too low, when the quality of the wireless channel changes (slightly)
after decreasing the number of fingers.

Decreasing the spreading factor is always checked before the number of
fingers because halving the spreading factor gives always more reduction in
costs then decreasing the number of fingers (see Section 6.5.1).
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Figure 6.20: Flow Chart of Cost Optimization Part of Control System
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6.6.4 Feedback Metric for Control System

In the first implementation of our control system, we tried use the computed
FER on the basis of the BER combined with the Frame error probability c.d.f.
functions as explained in Section 6.4. Although it is possible to compute the
exact FER with the known BER and the characteristics of the FEC, it turns
out that this is not a good metric to control the system. Due to the steep
slope of the graph of the probability of the correction of a frame (see e.g.
Figure 6.10), the FER changes rapidly when the BER changes only slightly
(in particular when the BER approaches the error correction capacity limit
of the FEC decoder, e.g. BER = 0.15 in Figure 6.10). So, when the control
system uses the FER as metric to control, it reacts hypersensitive and the
control system has the tendency to change the parameters continuously (i.e.
oscillation). Therefore, the BER is used as a metric for the quality - while
still knowing the effect of the current BER on the FER - and based on this
metric the control system takes actions to adapt the parameters.

Although the FER is not a good metric to control the system, it is still
useful to calculate the FER to know the QoS on the long term.

6.7 Overhead of Control System

The overhead of the control system should be small compared to the achieved
saving. The overhead of the control system can be divided in:

1. BER estimation of soft values,

2. BER estimation for one finger less (i.e. we can reduce one finger),

3. Decision making (i.e. control overhead),

4. Increasing fingers to decrease spreading factor action.

Ad 1.) The BER estimation of the soft values is responsible for most of the
overhead of the control system. In Section 4.5 we showed that the hardware
required for the BER estimation is limited. We need per received sample
a lookup and an addition. Furthermore, we need a few additional opera-
tions once per received block. The relative overhead depends very much on
the configuration of the RAKE receiver. For example, three fingers with a
spreading factor of 64 requires already about 447 operations (using Table 6.1)
per bit. The BER estimation requires one lookup and one addition per re-
ceived symbol. A symbol represents two bits in QPSK, so for this example,
the overhead is below 0.25% of the total computation costs. Furthermore,
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a few operations have to be done only once per received frame (take root,
multiply, divide).

Note that, apart from the energy point of view, a metric of the current
quality is necessary which is also provided by the BER estimation algorithm.

Ad 2.) The BER estimation for one finger less requires even more com-
putation, because the BER estimation is performed for every finger (see
Section 4.6.2). However, this can be reduced easily by adding an additional
action to the state. In this way, we can force that decreasing fingers is only
considered when the quality of the channel improves above a certain qual-
ity limit (smaller than the quality limit used to initiate action improve(1).
However, the savings will also decrease because some possible reductions in
the number of fingers are not detected by the control system. This is a trade-
off between the expected savings and the cost to achieve this savings and can
be fine-tuned in a final implementation depending on the hardware costs. A
simpler mechanism is to check only once in a while (e.g. every 100 blocks),
but of course this will perform even worse.

Ad 3.) The decision making involves only a few conditional statements
per received block and can be neglected from a computation costs point of
view.

Ad 4.) The action to increase the number of fingers to try to eventually
decrease the spreading factor causes a temporary increase in computation
costs, because more fingers are used than strict necessary. However, this
might lead to a large saving if the spreading factor can indeed be decreased.
Furthermore, the action is performed only once for about the same channel
condition.

Overall, we can draw two conclusions. First, the overhead of the control
system is negligible (below 1%). Second, the overhead of the system is less
for a stable channel, than for a dynamic channel. However, the possible
savings for a dynamic channel are also much larger. Therefore, the temporary
increases in overhead due to a dynamic channel are negligible with regard to
the potential achieved savings.

6.8 Results of the Control System

We implemented the proposed control system in our simulation environment
to investigate the performance of the control system for different scenarios of
the external environment. We compared an controlled RAKE receiver with a
RAKE receiver using different static settings on different performance met-
rics, such as throughput, frame error rate (FER), (total) energy consumption
costs and delay.
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Figure 6.21 shows an example scenario of a dynamic environment and the
adaptation of the receiver by the control system. After transmission of 3.84
Mchips (which is equivalent to 1 second in UMTS), one of the settings of the
external environment is changed. Although the changes in the environment
are relatively fast, the results do not change substantial when the period
between the changes is longer. Settings that are changed in the external en-
vironment are the number of simultaneously transmitting users, the number
of received paths (reflections) and the signal-to-noise ratio.

The graphs in Figure 6.21 show respectively:

1. the number of users,
2. the signal to noise ratio,
3. the number of paths,
4. the BER after the RAKE receiver (but before the turbo decoder),
5. an indication whether the frame could be decoded correctly or not by

the turbo decoder,
6. the costs expressed in number of operations required to process one bit,
7. the spreading factor of the RAKE receiver and
8. the number of fingers of the RAKE receiver. The horizontal axis shows

always the number of transmitted chips (so linear with the time).

The first graphs (1)–(3) show the status of the external environment, graphs
(4)–(6) show the consequences on quality and costs and the graphs (7) and (8)
show the resulting settings of the parameters of the RAKE receiver. Graph 7
shows that the control system does not oscillate with regard to the spreading
factor. Once a decision is made by the control system, the spreading factor is
not adapted again before the external environment has changed considerably.
Graph 8 shows sometimes oscillations with regard to the number of fingers,
but this is no problem because the number of fingers can be changed local
on the RAKE receiver, which does not introduce additional costs.

Although Figure 6.21 gives insight in the working of the control system,
most of Figure 6.21 is not very interesting to the end-user. The end-user
is interested in the total costs and the total QoS. Therefore, we summarize
the results that are relevant to the end-user in Table 6.5. The first row of
Table 6.5 represents the QoS results of Figure 6.21 (with the adapted receiver)
for the end-user. The next rows show the result for the same scenario for the
external environment, while the RAKE receiver was not adapted. In such a
static case, the spreading factor (denoted with sf) and the maximum number
of fingers (denoted with f) are fixed during the whole scenario. Different rows
show different combinations of spreading factors and number of fingers for
the same scenario.
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configuration throughput FER costs total total delay
(Kbits/s) (%) (op./bit) frames costs (s)

(Gops)

s control 42 0.4% 426 5021 2.1 119
c sf=256, f=3 5 1.7% 3534 5087 18 1039
e sf=128, f=3 10 4.3% 1825 5225 9.5 548
n sf=64, f=3 18 9.1% 965 5309 5.3 304
a sf=32, f=3 29 26% 596 6757 4.0 229
r sf=16, f=3 38 52% 468 10510 4.9 277
i sf=8, f=3 16 90% 1140 50247 57.3 3176
o sf=256, f=1 5 4.3% 1612 5223 8.4 1096

sf=128, f=1 8 21% 983 6339 6.2 808
1 sf=64, f=1 14 29.5% 551 7092 3.9 505

sf=32, f=1 19 52.4% 409 10515 4.3 556
sf=16, f=1 22 72% 352 18097 6.4 823
sf=8, f=1 7 95% 1067 109167 116 15042

s control 11 2.1% 1816 5105 9.3 479
c sf=256, f=3 4 11% 3758 5600 21.0 1261
e sf=128, f=3 7 33% 3085 7463 18.7 1117
n sf=64, f=3 9 55% 1898 11193 21.2 1261
a sf=32, f=3 6 86% 3010 35160 105 6249
r sf=16, f=3 0 100% inf inf inf inf
i sf=256, f=1 3 42% 2675 8615 23.0 3000
o sf=128, f=1 5 50% 1556 10000 15.6 2017

sf=64, f=1 5 74% 1511 19342 19.3 3780
2 sf=32, f=1 5 86% 1422 36322 51.6 6670

sf=16, f=1 0 100% inf inf inf inf

Table 6.5: Two Example Scenarios with Different Settings of RAKE Receiver
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The second part of Table 6.5 shows an additional example for another
scenario (denoted with scenario 2) with more simultaneously transmitting
users, i.e. a scenario where the quality of the wireless link is worse. Fig-
ure 6.22 depicts the behavior of the control system for this scenario. The
first column of Table 6.5 gives the used scenario The second column de-
notes the used configuration. The third column denotes the throughput in
Kbit/s. The throughput denotes the mean throughput in Kbits per second
of the correctly received bits. Note that when the FER is above zero, the
actual number of bits that were transmitted is higher. Furthermore, the
’plain’ throughput is about three times higher because the transmitted bits
are turbo encoded with rate 1/3. The fourth column denotes the percentage
of frames that are received incorrectly. This means that the turbo decoder
is not able to correct all the bits in the frame. For most applications, an in-
correct frame has to be retransmitted. This introduces additional costs and
it introduces also additional delay. These additional costs are not included
in Table 6.5. When the frame error rate increases, the probability that more
retransmits are necessary to receive a certain frame increases exponential.
Therefore, a setting with a high throughput but a high frame error rate may
be unacceptable. The fifth column denotes the costs required to execute the
algorithms of the RAKE receiver, expressed in number of operations per bit.

The last three columns of Table 6.5 describes the costs and the delay for
each configuration for a case where 5000 frames of 1000 bits are transmitted
(e.g. for the transmission of a mp3 file). Column six denotes the number of
frames that has to be send including retransmission of incorrectly received
frames. Column seven denotes the costs in number of operations that in
total is needed to receive the number of frames denoted in column six. Ad-
ditional costs for retransmits (such as costs to request for retransmits) are
not included. The last column denotes the total delay for the reception of
the 5000 frames calculated with the throughput of the specific configuration.
Only the time to receive the frames is taken into account. Therefore, the
real delay is higher because it also takes time to request for a retransmit.
However, a large part of this delay may be hidden by windowing. Table 6.5
shows different results:

• The low frame error rate for the adapted receiver shows that the receiver
adapts well to the quality of the channel. The low delay compared
to the other configurations with static settings (column 8) is also the
result of an adequate adaptation of the receiver. It is the result of
the combination of a low FER and the right spreading factor at the
right moment. Also the throughput as well as the costs of the adapted
receiver outperforms the other configurations with static settings.
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Notice that the adapted configuration outperforms the static config-
uration with sf=256 and f=3 because the adapted configuration uses
sometimes 5 fingers.

• A lower delay makes it possible to switch off the receiver faster. There-
fore, also the analog part of the receiver is switched off, saving even
more energy than can be seen from column seven. The actual amount
of energy saving depends on the specific implementation of the receiver.

• For scenario 1, the configurations with a static setting with a spreading
factor of 16 have a good cost/bit ratio but the throughput is lower
and the frame error rate (FER) is much higher. However, when we
consider the total costs (column 7), a higher spreading factor is better,
e.g. the configuration sf=32 and 3 fingers. Especially the higher FER
is a serious problem. First, it introduces extra costs due to retransmits
and additional delay. Furthermore, the reception of data is bursty.
When the channel becomes too bad to receive the frames correctly, the
reception of correct frames might stall for a long time.

• A low FER for scenario 1 is also achievable with a static configuration
with a high spreading factor (e.g. sf=256). However, the costs/bit
increases immense because this spreading factor is also used in case of
a relative good channel state. Also column 7 (the total costs) shows
the advantage of the adapted configuration. Due to the same cause,
the throughput is limited.

• Scenario 2 is a scenario with even more simultaneously transmitting
users resulting in a worse channel compared to scenario 1. Also in this
scenario, the FER for the adapted receiver is much lower compared
to the static settings. Although the static situation with spreading
factor 32 and 1 finger just outperforms the adapted receiver in terms
of cost/bit, the FER is unacceptable high.

6.9 Conclusions

This chapter presents a control system that adapts the settings of a WCDMA
receiver at run-time to the environment to achieve energy-efficient commu-
nication while guaranteeing an adequate Quality of Service for the end-user.
Through adaptation to the environment, the required QoS is delivered with
minimum effort. The key issue in our approach is cross layer optimization,
instead of optimization of each individual OSI layer. With this global opti-
mization, substantial gains can be achieved. The gain is largely dependent
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on the dynamics of the external environment. Two different scenarios for a
wireless channel are presented to compare the adapted receiver with receivers
using static settings for the spreading factor and the number of fingers. The
adapted configuration maintains a remarkable low frame error rate compared
to the other static configurations. This shows that the adapted receiver
adapts very well to the external environment. Furthermore, the through-
put, the delay as well as the costs of the adapted receiver outperforms the
configurations with static settings. The presented control system has little
overhead (<1%) and includes margins to prevent oscillations.
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Figure 6.22: Sample Scenario 2
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Chapter 7

Efficient HiperLAN/2 and
IEEE 802.11a

The BER and FER estimation methods that are presented in
the previous chapters for UMTS can also be used for other wire-
less technologies. This chapter shows how these methods can be
applied for HiperLAN/2, a standard for 54 Mbit wireless LAN.

Chapter 4 showed the derivation of BER estimators for BPSK and
QPSK modulation. This chapter shows the derivation of BER es-
timators for 16QAM and 64QAM modulation. The accuracy of
these BER estimators is adaptable. A better estimator can be
obtained at the cost of computational complexity. Simulations
with an AWGN channel show that even for 64QAM modulation
an accuracy of about 1% can be reached.

7.1 Introduction

In this chapter we apply the same methods as presented in Chapter 4 to a
HiperLAN/2 link. This illustrates that the proposed method is generic, i.e.
it can be used for other scenarios with minor changes. The physical layer of
the currently popular wireless LAN standard IEEE 802.11a is similar to the
physical layer of HiperLAN/2. Therefore, everything said for HiperLAN/2
in this chapter, can also be applied to IEEE 802.11a.

HiperLAN/2 is a standard for 54 Mbit wireless LAN. HiperLAN/2 largely
differs from UMTS. A few remarkable differences between UMTS and Hiper-
LAN/2 are:
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• The bandwidth of HiperLAN/2 is much higher than the bandwidth of
UMTS.

• Different users share the same bandwidth of a HiperLAN/2 link. In
UMTS the bandwidth is dedicated to a specific user.

• The mobility of a mobile terminal using a HiperLAN/2 link is limited
compared to UMTS. HiperLAN/2 supports mobility up to 10 m/s.

• Due to the restricted mobility, the environment of a HiperLAN/2 link
is less turbulent compared to the environment of a UMTS link.

• Due to time-sharing of users in HiperLAN/2, the QoS requirements can
be met better.

• The distance between basestation and mobile can be much bigger in
UMTS.

• Use of Orthogonal Frequency-Division Multiplexing (OFDM) instead
of WCDMA.

The structure of the chapter is as follows. Section 7.2 gives a short
overview of HiperLAN/2. Section 7.3 describes the parameters which have
a substantial influence on the quality of service and the costs. Section 7.4
describes how to use the BER estimation methods of Chapter 2 for a Hiper-
LAN/2 link. Section 7.5 presents simulation results of the proposed methods
applied for a HiperLAN/2 link. Section 7.6 discusses the advantages of us-
ing the BER estimation method for HiperLAN/2 physical mode selection
compared to using another metric for the quality: the packet error rate.
Section 7.7 concludes the chapter.

7.2 HiperLAN/2 Overview

This section provides a short general overview of the relevant parts of the
standard of High Performance Local Area Network type 2 (HiperLAN/2).
Detailed information about HiperLAN/2 can be found in the standard, avail-
able from the ETSI website [25]. Furthermore, Khun-Jush gives a good
overview of HiperLAN/2 in [46].

HiperLAN/2 enables data rates between 6 and 54 Mbit/s. It supports
mobility with a velocity up to 10 m/s and uses orthogonal frequency-division
multiplexing (OFDM). HiperLAN/2 operates in the 5-GHz band with 52
parallel sub-carriers per channel. 48 sub-carriers contain data, the other
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Modu- Coding Nominal Coded Coded bits
lation Rate bit rate bit rate per OFDM

Mbit/s Mbit/s symbol

BPSK 1/2 6 12 48

BPSK 3/4 9 12 48

QPSK 1/2 12 24 96

QPSK 3/4 18 24 96

16QAM 9/16 27 48 192

16QAM 3/4 36 48 192

64QAM 3/4 54 72 288

Table 7.1: Physical Layer Modes of HiperLAN/2

4 sub-carriers contain pilot symbols. The physical layer can use different
modulation schemes and different code rates of the 64-states convolutional
encoder in order to adapt to the current link quality. Table 7.1 shows the
seven possible physical modes. The 64QAM mode is optional. The link layer
selects the physical layer mode. The base station measures the quality of
the link and select a physical mode for the uplink, which is signaled to the
mobile. The mobile measures the quality of the link as well and signals a
PHY mode for the downlink to the base station. Despite the advice of the
mobile, the base station remains responsible for the mode for the downlink
as well as the uplink.

The data link layer performs padding (adding null bytes) and segmenta-
tion of packets from higher layers to packets of fixed-size. Each data packet
contains 384 bits data, 12 flag bits, a header of 78 bits and a CRC checksum
of 24 bits. This adds up to a total packet size of 432 bits. Control packets
have another size and contain only 72 bits. Medium access control of the
data link control layer provides access to the physical layer through means
of a reservation-based time-division multiple access (TDMA) medium. This
prevents collisions or interference between different users of the spectrum by
time-sharing. Quality of Service guarantees can be met better with this kind
of mechanism.

7.3 Relevant Parameters

The physical layer modes provide an ideal mechanism for adapting to changes
in the environment. Changes in the modulation method directly lead to
changes in reliability and throughput. This is comparable to the change
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in spreading factor of the WCDMA case in Chapter 2. Two different FEC
mechanism can be used for UMTS: turbo and convolutional encoding. Hiper-
LAN/2 supports only convolutional encoding, but three different coding rates
can be used. The convolutional coder is already studied in detail in Sec-
tion 6.4. Although the constraint length is different and different rates may
be used, the characteristics remain the same.

7.4 BER and FER Estimation

HiperLAN/2 allows four modulation schemes: BPSK, QPSK, 16QAM and
64QAM. Therefore, the method for BER estimation for BPSK and QPSK
schemes, that was presented in Chapter 4, should be extended for 16QAM
and 64QAM modulation schemes. The 16QAM modulation scheme uses
complex symbols. The real as well as the imaginary part of the complex
symbol can have four different values: -3,-1,1 and 3. Therefore, the complex
symbol can have 16 values, representing 4 bits. Figure 7.1 shows the possible
complex values of a transmitted symbol for 16QAM.

The 64QAM modulation scheme uses also complex symbols. The real as
well as the imaginary part of the complex symbol can have eight different
values: -7,-5,-3,-1,1,3,5 and 7. Therefore, the complex symbol can have 64
values, representing 6 bits. Figure 7.2 shows the possible complex values of
a transmitted symbol for 64QAM.

Section 7.4.1 describes the derivation of the estimators for µ and σ for
16QAM modulation. These estimators will be used in Section 7.4.2 to derive
an estimator for the BER for 16QAM modulation. Similarly, section 7.4.3
describes the derivation of the estimators for µ and σ for 64QAM modulation
and Section 7.4.4 derives an estimator for the BER for 64QAM modulation.

7.4.1 Estimators for 16QAM

Figure 7.3 shows the possible complex values of a transmitted symbol for
16QAM. We consider the real and the complex part separate, because they
are independent. So, the real part of a symbol that is transmitted can have
four different values (-3,-1,1 and 3), compared to two possible values (-1,1) in
the UMTS case with BPSK/QPSK modulation. Therefore, new estimators
should be derived for µ̂ and σ̂.
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Figure 7.1: 16-QAM Constellation Bit Encoding Scheme
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Figure 7.3: 16-QAM Modulation Scheme in One Dimension

First, we define four stochastic variables for the four possible values, with:

X: denotes the distribution of the soft values of the transmitted minus ones.
Y: denotes the distribution of the soft values of the transmitted ones.
Q: denotes the distribution of the soft values of the transmitted minus threes.
R: denotes the distribution of the soft values of the transmitted threes.

We assume that the distribution have the same variance σ and that the
means are −µ, µ, −3µ and 3µ respectively. Using this, the stochastic vari-
ables X,Y,Q and R are expressed in terms of a standard normal distribution
Z:

X = σZ − µ. (7.1)

Y = σZ + µ. (7.2)

Q = σZ − 3µ. (7.3)

R = σZ + 3µ. (7.4)

The received output values of the receiver do not correspond to these four in-
dividual distributions, but to a distribution V , which results from the combi-
nation of the four distributions. We assume that these four separate stochas-
tic variables occur with the same frequency. In other words, the probability
for each value is equal to 1

4
. For HiperLAN/2 the scrambling ensures that
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this property is fulfilled. For V we have:

P (V < v) =
1

4

(
P (X < v) + P (Y < v) + P (Q < v) + P (R < v)

)
. (7.5)

Based on measured results of V and using the moments of the distributions,
it is possible to estimate the characteristic values µ and σ of the four distri-
butions, which form together distribution V .

The second moment m2 of V is:

m2(V ) =
1

4
(E(X2) + E(Y 2) + E(Q2) + E(R2)). (7.6)

Using the following expressions for the second moments of the stochastic
variable X,Y,Q and R

m2(X) = E(X2) = σ2 + µ2. (7.7)

m2(Y ) = E(Y 2) = σ2 + µ2. (7.8)

m2(Q) = E(Q2) = σ2 + 9µ2. (7.9)

m2(R) = E(R2) = σ2 + 9µ2, (7.10)

the second moment of V becomes:

m2(V ) = σ2 + 5µ2. (7.11)

This results in the following estimator for the variance:

σ̂2 = m2(V ) − 5µ2. (7.12)

To get an estimator for the mean µ, we again use the fourth moment of V:

m4(V ) =
1

4
(E(X4) + E(Y 4) + E(Q4) + E(R4)). (7.13)

Using the fourth moments of the different stochastic variables (the compu-
tation of the fourth moments is done in a similar way as on Page 65)

m4(X) = E(X4) = E
(
(σZ − µ)4

)
= µ4 + 6σ2µ2 + 3σ4 (7.14)

m4(Y ) = E(Y 4) = E
(
(σZ + µ)4

)
= µ4 + 6σ2µ2 + 3σ4 (7.15)

m4(Q) = E(Q4) = E
(
(σZ − 3µ)4

)
= 81µ4 + 54σ2µ2 + 3σ4 (7.16)

m4(R) = E(R4) = E
(
(σZ + 3µ)4

)
= 81µ4 + 54σ2µ2 + 3σ4, (7.17)

the fourth moment m4 of V becomes:

m4(V ) = 41µ4 + 30σ2µ2 + 3σ4. (7.18)
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With substitution of σ̂ in m4(V ), we derive an estimator for µ:

µ̂ =
4

√
3m2(V )2 − m4(V )

34
(7.19)

With substitution of µ̂ in m2(V ), the estimator for σ becomes:

σ̂ =
√

m2(V ) − µ̂2. (7.20)

With this derivations, estimators σ̂ and µ̂ can be computed from the indi-
vidual samples V1 .. Vn by:

µ̂ =
4

√√√√√√√√3

(
n∑

i=1

V 2
i

n

)2

−

n∑

i=1

V 4
i

n

34

(7.21)

σ̂ =

√√√√√
n∑

i=1

V 2
i

n − 5µ̂2
(7.22)

Simulations within Matlab show that both estimators work well if the four
individual distributions are normal distributions.

7.4.2 BER Estimation for 16QAM

A received symbol is mapped to the nearest symbol in the bit constellation
encoding diagram for 16QAM (see Figure 7.1). This symbol may be another
symbol than the transmitted symbol resulting in one or more bit errors.

Based on the estimators µ̂ and σ̂ we derive an estimation of the bit error

rate B̂ER. First, we investigate the error probabilities in one dimension.
Figure 7.4 shows the four distributions of the four stochastic variables. The
probability that the real part of a complex transmitted symbol with value
(i,q) is received wrong is denoted by: Pe re(i).
These probabilities are given by:

Pe re(−3) = P (Q ≥ −2) (7.23)

Pe re(−1) = P (X ≤ −2) + P (X ≥ 0) (7.24)

Pe re(1) = P (Y ≤ 0) + P (Y ≥ 2) (7.25)

Pe re(3) = P (R ≤ 2), (7.26)
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0-2 2

Q X Y R

Figure 7.4: 16-QAM Modulation Scheme in One Dimension

Y RXQ

0-2 220 0-2

Figure 7.5: BER Areas for 16-QAM Modulation Scheme in One Dimension

and can be calculated by using the mean µ and the standard deviation σ:

Pe re(−3) = Φ
(−µ

σ

)
(7.27)

Pe re(−1) = 2 ∗ Φ
(−µ

σ

)
(7.28)

Pe re(1) = 2 ∗ Φ
(−µ

σ

)
(7.29)

Pe re(3) = Φ
(−µ

σ

)
(7.30)

The probability Pe re that the real part of a symbol is received incorrect
is now given by:

Pe re =
1

4
Pe re(−3) +

1

4
Pe re(−1) +

1

4
Pe re(1) +

1

4
Pe re(3) =

6

4
Φ

(
−µ

σ

)
. (7.31)

The same holds for the probability Pe im for the imaginary part of the
symbol.

To calculate the BER, the mapping between symbol and bit sequence
has to be considered. Figure 7.1 shows this mapping. Due to the used Gray
coding, only one out of four bits is in error, if one of the direct neighbor sym-
bols (of the transmitted symbol) is received in one dimension. If a symbol
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Figure 7.6: Bit Error Probability for ’1111’ for 16-QAM

is received incorrectly, we assume that instead of the correct symbol, one of
the direct neighbors is received. So, we assume that an incorrectly received
real or complex part of a symbol leads to precisely one bit error. This as-
sumption however, introduces a small estimation error. For now this error
is ignored. In Section 7.4.5, we will examine how much this error affects the
estimation. The probability of a complex bit error (in two dimensions) is the
addition of the real part and the complex part. Note that the overlap of the
two probability areas are counted twice. This is correct, due to the fact that
indeed two bits are incorrect, instead of one. Figure 7.6 shows this effect for
the reception of symbol ’1111’. The probability of a bit error becomes:

B̂ER = (Pe re + Pe im)/(number of bits per symbol)

=

(
6

4
Φ

(
− µ̂

σ̂

)
+

6

4
Φ

(
− µ̂

σ̂

))
/4

=
3

4
Φ

(
− µ̂

σ̂

)
(7.32)

7.4.3 Estimators for 64QAM

Figure 7.2 shows the possible complex values of a transmitted symbol for
64QAM. We consider the real and the complex part separate, because they
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are independent. So, the real part of a symbol that is transmitted can have
eight different values (−7µ,−5µ,−3µ,−1µ,1µ,3µ,5µ and 7µ), compared to
four values for the 16QAM case.

The derivation of the estimators for 64QAM can be done in the same way
as for BPSK (QPSK) and 16QAM. Therefore, we leave out all intermediate
steps. We define W as the distribution that results from the combination
of the eight separate normal distribution in one dimension with the eight
means:-7,-5,-3,-1,1,3,5,7. The second and fourth moment of W are:

m2(W ) = σ2 + 21µ2 (7.33)

m4(W ) = 777µ4 + 126σ2µ2 + 3σ4 (7.34)

With these moments, the estimators σ̂ and µ̂ are as follows:

µ̂ =
4

√√√√√√√3

(
n∑

i=1

W 2
i

n

)2

−

n∑

i=1

W 4
i

n
546

(7.35)

σ̂ =

√√√√√
n∑

i=1

W 2
i

n − 21µ̂2
(7.36)

where W1...Wn denote the n individual samples.

7.4.4 BER Estimation for 64QAM

A received symbol is mapped to the nearest symbol (−7,−5,−3,−1, 1, 3, 5
or 7) in the bit constellation encoding diagram for 64QAM (see Figure 7.2).
This symbol may be another symbol than the transmitted symbol resulting
in one or more bit errors.

Based on the estimators µ̂ and σ̂ for 64QAM, we derive an estimation

of the bit error rate B̂ER. First, we investigate the error probability in
one dimension. The probability that the real part of a complex transmitted
64QAM symbol with value (i, q) is received wrong is denoted by: Pe re(i).
These probabilities can be calculated by using the mean µ and the standard
deviation σ:
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Pe re(−7) = Φ
(−µ

σ

)
(7.37)

Pe re(−5) = 2 ∗ Φ
(−µ

σ

)
(7.38)

Pe re(−3) = 2 ∗ Φ
(−µ

σ

)
(7.39)

Pe re(−1) = 2 ∗ Φ
(−µ

σ

)
(7.40)

Pe re(1) = 2 ∗ Φ
(−µ

σ

)
(7.41)

Pe re(3) = 2 ∗ Φ
(−µ

σ

)
(7.42)

Pe re(5) = 2 ∗ Φ
(−µ

σ

)
(7.43)

Pe re(7) = Φ
(−µ

σ

)
(7.44)

The probability Pe re that the real part of a symbol is received incorrectly is
now given by:

Pe re =
1

8
Pe re(−7) +

1

8
Pe re(−5) +

1

8
Pe re(−3) +

1

8
Pe re(−1) +

1

8
Pe re(1) +

1

8
Pe re(3) +

1

8
Pe re(5) +

1

8
Pe re(7)

=
14

8
Φ

(−µ

σ

)
(7.45)

The same holds for the probability Pe im for the imaginary part of the symbol.
As in the 16QAM case, we assume that when an incorrect symbol is received,
this accounts for one error in one dimension. Section 7.4.5 discusses the error
introduced by this assumption. The probability of a bit error becomes:

B̂ER = (Pe re + Pe im) /(number of bits per symbol)

=

(
14

8
Φ

(
− µ̂

σ̂

)
+

14

8
Φ

(
− µ̂

σ̂

))
/6

=
7

12
Φ

(
− µ̂

σ̂

)
(7.46)
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7.4.5 Structural Estimation Errors

This section discusses structural errors in the BER estimation. Section 7.4.5.1
discusses one of the causes for the case that the estimated BER is too low.
This is called underestimation. Section 7.4.5.2 discusses one of the causes for
the case that the estimated BER is too high. This is called overestimation.

7.4.5.1 Underestimation

When an incorrectly received symbol is not the direct neighbor of the trans-
mitted symbol, more than one bit may be received incorrectly. For example,
assume that the transmitter sends symbol (1,1) using 64QAM and the re-
ceiver maps the received signal to symbol (1,5). Symbol (1,1) corresponds to
the bit sequence ’110110’ and symbol (1,5) corresponds to the bit sequence
’101110’, as shown in Figure 7.2. This leads to two bit errors, while For-
mula (7.46) accounts for only one bit error. Therefore, the BER estimation
is lower compared to the real BER. In this section, we derive correction terms
to correct for these situations. We derive the correction terms for 64QAM
modulation, because the underestimation is larger for 64QAM modulation
than for 16QAM modulation. However, the same approach can be used for
deriving correction terms for 16QAM modulation. First, we examine the ef-
fect of underestimation for one dimension of the symbol, the real part. Next,
we combine the two (independent) dimensions to come up with a correction
term for the complex symbol.

In Section 4.2 we have derived that the probability that we received an

incorrectly symbol is equal to Φ
(
−µ

σ

)
. However, as seen above, the number

of bit errors depends on which symbol is actually received. Therefore, we
will first define more precisely which symbol is received. A received symbol
is said to have a distance1 x when it has a distance x (= x ∗ the distance
between the constellation points) to the transmitted symbol in the bit en-
coding constellation scheme. So, a received symbol with distance 0 is the
transmitted symbol. A received symbol with distance 1 is the direct neigh-
bor of the transmitted symbol (left or right). Table 7.2 and Figure 7.7 show
the probability expressed in terms of a standard normal distribution that
a symbol left or right with distance x (x ≤ 3) to the original transmitted

symbol is received. As we see from Figure 7.7, a smaller value
(
−µ

σ

)
leads

to a smaller probability that a neighbor symbol with distance x is received.
As we will see later, this leads to a smaller underestimation.

As said before, the number of bit errors depends on the distance of the

1This is no Hamming distance
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P(symbol with distance ≥ 1 = Φ
(

0 − µ
σ

)

for one side) = Φ
(
−µ

σ

)

P(symbol with distance 2 = Φ
(−2µ − µ

σ

)
- Φ

(−4µ − µ
σ

)

for one side) = Φ
(−3µ

σ

)
- Φ

(−5µ
σ

)

= Φ
(

5µ
σ

)
- Φ

(
3µ
σ

)

P(symbol with distance 3 = Φ
(−4µ − µ

σ

)
- Φ

(−6µ − µ
σ

)

for one side) = Φ
(−5µ

σ

)
- Φ

(−7µ
σ

)

= Φ
(

7µ
σ

)
- Φ

(
5µ
σ

)

Table 7.2: Probability to Receive a Symbols with Distance x to the Trans-
mitted Symbol for One Side (to the Left or the Right Side)

-2 0 2 3 4 5 6-3-4-5-6

{

P(bit errors in symbol with distance 2 for one side) =

{P(bit errors in symbol with distance 3 for one side) = 7( ) 5( )-

-

5( ) 3( )-

Figure 7.7: Probability to Receive a Symbols with Distance x to the Trans-
mitted Symbol for One Side
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received symbol to the transmitted symbol. Furthermore, the number of
bit errors for a received symbol with a certain distance to the transmitted
symbol depends on the value of the transmitted symbol. For example, a
transmitted symbol with value 7 can have only bit errors to the left. When
a value is received that is larger than 7, no errors are introduced. However,
an transmitted symbol with value 1 can have bit errors to the left and to the
right. Therefore, we have to discriminate between the different values of the
transmitted symbols that are possible for a received symbol with a certain
distance to the transmitted symbols.

The columns ‘bit errors’ of Tabel 7.3 show the number of bit errors for
received symbols with distance 2 or 3. The number of bit errors can be
obtained from the 64QAM constellation bit encoding scheme as shown in
Figure 7.2. The notation is (l+r). The bit errors due to the received symbol
with distance x to the left of the transmitted symbol is denoted with l.
Similarly, the bit error to the received symbol with distance x to the right
side of the symbol is denoted with r.

Note that for some cases, there is no left or right symbol with distance x.
In this case, the number of bit errors caused by the most left or right symbol
is taken, respectively. For example, the number of bit errors caused by the
received symbol with distance 3 to the left side of the transmitted symbol
with value -3, is given by the number of bit errors caused by the symbol with
value -7.

The columns ‘est. bit errors’ of Tabel 7.3 show the number of estimated
bit errors, that are estimated using Formula 7.46. The next column shows
the difference between the errors and the estimated number of errors. The
last row of Table 7.3 shows the total amount of additional bit errors for all
possible symbols with distance x that may be received.

The same holds for the imaginary part of the symbol. This observa-
tion, combined with the probability of receiving a symbol with distance x
(Psym dist x), and the number of bit errors for distance x yields the following
correction term for distance x:

Pber cor dist x =
(Psymbol ∗ tot. additional bit errors ∗ Psym dist x ∗ 2)

(bits per symbol)
, (7.47)

where Psymbol denotes the probability of a symbol and Psym dist x denotes the
probability to receive a symbol with distance x. The number of additional
bit errors can be obtained from Table 7.3. The factor 2 in Formula (7.47) is
because we also have to take into account the imaginary part of the symbol.
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distance 2 distance 3

symbol bit est. bit bit est. bit
value errors errors diff errors errors diff

-7 (0 + 2) - (0 + 1) = 1 (0 + 1) - (0 + 1) = 0
-5 (1 + 2) - (1 + 1) = 1 (1 + 3) - (1 + 1) = 2
-3 (2 + 2) - (1 + 1) = 2 (2 + 1) - (1 + 1) = 1
-1 (2 + 2) - (1 + 1) = 2 (1 + 3) - (1 + 1) = 2
1 (2 + 2) - (1 + 1) = 2 (3 + 1) - (1 + 1) = 2
3 (2 + 2) - (1 + 1) = 2 (1 + 2) - (1 + 1) = 1
5 (2 + 1) - (1 + 1) = 1 (3 + 1) - (1 + 1) = 2
7 (2 + 0) - (1 + 0) = 1 (1 + 0) - (1 + 0) = 0

total 12 10

Table 7.3: Number of Bit Errors for Symbol with Distance 2 and 3

So, the correction factor for 64QAM for received symbols with distance 2 is:

Pber cor dist 2 =

(
1

8
∗ 12 ∗

(
Φ

(
5µ

σ

)
− Φ

(
3µ

σ

))
∗ 2

)
/6

=
6

12
∗

(
Φ

(
5µ

σ

)
− Φ

(
3µ

σ

))
, (7.48)

and the correction factor using 64QAM modulation for received symbols with
distance 3 is:

Pber cor dist 3 =

(
1

8
∗ 10 ∗

(
Φ

(
7µ

σ

)
− Φ

(
5µ

σ

))
∗ 2

)
/6

=
5

12
∗

(
Φ

(
7µ

σ

)
− Φ

(
5µ

σ

))
. (7.49)

Therefore, a BER estimator with high precision for 64QAM is:

B̂ER =
7

12
Φ

(
− µ̂

σ̂

)
+

6

12

(
Φ

(5µ̂

σ̂

)
−Φ

(3µ̂

σ̂

))
+

5

12

(
Φ

(7µ̂

σ̂

)
−Φ

(5µ̂

σ̂

))
(7.50)

Examples
To give an indication of the amount of underestimation, we give two ex-
amples. An interesting BER range is [0.10 , 0.20], because when a frame
has a BER of 10%, the turbo decoder is (almost) always able to decode the
frame correctly, whereas for a BER of 20%, the turbo decoder can almost
never decode the block correctly (see Section 6.4). For the case BER = 0.15,

154



7.4. BER AND FER ESTIMATION

we compute the correction factor to correct for additional bit errors intro-
duced by received symbols with a distance 2 to the transmitted symbol using
Formula (7.48). First, for µ = 1 we compute σ on the base of (7.46):

BER = 0.15 =
7

12
Φ

(
− µ

σ

)

9

35
= Φ

(
− µ

σ

)

−0.65 = −µ

σ
, using the z-table

σ = 1.53846, with µ=1 (7.51)

Next, we calculate the correction factor for received symbols with distance 2:

6

12

(
Φ

(
5µ

σ

)
− Φ

(
3µ

σ

))
=

6

12

(
Φ

(
5

1.53846

)
− Φ

(
3

1.53846

))
=

6

12
(Φ (3.25) − Φ (1.95)) =

6

12
(0.999 − 0.0974) = 0.0125 (7.52)

So, the amount of underestimation of the BER that is corrected by the
correction factor for received symbols with a distance 2 to the transmitted
symbols is about 1.3% for BER= 0.15.

The correction factor for received symbols with a distance 3 to the trans-
mitted symbol is negligible. The calculation of this correction factor:

5

12

(
Φ

(
7µ

σ

)
− Φ

(
5µ

σ

))
=

5

12

(
Φ

(
7

1.53846

)
− Φ

(
5

1.53846

))
=

5

12
(Φ (4.55) − Φ (3.25)) =

5

12
(0.999 − 0.999) = 0.00 (7.53)

The correction factor will be slightly higher than zero, but due to rounding
we obtain 0.00.
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The amount of underestimation increases quickly as the BER increases.
Consider the case BER = 0.18. Again, we first compute σ for µ = 1:

BER = 0.18 =
7

12
Φ

(
− µ

σ

)

0.3086 = Φ
(
− µ

σ

)

−0.50 = −µ

σ
, using the z-table

σ = 2, with µ=1 (7.54)

The corresponding correction factor for received symbols with distance 2 is:

6

12

(
Φ

(
5µ

σ

)
− Φ

(
3µ

σ

))
=

6

12

(
Φ

(
5

2

)
− Φ

(
3

2

))
=

6

12
(0.994 − 0.933) = 0.031 (7.55)

So, the amount of underestimation that is corrected by the correction factor
for received symbols with a distance 2 to the transmitted symbol is about
3.1% for BER = 0.18. Next, we compute the correction factor for received
symbols with distance 3:

5

12

(
Φ

(
7µ

σ

)
− Φ

(
5µ

σ

))
=

5

12

(
Φ

(
7

2

)
− Φ

(
5

2

))
=

5

12
(1.000 − 0.994) = 0.0025 (7.56)

So, the amount of underestimation that is corrected by the correction factor
for received symbols with a distance 3 to the transmitted symbol is about
0.25% for BER = 0.18. The simulation results shown in Figure 7.17 of
Section 7.5 clearly illustrate the effects of the underestimation correction for
different number of terms.

7.4.5.2 Overestimation

The estimated µ̂ and σ̂ differ from the real µ and σ. The estimated µ̂ and σ̂
may be above or below the real values of µ and σ. On average, the amount of
overestimation and underestimation of µ and σ is equal. However, the z-table
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is a-symmetric. Section 5.5 explains this non-linear behavior. Therefore, this
non-linearity will cause a systematic overestimation.

Example:

Assume µ=1 and σ=1.666, so the BER is equal to c ∗ Φ
(
− 1

1.6666

)
= c ∗

Φ
(
− 0.6

)
. c is a scaling factor that differs per modulation type (e.g. for

64QAM modulation c is equal to 7
12

). Now, we calculate the BER for 64QAM
modulation for a little smaller z value (-0.5), the real z value (-0.6) and a
little larger z value (-0.7).

7

12
∗ Φ(−0.5) = 0.1803 (7.57)

7

12
∗ Φ(−0.6) = 0.1598 (7.58)

7

12
∗ Φ(−0.7) = 0.1412

}
∆ = 0.0205

}
∆ = 0.0186

}
∆ = 0.0019

(7.59)

The difference between (7.57) and (7.58) is 0.0205, whereas the difference
between (7.58) and (7.59) is 0.0186. The difference between these two values
is about 0.2% for this example, which causes a structural overestimation.
The amount of overestimation depends on the quality of the estimation of µ
and σ. The better the BER, the better the estimation of µ and σ is. Because
σ denotes the standard deviation, it can be used to have an indication of the
amount of overestimation. However, as shown, the overestimation is quite
small.

7.4.6 Number of Samples for BER Estimation

An estimate of the BER for 16QAM and 64QAM can be made with For-
mula (7.32) and (7.46) respectively. A question that remains is how many
samples should be used to compute the BER. The number of samples should
be not too small, because the approximation with a normal distribution will
be bad. On the other hand, the number of samples should be limited, because
the channel conditions might change quickly. Fortunately, HiperLAN/2 has
a high sample rate (up to 12 Msamples per second). Therefore, a lot of sam-
ples can be utilized within a short time. The optimal number of samples to
use for the BER estimation depends on the dynamics of the channel. The
standard deviation may be used as an indication for this dynamics.
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Figure 7.8: HiperLAN/2 Simulator Environment

7.5 Results

This section describes simulations that have been performed to verify the
BER estimation method for HiperLAN/2. We used a simulator for the phys-
ical layer that is implemented in Matlab [74]. Figure 7.8 shows a high level
overview of the simulator environment. The transmitter transmits random
bits using OFDM. The bits are modulated using BPSK, QPSK, 16QAM or
64QAM modulation. The probability of a ’0’ and an ’1’ in the random gen-
erated bit sequence is equal. The communication channel is modeled as an
AWGN channel. The receiver demultiplexes the received OFDM symbols
and performs demodulation.

In the simulations we send a burst of OFDM symbols during 1 ms. This
is equivalent to 250 OFDM symbols, which represents 48 x 250 = 12.000
complex soft-values. The number of bits depends on the used modulation
scheme being 12.000, 24.000, 48.000 or 72.000 for BPSK, QPSK, 16QAM
and 64QAM modulation respectively.

In our evaluation of the performance of the BER estimation algorithm,
the BER in the range [0.10 , 0.20] are most important. The limit of the error
correction capacity of a FEC decoder (see Section 6.4) is within this range.

7.5.1 BPSK

Figure 7.9 shows the simulation results for BPSK modulation. For each
SNR of the channel, eight simulations are done. Therefore, Figure 7.9 shows
sixteen points for each SNR value. Figure 7.9 shows that the estimated BER
and the real BER are almost the same. Especially for the BER range [0.10 ,
0.20], the estimation is very good. The estimation is based on the real part
of the complex received symbols. Note that BPSK modulation does not use
the imaginary part of the symbols.

7.5.2 QPSK

Figure 7.10 shows the simulation results for QPSK modulation. For each
SNR, nine different simulations are performed. The estimation is based on

158

HiperLAN2simarch.eps


7.5. RESULTS

1.0e-04

1.0e-03

1.0e-02

1.0e-01

1.0e+00

1 2 3 4 5 6 7 8 9 10

B
E

R

Eb/No[dB]

HiperLAN2 BER estimation with BPSK modulation for AWGN channel

real BER
Estimated BER

Figure 7.9: BER Estimation Error Using Formula (4.26) for BPSK Modula-
tion in HiperLAN/2 Simulation with an AWGN Channel

the real part of the complex symbols. A closer look at the data obtained
from the simulations shows that although the performance is a slightly worse
compared to BPSK, the performance is still good for the most important
area within the BER range [0.1 , 0.2].

7.5.3 16QAM

Figure 7.11 shows the simulations for 16QAM modulation. Especially in the
BER area between 0.1 and 0.2, an under estimation of the BER occurs. The
under estimation occurs because of the ignorance of the effect of the no-direct
neighbors on the received symbol. This effect becomes noticeable for higher
BER values. The effect is even larger for 64QAM modulation.

7.5.4 64QAM

Figure 7.12 shows the simulations for 64QAM modulation using Formula 7.46
without correction terms. The under estimation of the BER estimation al-
gorithm is clearly visible for a low SNR with a higher BER. Figure 7.13
shows the same simulations, but now using Formula 7.50 with 3 terms to
correct the under estimation caused by received symbols that are not direct
neighbors of the transmitted symbol with a distance up to 3. To get more
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Figure 7.10: BER Estimation Error Using Formula (4.26) for QPSK Modu-
lation in HiperLAN/2 Simulation with an AWGN Channel
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Figure 7.11: BER Estimation Error using Formula (7.32) for 16QAM Mod-
ulation in HiperLAN/2 Simulation with an AWGN Channel
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insight in the under estimation, three different estimations have been made
for 64QAM using the same complex values. The first estimation is made
using Formula (7.46) and does not take into account the additional bit er-
rors that are caused by neighbors of a symbol with distance two or higher.
The second estimation is made using Formula (7.46) corrected with the ad-
ditional term (7.48) to account for the additional bit errors that are caused
by the neighbors of the symbols with distance two. The third estimation is
made with Formula (7.50) that accounts also the additional bit errors that
are caused by the neighbors with distance 3. Figures 7.14 to 7.16 show the
performance for the BER estimators with one, two and three terms respec-
tively. Figure 7.14 shows in essence the same information as Figure 7.12 but
represented in a different way. First, the estimation error for each simulation
is calculated according the following formula:

est error = (BEREST − BERREAL) ∗ 100% (7.60)

A positive estimation error means under estimation (the estimated BER
is better than the real BER) and a negative estimation error means over
estimation. The mean µ and the standard deviation σ are computed for
each set of simulations for a certain SNR. The Figures 7.14 to 7.16 show the
interval [µ-σ , µ+σ]. The figures show that for a higher BER, the estimation
improves if more terms are included. Figure 7.17 shows only the means of
the different terms. The points are connected by lines to make the trend
more visible. For a good BER, there is no difference between the estimators,
because the probability of receiving a neighbor that has a distance 2 (or
more) to the transmitted symbol is almost 0. The higher the BER, the more
important it is to include the influence of the non-direct neighbors in the
BER estimator to avoid under estimation.

7.6 Physical Mode Selection

One of the seven possible physical modes (as shown in Table 7.1) must be
chosen at run-time, based on the current wireless link quality. Khun-jush [46]
indicates that a suitable measure of the link performance to select the phys-
ical mode is the packet error rate (PER). Our methods has two advantages
compared to the PER metric.

First, our method gives a better indication of the quality. It is not only
known whether the quality is good enough or not, but it is also clear how
much margin is available.

Second, our method can predict the consequences of a proposed change.
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Figure 7.12: BER Estimation Error using Formula (7.46) for 64QAM Mod-
ulation in HiperLAN/2 Simulation with an AWGN Channel
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Figure 7.16: BER Estimation Error Interval [µ−σ,µ+σ] with Formula (7.50)
for 64QAM in HiperLAN/2 Simulation with an AWGN Channel
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Figure 7.17: BER Estimation Error with different Number of Terms for
64QAM in HiperLAN/2 Simulation with an AWGN Channel
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7.7 Conclusion

The BER estimation method can be applied for different technologies with
different modulation schemes. Even in case of 64QAM modulation, it is
possible to achieve an accurate BER estimation within about 1% of the real
BER in the area of interest (BER=0.1-0.2) for an AWGN channel model.

The accuracy of the BER estimation can be chosen at the cost of com-
plexity. If a good accuracy is required for a low BER, compensation for under
estimation becomes important.
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Chapter 8

Efficient Wireless
Communication

This chapter presents a framework for the construction of energy
effective receivers for wireless links in general.

8.1 Introduction

The preceding chapters showed how an energy-efficient, or better, an energy
effective receiver for a wireless link may be achieved for UMTS and Hiper-
LAN/2. This chapter presents a framework for the construction of energy
effective receivers for wireless links in general.

The structure of the chapter is as follows. In Section 8.2 we outline the
general structure of a wireless receiver. Section 8.3 identifies the requirements
for a control system that adapts a wireless receiver at run-time. Section 8.4
describes a general procedure to obtain the characteristics of forward error
decoders (FECs). With this known characteristics, an accurate predication
can be made whether a FEC decoder is able to correct a frame or not.
Section 8.5 describes shortly the bit error rate (BER) estimation algorithm for
different modulation schemes. This estimation gives an accurate indication of
the current link quality and the state of the environment. The control system
is based on the measured BER. Section 8.6 describes a method to estimate
the frame error rate. Section 8.7 describes the general steps to incorporate
additional parameters in the control system. Section 8.8 and 8.9 describe
the architecture and the general indication of relevant issues of the control
system, which glued together the separate parts discussed in the previous
section.
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Figure 8.1: General Block Diagram For Wireless Receiver

8.2 Receiver Framework

Figure 8.1 shows a general template of a receiver for a wireless link. The
signal of the wireless channel comes from the antenna. Next, an analog front
end of the receiver performs radio frequency (RF) processing. A digital im-
plementation of the front-end of a receiver is impossible at this time due to
the high costs of the analog to digital conversion process at high frequen-
cies [63]. For some processing, it is convenient to introduce an intermediate
frequency (IF) level, to perform the processing at a frequency between the
radio and baseband frequency level. This processing can be done analog as
well as digital, dependent on the implementation of the receiver. The trend
is to perform the processing digital as much as possible. Next, the baseband
processing is performed digital. This digital part, including the forward er-
ror decoder (FEC), can be parametrized in many different ways to adapt to
the current environment. Our goal is to find a set of these parameters that
minimizes the energy consumption, while providing an adequate quality of
service.

8.3 Requirements of Control System

The control system selects the optimal set of parameters for the digital part
of the receiver to use. Several requirements for the properties of the control
system apply:

• It should be able to deal with different kinds of data (multimedia)
with different QoS characteristics (e.g. delay, throughput, jitter). The
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control system should select a set of parameters that guarantees an
adequate Quality of Service for the data that is requested by the user.

• It should select a set of parameters, which minimizes the energy con-
sumption due to the scarce energy resources of a mobile terminal.

• It should select an optimal set of parameter at run-time due to an un-
predictable dynamic environment. The current configuration should be
monitored continuously to ensure that the current selected configura-
tion is the best one. Otherwise, an adaptation must occur.

• It should be able to predict the effect of changing parameters. Oth-
erwise, it is not possible to determine whether possible changes will
improve the current configuration.

• It should be able to handle parameters with discrete ranges. Most
optimization problems assume parameters with continue ranges. These
optimizations are solved with a system of ordinary differential equations
(ODEs). These method is not applicable for parameters with discrete
ranges.

• It should be ’light-weighted’. The optimization algorithm that makes
trade-offs between different sets of parameters has to be as simple as
possible, because the time to make a decision is limited and the com-
putational costs have to be low; the cost of selecting an optimal set of
parameters should not nullify the achieved energy savings with regard
to a fixed set of parameters that is optimized for worst-case circum-
stances. Hence, computational intensive optimization methods, like
genetic algorithms or simulated annealing are not usable.
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• It should be aware of the current state of the unpredictable dynamic
environment. The quality of this state information is crucial for the
control system to make the right decisions. Because the state changes
in an unpredictable way, this information should be obtained by high-
quality measurements of the state of the channel.

Several requirements, such as the quality of service and the amount of energy
consumption are inextricably connected with each other. Energy consump-
tion can be zero, if nothing is done. However, this violates the quality of ser-
vice constraint. If the quality of service is very good, the energy consumption
may be too high. Therefore, a careful trade-off between these requirements
should be made; the effort should be minimized for a given QoS. Figure 8.2
depicts this relation between quality of service and cost. The different dots
in this figure represents a specific set of parameters. The quality limit rep-
resents the minimum quality of service requested by the user. The goal is to
find the first dot to the left of the quality line, with minimum costs. This
configuration will minimize the costs for the requested QoS.

8.4 FEC Decoder Capacity

Data is usually transmitted in units of groups of bits. Different terms for such
a group of bits are used, e.g. frames, packets or blocks. Frames are received
correctly (without bit errors) or incorrectly (with bit errors). For incorrect
received frames, the number of incorrectly received bits is not interesting for
most applications. The frame is simply not usable for the application. For
example, data may be corrupted, or even in case of less sensible data (e.g.
multimedia) problems may occur, for example if control information such
as height or width is changed. So, a frame with less bit errors is not less
incorrect. Therefore, a very important question is: How large is the capacity
of the used forward error correction (FEC) decoder? Under which condi-
tions is the FEC coder able to correct the received frame with bit errors?
Section 6.4 shows that the capacity of a FEC decoder for a specific FEC de-
coder (Viterbi, turbo) and with specific parameters (e.g. constraint length,
frame length) only depends on the number of errors in the received frame.
We will now describe the procedure to obtain the capacity characteristics of a
turbo or Viterbi decoder. This procedure has to be performed for each avail-
able forward error coder for the parameters that will be used (block length,
rate, type of used SISO algorithm). Examples can be found in Section 6.4.
We denote the frame before the FEC as input and the frame after the FEC
as output frame.
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1. Simulate a lot of frames (> 106) with different number of bit errors in
the frames that are being decoded.

2. Determine for all input frames with the same number of bit error the
number of correctly and incorrectly received frames. This is the frame
error rate (FER) for this number of bit errors. The number of bit
errors in the input frame can be converted to the bit error rate (BER)
by means of division of the frame length.

3. Draw a graph with the BER of the incoming frames on the horizon-
tal x-axis and the FER after the forward error decoder on the y-axis.
The graph should have the shape of a cumulative distribution function
(c.d.f.).

4. Determine the BER values for FER=0.5 and FER=0.8413. With these
two values, it is possible to compute the two characteristic variables
µ and σ of the accompanying cumulative distribution function, as is
described in Section 6.4. If it is difficult to find a point with a y-value
near these values, a linear function can be defined using two points
with an y-value around 0.25 and 0.75.

Given this µ and σ, an estimation can be made about the probability that the
frame with a certain BER is decoded without errors using a standard z-table
with Φ(BER−µ

σ
). As stated before, a running history of BER values may be

used, to obtain a stable behavior. Note that for specific FECs, other variables
apply. For example, for turbo codes, the length of the block influences the
performance of the FEC coder. Therefore, one has to take care that the
determined µ and σ are specific to parameters of the simulated FEC.

Note that for other FEC decoders, such as Reed Solomon, these limits
are known at beforehand. The function to describe the probability that a
frame can be corrected is much simpler in this case. It will have a form like
P (BER) = 0, if BER > boundary and P (BER) = 1, if BER ≤ boundary.

8.5 BER Estimation Algorithm

For the determination of the capacity of the FEC decoder as well as for other
parameters, it is important to have an adequate notion of the current BER.
The real BER is unknown, due to the fact that the receiver does not know
which data was transmitted by the transmitter. Therefore, an estimation of
the BER should be made. Each wireless link uses modulation.

The BER estimation algorithm uses the amplitude and phase of the re-
ceived symbols to obtain an estimation of the BER. The amplitude and phase
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c1 c2 c3

BPSK 2 1 12
QPSK 2 1 12
16-QAM 34 5 9
64-QAM 546 21 7

Table 8.1: Constants for Formulas 8.1 – 8.3 for Different Modulation Schemes

of a symbol will change in time, due to the distortion of the channel. The
distribution of the received symbols can be approximated with a combina-
tion of several normal distributions with the characteristic parameters µ and
σ, if enough symbols are taken into account (> 30). Using this approxima-
tions, estimators for µ and σ can be derived, as a function of the n incoming
symbols W1, . . . ,Wn. Formulas 8.1 and 8.2 describe these estimators for µ
and σ respectively. Combination of these estimators with the bit constella-
tion scheme of the appropriate modulation scheme gives the BER estimator
as shown in formula 8.3. Table 8.1 gives the constants c1, c2 and c3 of the
Formulas 8.1 – 8.3 for different modulation schemes.

µ̂ =
4

√√√√√√√√3

(
n∑

i=1

W 2
i

n

)2

−

n∑

i=1

W 4
i

n
c1

(8.1)

σ̂ =

√√√√√
n∑

i=1

W 2
i

n − c2 µ̂2
(8.2)

B̂ER =
c3

12
Φ

(
− µ̂

σ̂

)
(8.3)
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Figure 8.3: Frame Error Rate Estimation

8.6 Frame Error Rate Estimation

An accurate estimation of the BER can be made with the BER estimation
algorithm. Due to the dynamic channel, the BER changes in time. The
behavior of the BER in time can also be approximated with a normal dis-
tribution using the central limit theorem. To compute the mean and the
standard deviation of the accompanying normal distribution, the last n com-
puted BER estimations are stored in a history. The history should be not
too short, otherwise the behavior can not be modeled with an normal distri-
bution according the central limit theorem. At least 30 samples should be
used. On the other hand, the history should not be too long. If the history
is too long, the adaptation to the dynamic environment will be too slow.

If this normal distribution of the BER is known, the frame error prob-
ability can be computed from multiplication of the p.d.f. of the BER with
the c.d.f. that gives the probability whether the FEC can correct the frame.
When we have µB and σB for the distribution of the BER and µV and σV

for the c.d.f. of the FEC decoder, the FER for a BER=α is equal to Φ(α) of
a p.d.f. with µFER=µB − µV and σFER=

√
(σ2

B + σ2
V ). This area is marked

in Figure 8.3.
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8.7 Parameters

So far, the effect of modulation and forward error correction with respect
to quality are outlined. However, each technology has its own specific pa-
rameters. For example, for a UMTS receiver, the spreading factor and the
number of fingers are important parameters. The generic steps are:

1. Identify the most important parameters with regard to the quality and
the costs.

2. Perform simulations and study the effect of changing the value of the
parameter.

3. Try to express the effect of the parameter on the bit error rate. In the
most ideal situation, it is possible to express (or to approximate) this
relation in a function. For example, the effect of changing the spread-
ing factor of UMTS can be approximated with a normal probability
distribution function; only two characteristic values needs to be stored
in this case. However, in some cases, it may be not possible to find an
accompanying function. In this case, the relation can be stored in a
table.

4. Determine the effect of the parameter on the costs, e.g. expressed in
number of operations.

5. Incorporate the parameter in the control system and describe also the
other effects on the quality (e.g. throughput).

8.8 Architecture of Control System

The heart of the control system is a model that makes trade-offs between
different sets of parameters and decides which set should be used.

The control system uses different information sources (as depicted in Fig-
ure 8.4) to make the decisions.

First, a lot of scenarios (a combination of a particular external envi-
ronment and parameter set) are simulated to gather data. These data are
processed with the goal to investigate the relationship between parameters,
recognize patterns, and to simplify the complex system to something that
can be controlled with a limited number of parameters. The interpretations
of the simulations are summarized in a few tables or functions that are used
by the model. Once running, the tables are updated at run-time, if necessary,
with data that is more accurate to the current situation. E.g. the power of
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the paths will change during run-time. Therefore, the gain of an additional
RAKE finger will also change.

Second, the model uses on-line measurements to predict the quality of
the current situation (i.e. the position of the dot representing the current
parameter set in Figure 8.2). The on-line measurements give an indication
of the current environment, so that the terminal can adapt well to this en-
vironment. The measurements also give a feedback on the effect of changing
parameter sets.

Third, the current status of the SDR is involved in the decision process.
Fourth, an important input is the Quality of Service requirement of the

user. The control systems tries to achieve a quality near this limit. Less
quality disappoints the user while higher quality may increase the amount of
effort (and therefore energy consumption). The control systems also informs
the user about the consequences of requested quality of service. For example,
the user may be satisfied with a little less quality, if the energy consumption
decreases significantly. But, the user should be made aware of these possible
trade-offs by information provided by the control system.

8.9 Control System

The essential building blocks for a control system are available now, namely:

• the method for an accurate estimation of the current quality.

• the characteristics of the FEC.
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• the identified important parameters with regard to cost and quality.

The exact implementation of the control system depends on type of wireless
link that is being studied. A few general remarks can be made.

First, it may be important to optimize in two phases. The first phase
concerns the long term setting, while the second phase concerns the short
time settings. The long term settings can not be changed local at the receiver,
e.g. the spreading factor or the rate of the FEC encoder. To change these
settings, negotiation with the transmitter side is necessary. This results in
delay and additional costs. So, the implementation of the proposed change
may result in considerable costs, which should be taken into account. In this
two phase process, the first step is to do a coarse configuration for the long
term settings. The second step is the fine-tuning with the parameters that
can be modified local at the receiver.

Second, a full optimization about different parameters will probably be
too expensive. The configuration space grows exponential with the number
of parameters. For example, six parameters with each ten different possi-
ble values results already in one million possibilities. However, the control
system should be ’light-weighted’. One of the strategies is to change only
one parameter at a time. The parameter that yields the largest effect can
be changed first. Note that this strategy can lead to local optimization.
However, if it is not possible to check all the possibilities, this is a better
compromise compared to doing nothing at all. Further, it should be realized
that due to the dynamic environment the situation may change fast, so to
put a lot of effort to achieve the last bit of optimization may be wasteful.

8.10 Conclusion

This chapter hands the concepts how to build an energy-efficient receiver
that provide acceptable QoS, which is optimized at run-time. The essential
building blocks are a method to obtain an adequate estimation of the wireless
link quality, a method to obtain the characteristics of a forward error decoder,
a method to predict the frame error rate and several guidelines to construct
a control system to optimize the parameters at run-time.
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Conclusions and Future Work

The scarce energy resources of a mobile require an energy-efficient opera-
tion. The dynamic environment of a mobile causes large quality variation
of the wireless transport medium and requires a continuously monitoring of
the quality of service of the wireless link. Quality of Service and costs are
tightly connected to each other. Changing the Quality of Service will have
consequences for the costs and visa versa. To maintain an adequate Quality
of Service at any time while minimizing the energy consumption, the receiver
should be adapted to the current environment at run-time.

The thesis shows how parameters of different protocol layers can be seam-
lessly integrated and globally optimized at run-time to obtain an energy-
efficient wireless connection, with an adequate quality of service. The exact
energy savings depends on the type of wireless link, the dynamic behavior
of the channel and the used implementation (technology, architecture, and
so on). Therefore, the savings are given as relative numbers. This means
that the approach is generally applicable and implementation independent.
The focus is on a functional optimization resulting in a minimization of the
amount of work; not on the efficient execution of this amount of work. The
concept of run-time adaptation of a receiver is illustrated by two concrete
examples: an UMTS link and a HiperLAN/2 (or a similar IEEE 802.11a)
link.

To study the behavior of a wireless link and the effects of a run-time
adapted receiver and to verify our approach, an environment has been built
that simulates a wireless UMTS link with a realistic channel, including si-
multaneously transmitting users and multiple paths (see Chapter 3). Two
different type of forward error correcting coding methods are included, convo-
lutional and turbo codes. This simulation environment allowed us to obtain
insight in possible optimizations at run-time. Different from a lot of other
simulation environments, the simulation speed is high enough to demon-
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strate the effect of changing parameters at run-time, instead of analyzing
the obtained data after a batch of simulations. Another significant difference
compared to other simulation environments is the relative wide scope. Not
only parts of the physical layer are simulated, but also parts of the link and
transport layers. This combination opens the possibility to make trade-offs
on different abstraction layers and to understand the relations between these
trade-offs.

One of the direct benefits of having this simulation environment available
is the BER estimation algorithm. The BER estimation algorithm makes an
accurate estimation of the BER without knowledge of the channel or addi-
tional transmitted pilot symbols (see Chapter 4). The error of this BER
estimation for a WCDMA link is within 2% of the real BER provided that
the variation in power is not too large. However, power control is vital for
WCDMA, so the variation in power is assumed not to be very high. Chap-
ter 5 presents a sensitivity analyses of the proposed BER estimation method.
Beside a failing power control, the biggest threat is that the approximation
of the received distribution of samples by a model based on normal distribu-
tions is not accurate enough. Chapter 5 gives several methods to recognize
such a situation and gives ideas to use information of the higher moments
of the received distribution to correct for such errors. The BER estimation
algorithm is a result that is directly applicable in practice. By using the
samples from the receiver, three formulas and a standard normal z-table, the
BER can be determined. Our BER estimation method offers several advan-
tages compared to the conventional BER estimation method based on pilot
symbols. Firstly, it introduces less overhead in the data transmission; no
pilot symbols need to be send for the BER estimation. Secondly, the BER
estimation is based on the real data, and not on the “unused” pilot symbols
(preventing the problem of a possible difference between the BER of the pi-
lot symbols and the BER of the real data). Thirdly, more data is available
for doing the statistics when using the real data instead of using only the
pilot symbols. Fourthly, the method is simple to implement and has little
overhead; typical cases show an overhead below 1% for a RAKE receiver.
Finally, a main advantage is that we can predict what will happen with the
BER when we plan to change parameters. E.g. the new expected BER for
a planned change in spreading factor for WCDMA can be estimated accu-
rately (estimation error is within a few percent). Different examples show
how to use the BER estimation method for different modulation schemes to
demonstrate the generic applicability.

Beside UMTS, we showed in Chapter 7 how the concept of run-time adap-
tation can be used for a quite different type of wireless link: HiperLAN/2
or IEEE 802.11a. These links are based on Orthogonal Frequency Division
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Multiplexing (OFDM), another technology for wireless transmission than
used in UMTS and also other parameters are adapted (e.g. the used mod-
ulation scheme). Simulations were performed to show the proper working
of the BER estimation algorithm for different modulation schemes including
BPSK, QPSK, 16QAM and 64QAM.

Although a mass of literature exists in the field of convolutional and turbo
encoding, our approach of using forward error correction codes is unconven-
tional. We use a quite different operating area of the turbo decoder (see
Section 6.4). Instead of using a turbo decoder to obtain a perfect signal from
a good signal, we deploy the turbo decoder to obtain a good signal from a
bad signal. This exploits the error correcting capacity of the turbo decoder
to its fullest. Therefore, less computations have to be done in the receiver,
which may result in substantial energy savings. Furthermore, we concentrate
on the FER instead of the BER, which is generally a much more interesting
metric for the quality for the end user or application. We show that the
probability of a frame error of a turbo decoder (or Viterbi decoder) can be
very well described by a cumulative distribution function as a function of the
BER after the receiver (before the turbo decoder).

With the accurate measurement of the quality of the wireless channel,
the obtained characteristics of the FEC decoders and other parameters com-
bined, it is possible to design a control system. This control system adapts
the parameters at run-time to obtain a system that operates with minimum
energy while providing an adequate quality of service (see Chapter 6). We
demonstrate a control system for the UMTS case. This control system has
several attractive properties. First, the control system has low overhead. It
only needs a few look-ups per received block, which is negligible compared
to the achieved saving. Second, the control system can optimize parameters
with a discrete range, while a lot of optimization literature focuses on pa-
rameters with a continuous range. Third, it is possible to predict the effect
of changes. Therefore, a better trade-off can be made to perform a change
or not.

The overall conclusion is that it is useful and possible to build an adaptive
receiver that adapts system parameters at run-time to the environment to
minimize the energy consumption while guaranteeing an adequate Quality of
Service.

Directions for Future Work

To continue research on the work described this thesis, a thorough study of
two areas has to be done.
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A very important issue is to verify the proper working of the BER esti-
mation method for more different channel models, especially to investigate
what will occur when our model that is based on normal distributions is not
a good approximation for the distribution of the received samples.

Tightly connected to the previous point is to perform a more in-depth
sensitivity analysis. This means mainly interpreting the simulations of the
point mentioned above. It may be possible to correct for some phenomenons
that introduce errors in the BER estimation. A few first suggestions are
made in Section 5.8, e.g. to use the information of the higher moments for
making corrections. We expect that it is possible to make a better BER
estimation that is less sensitive for failing assumptions when such additional
information is taken into account.

In a more broader scope, the research can be extended in a lot of direc-
tions. We mention a few possibilities.

First, the approach can be extended by including more parameters, e.g.
the amount of oversampling needed for the current situation. Also changes
on a higher level can be incorporated, e.g. a choice between a UMTS and a
wireless LAN connection.

Second, having an energy model for a specific implementation/architec-
ture, e.g. the Montium architecture of our Chameleon project, would be very
useful. Depending on the current processing needs for the actual environment
provided by the work in this thesis, more or less tiles of the reconfigurable
architecture can be used to perform the necessary processing.

Third, feedback with regard to the costs can be given to the user. The
user can be pointed out the consequences of his/her Quality of Service re-
quirements. Maybe a little bit relaxed QoS requirement can lead to much
energy-effective processing.

Fourth, the thesis indicated how the performance of a turbo and Viterbi
forward error correction codes with and without puncturing can be modeled.
This information can be used to extend the control system to select the
most suitable forward error correction mechanism with the optimal way of
puncturing.

Fifth, a lot of research is currently performed to investigate the use of
multiple antennas for receivers, often referred to with the term Multiple Input
Multiple Output (MIMO). MIMO can improve the signal quality compared
to having only one antenna. However, as with multiple fingers in a RAKE
receiver, this improvement introduces higher costs. Therefore, it is useful to
make the number of used antennas adaptive to the current needs.

Sixth, the same adaptivity approach can be used for quite other applica-
tion domains, e.g. digital broadcast radio or speech recognition.
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ADC Analog to Digital Converter

ARQ Automatic Repeat Request

ASIC Application Specific Circuit Design

AWGN Additive White Gaussian Noise

BER Bit Error Rate

BPSK Binary Phase Shift Keying

c.d.f. Cumulative Distribution Function

CDMA Code Division Multiple Access

CMOS Complementary Metal Oxide Semiconductor

CRC Cyclic Redundancy Code

CSMA/CA Carrier Sense Multiple Access/Collision Avoidance

EGC Equal-Gain Combining

ETSI European Telecommunications Standards Institute

FEC Forward Error Correction

FER Frame Error Rate

FPGA Field Programmable Gate-Array

GPRS General Packet Radio Service

GSM Global System for Mobile Communication

HiperLAN2 High Performance Local Area Network2
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IEEE Institute of Electrical & Electronics Engineers

IF Intermediate Frequency

JPEG Joint Photographic Experts Group

LAN Local Area Network

LLC Logical Link Control

los line of sight

LUT Look-up Table

MAC Medium Access Control

MAP Maximum A Posteriori

MEX Matlab Executable

MRC Maximal-Ratio Combining

ODE Ordinary Differential Equation

OFDM Orthogonal Frequency Division Multiplexing

OSI Open System Interconnection

p.d.f. Probability Density Function

PER Packet Error Rate

PRTP Partial Reliable Transport Protocol

QAM Quadrature Amplitude Modulation

QoS Quality of Service

QPSK Quadrature Phase Shift Keying

RF Radio Frequency

RFC Request For Comment

RISC Reduced Instruction Set Computer

RSC Recursive Systematic Coder

RTL Register Transfer Level
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SACK Selective Acknowledgment

SISO Soft Input Soft Output

SNR Signal to Noise Ratio

SOVA Soft Output Viterbi Algorithm

TCP Transmission Control Protocol

TDMA Time Division/Demand Multiple Access

UMTS Universal Mobile Telecommunications System

VHDL Very High-level Design Language

VLIW Very Long Instruction Word

WCDMA Wideband Code Division Multiple Access
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