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ABSTRACT
Modern telecommunication systems and standards are mainly dependent on 

the availability of digital signal processing capabilities of appropriate hardware 

components. Two main categories can be distinguished in the development of 

digital signal processing units. On the one hand a number of general purpose 

digital signal processors are available on the market, which can be programmed 

through programming languages like C or C++ or - for higher performance 

purpose - directly in assembly code. The advantage of such devices is the 

ability of high flexibility and short time to market since there is no further 

hardware development, on the integrated circuit level, required. On the other 

hand hardware components are specifically developed for signal processing 

tasks, which are mainly application specific integrated circuits (ASIC). They are 

usually only programmable to a certain degree, always considering the area of 

application, i.e. wireless telecommunication systems. Although they do not offer 

the flexibility of general purpose digital signal processors, they offer the big 

advantage of less required hardware (measured as chip area or die size), lower 

power consumption and higher speeds. Usually hybrids are found on the 

market, which combine freely programmable Digital Signal Processor (DSP) 

with very specific hardware modules to support the specific application needs. 

This thesis describes the development of a Wireless Telecommunication 

System, describing the relevant development methodologies, regarding aspects 

of hardware and software split and actual implementations of components in 

hardware as well as in software. This is done specifically for the example of a 

wideband code division multiple access (WCDMA) wireless mobile system. The 

actual state of the art is described in detail, according to the relevant literature in 

the area of WCDMA systems. Programmable hardware is presented, which is 

covered through a portfolio of patents. The purpose and the application of each 

patent are described in detail as well as the area of application. Finally a 

classification of each patent is given, which aims to give an objective measure 

about the value of a patent. The presented patents show a significant 

contribution to knowledge enabling the development of low power mobile 

wireless telecommunication systems.
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Chapter 1 Introduction

In recent years the development of relevant telecommunication systems, like 

the universal mobile telecommunication standard (UMTS), wireless local area 

network (WLAN), Bluetooth, and in more recent times ultra wide band (UWB) 

always went hand in hand with the current deployment of the advanced 

technologies for integrated hardware systems, like ASICs, field programmable 

gate arrays (FPGA) and application specific integrated processors (ASIP) and 

the availability of high performance digital signal processors. The integration of 

more complex systems on the ever decreasing physical scales also makes it 

necessary to reinvent the methodologies of hardware and software design. As 

technologies enable scientists and engineers to develop more and more 

complex systems, they on the other hand also demand these technologies. 

Another question arises, which is the demand for low power consumption, 

especially in mobile systems, like telephones, personal digital assistants (PDA), 

laptops, electronic games but also medical devices like hearing aids and 

pacemakers. The battery technology essentially does hardly meet the 

increasing demand in complexity and thus hardly satisfies power hungry 

devices. In addition this is fuelled by the continuously increasing expectations of 

customers, which in recent years were satisfied, if the mobile phone was 

recharged once every night, nowadays they are demanding a battery lifetime of 

more than a week. The community of engineers is facing all these different 

requirements, which are certainly pulling in different directions. The engineers 

are facing a continuously increasing challenge to pick the right technology and 

methodology for their projects at a very early stage or even previously to 

starting a major project. System design methodologies are arising, which 

especially are suited for low power design. Due to the complexity and cost of 

modern hardware and software systems, not many companies start to develop 

their own silicon, but prefer the usage of readily available general purpose 

processors. Developing an ASIC means a very high commitment, not only 

regarding the required know how, but also financially. It also includes a high 

risk, due to the low flexibility of integrated circuits. This calls for programmable
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devices. A programmable device, like a general purpose Processor, releases 

the system integrator to come up with their own chips, and thus means less risk 

on the development side but has other shortcomings, like more power 

consumption and - depending on the total numbers - a higher unit price. 

Somewhere between a general purpose processor (GPP) or a digital signal 

processor (DSP) and a customized hardware solution, like an ASIC, the Field 

Programmable Gate Array (FPGA) is located. One important task, before 

starting the systems development process, is to make the right choice between 

these three general techniques. Within these groups there are again lots of 

devices and techniques to choose from. In the next chapter the decision making 

process and the important factors are presented, which need to be discussed 

before the system development process starts. For this reason modern system 

development methodologies are described as well as some relevant literature is 

presented. Some methods and technologies are described in more detail. Since 

the field of application is a WCDMA ASIC, wireless telecommunication 

technologies are presented in Chapter 3, especially showing the implementation 

aspect of the digital baseband (physical layer) of WCDMA systems. Different 

implementation methods will be discussed and, relating to the WCDMA system, 

the chosen methods and developed modules to implement the system, are 

finally shown in the attached patents. Also the details of the developed and 

patented hardware modules are given. The thesis will not only describe a group 

of patented hardware modules, but as well explains, why these solutions were 

chosen as a basis for actually existing WCDMA baseband chips, which will be 

integrated in mobile phones in the near future.

In Chapter 2 an introduction to modern hardware and software design 

methodologies is given. Tools are presented, which are applicable at different 

abstraction levels. The chapter shows the differences and relations of hardware 

design methodologies compared with pure software design methodologies. In 

addition to that the factors, which influence the decision making process to 

choose a certain methodology are described in detail.

Chapter 3 gives an introduction and overview of modern digital 

telecommunication systems and standards. It presents the different
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technologies and algorithms involved. Digital modulation schemes, channel

coding techniques and access technologies are presented, which are either

already applied in actual telecommunication systems or are currently under

development.

Chapter 4 introduces a method to measure the value of an invention and

compare it with other inventions. The method can be applied to evaluate an

invention regarding its patentability.

Chapter 5 presents the patent portfolio of the author. Each patent is critically

evaluated and compared against the state of the art. The patents are compared

against each other regarding their value according to the methods introduced in

Chapter 4. The patent portfolio covers three projects, which are all interrelated.

The first project, presented in chapter 5 covers the RAKE receiver for WCDMA

telecommunication systems.

The second project, which is presented in Chapter 6 covers patents, which

relate to code generation.

The third project is presented in Chapter 7 and shows patents covering

optimised hardware implementations of automatic gain controllers.

Finally conclusions are given in Chapter 8. The thesis presents a list of

references, covering the state of the art in the field of telecommunication

systems, specifically covering CDMA mobile phone systems. All patents

described in the thesis are referenced. The author recommends a review of the

patents applications in order to gain full understanding of the detailed

inventions. However this thesis is written as a self contained, stand alone

document, such that further readings are not considered necessary in the

understanding of its contents. A supplement containing the patents covered in

the main part of the thesis is included. Presented in the German Language, the

supplement is added for completeness and reference purposes.
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Chapter 2 Development Methodologies

2.1. Chapter Overview

This chapter provides an introduction to the design process of complex 

hardware and software systems. The different abstraction layers to describe a 

system are presented. The steps of the Y-Model are described in detail 

including the decision process for preferring a certain methodology. Later 

sections of the chapter give an introduction to commonly available and used 

tools, supporting the design process.

2.2. Problem Description

In Figure 2.1 the Y-Model is shown, which describes the design space of 

analogue and digital systems [1]. The Y-Model reflects the technical design of a 

system, but it does not deal with the up front questions, like market analysis, 

business plan, "needs and wants" and requirements for a certain project. It can 

be assumed that the business-case for a certain project is already proven or at 

least not a matter for the discussion conducted around the Y-Model approach. 

Looking at the Y-Model it can be stated that the development of a digital system 

is reflected as a path from the outer shell of the Y-Model to the middle point. 

The abstraction of a design is reduced as the centre is approached. For 

instance the polygon-description, describing the mask-layout of an ASIC, is 

located almost in the centre. Although a designer may be able to start at any 

abstraction level, due to the complexity of the systems, in most cases the only 

practical point to start is on the highest abstraction level or at least on one of the 

higher levels. Thus the development process is preferably started at the 

application level. The Y-Model distinguishes between the physical 

implementation, the behavioural description and the structural description of a 

system. The last step of chip-design, before production, is the mask-layout 

represented through a set of polygons on the physical level. Starting with an 

application in the behavioural domain, a methodology shows the way from the 

architectural level all the way down to the mask layout.
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Figure 2.1 The Y-Model

Different tools and engineering skills are required to move the design from one 

abstraction level to the next lower level. One of the first things in a digital design 

is to find an applicable methodology. Besides the required toolset also skilled 

effort has to be hired. Also it needs to be distinguished how far the design will 

go. Different tools are available as well as readily available sub modules. This 

means that a design not necessarily is required to go all the way down to the 

lowest abstraction level, but it may be possible to apply predeveloped available 

modules. This can be a general purpose processor (GPP), which requires the
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designer only to work on the algorithmic level. A compiler and assembler take 

the design down to the operations level. Another example is the usage of 

standard-cells, where the individual layout of single cells, i.e. AND-, OR-, NOT- 

gates and buffers, is readily available. For this approach the lowest abstraction 

level the designer has to care about, is the netlist level. The following sections 

show some design flows, and how they are reflected in the Y-Model.

2.3. Some typical Design flows

Figure 2.2 shows the essentials of typical design flows described through the Y- 

Model. Although software development was originally not covered through the 

shown model, the model also covers aspects of SW-Design. The next section 

shows a software design flow represented through the Y-Model.

2.3.1. The Software Design Flow

Software design is performed only on the highest abstraction levels. An 

algorithm can be described in some kind of high-level language. A compiler and 

assembler "transports" the high level description, i.e. a C++ module down to the 

operations-level, which is provided by a readily available General Purpose 

Processor (GPP) or Digital Signal Processor (DSP) [2]. The provided hardware 

itself runs a certain number of Boolean equations, which deal with the bit 

patterns, representing the instructions or operations. The level of abstraction 

can vary, since some DSP designs still require, for optimisation purposes, the 

implementation directly on assembly level. The assembler-level is the link 

between behavioural and operations design. Essentially it can be stated, that 

the lower abstraction levels are already covered through the designer of the 

GPP or the DSP. Since this model is intended to cover typical hardware 

development, the additional methodologies, which are required to develop 

software, are not entirely covered through this model. Software development 

methodology and strategy is in itself a wide field. Several software development 

models are described in literature, like the waterfall model, some evolutionary 

models and more actually the extreme programming activities. A good insight 

into Software development methodology is presented in [3], [4].
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A DSP or GPP runs the 
software, by applying 
boolean equations on 
bitpatterns, representing 
the operations

Compiler, Assembler and 
Linker Tools transport the 
HLL Description onto the 
Operations Level.

The human designer 
generates the 
Algorithmic 
description in a High 
Level Language (HLL)

Figure 2.2 The Y-Model applied to typical design-flows
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2.3.2. The FPGA Design Flow

As an alternative to pure DSP software development, FPGAs reached a viable 

market coverage. Many typical DSP applications are covered through FPGAs. 

Also typical controller based designs are sometimes done through FPGAs. 

Different aspects have to be considered if a design shall be implemented using 

software i.e. a DSP, a FPGA or an ASIC, which will be discusses later. Here a 

typical FPGA design flow is enclosed in the Y-Model environment (Figure 2.3). 

The typical design-flow of a FPGA is very similar to hardware design flows for 

ASIC, which typically start with the architecture and break it down to hardware 

modules on register transfer level (RTL). The alternative flow, starting on a 

behavioural level and letting a compiler generate the architecture automatically, 

is not really common yet. This is mostly due to the lack of really efficient tools, 

and thus the small acceptance of those tools by hardware designers [5]. Some 

companies and Universities already offer synthesis solutions, which start on the 

algorithmic level. Increasingly companies are coming up, which try to bring such 

tools into the market. Earlier these efforts were covered under the expression 

"High Level Synthesis", whereas nowadays the expression "Electronic System 

Level Design Automation" or ESL Is becoming the mainly used expression for 

this kind of tools and activities. In [6], [7], [8], [9], [10] some of these tools and 

companies are presented. The cells and the structures of the FPGA are 

predefined on a low level. Thus the design stops at the netlist, which then is 

mapped to the given FPGA structures. This for example may be performed 

through tools like the XILINX-ISE [11]. Usually the input language is either 

VHDL or Verilog which allow describing architectures as well as behaviour. Still 

some designers do not trust a pure automated design flow which requires only 

RTL description as input, but generate manually optimised modules on netlist 

level themselves. Since VHDL and Verilog allow both, the description on 

Register-Transfer Level as well as the description of netlists, the input, which is 

given by a designer, is often a mix between RTL and netlist description. In the 

next section a brief overview of the full ASIC design flow is presented.
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The netlist is mapped to 
the hardware Cells 
readily available on the 
FPGA

The designer creates an 
architecture and breaks 
it down to module 
description on Register 
Transfer Level (RTL)

Structural

The Cell 
Structures are 
already available 
on an FPGA

A netlist is 
generated through 
a synthesis tool.

Figure 2.3 FPGA Design Flow

2.3.3. The ASIC Design Flow

As shown in Figure 2.4 the ASIC design flow starts with the same input as the 

FPGA designs. Usually FPGA and ASIC designers are only distinguished
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through their knowledge on the very low abstraction levels. Up to the Register- 

Transfer Design the input is the same. The exact same RTL code describing the 

core of the module, can be applied for ASIC designs as well as FPGA designs, 

since tools are so powerful, that they actually cover most of the descriptions and 

pick appropriate modules while automatically generating the appropriate 

netlists. Often, given the historical background of ASIC and FPGA designs, 

even today's hiring managers are distinguishing between FPGA and ASIC 

designers. With little or no adaptation the main work on an ASIC can be 

performed well through an FPGA designer and vice-versa. The Figure 2.4 

shows the ASIC design flow. The difference between ASIC and FPGA design 

as previously presented Figure 2.3 is obvious. Not all ASIC designers agree on 

using the shown method, since often a floorplanning is done previously to the 

mapping. Although more and more companies, like NEC, do not do up front 

floorplanning and leave the entire optimisation of the layout to the final layout- 

step. Under this condition the statement is true that ASIC and FPGA designs 

are very similar and require only the last step to be distinguished. Normally 

ASIC design means that standard-cells are used. They follow certain rules for 

the dimensions and locations of their connections, thus a "place & route" tool 

can handle them easier. So the step between modules and the final polygons is 

usually automated. For some low-power optimisation reasons companies still 

build their own low-power libraries, but still follow the standard-cell rules. Also 

memory modules are usually automatically generated through appropriate tools 

according to some simple descriptions of the memory. For more extreme 

optimisation purposes full-custom designs are done, which means that even the 

layout is not done automatically but through a layout engineer. 

The above is an introduction to the problem space from a pure technical point of 

view. In the following section the impact on the decision making process and 

the other components, which have to be considered, is defined. Before the 

decision making process is shown in detail, some mixed design flows are 

presented in the following section.
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The netlist is mapped to 
modules like hardware 
macros and Standard 
Cells.

The designer creates an 
architecture and breaks 
it down to module 
description on Register 
Transfer Level (RTL)

Structural

A netlist is 
generated through 
a synthesis tool.

Figure 2.4 The ASIC-Design Flow

2.3.4. Mixed Design Flow

It is very likely that the mixed design flow will be commonly used in the near 

future. A System on Chip (SOC) Design, from a very simplified point of view, is
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an ASIC design. It can be stated that not all typical ASIC design steps have to 

be applied to all components of the design. Some components may be 

predefined as a layout in a specified technology and be available as an 

intellectual property (IP) module. Thus the only thing to do is essentially to place 

the module and link it together with the other components. For the predefined 

modules, it is not necessary to go through the entire design flow. If a layout is 

already available for a certain module, it is called Hardcore Module. The 

designer has no influence on the physical shape of the module. In addition to 

that, module generators are used, which also may work on a low level of 

abstraction. Typically on chip memory is generated in a very controlled way 

through a module generator. Some parameters can be defined by the user, but 

usually the adaptability is very limited. Then again on the low level predefined 

standard cells, which cover some Boolean functionality, are available. 

On the high end, it is common standard to use so called softcores. These are 

modules, which are described at a high abstraction level, for example a 

description may exist on RTL level in Verilog or VHDL. With modules like these 

the low-level development, like netlist generation and "place&route", still has to 

be performed. The modules may be optimised on an architectural level, but still 

depend on the optimisation abilities of the layout tools. Purchasing such high 

level modules saves reasonable time for the architecture development. Even 

optimised netlists are offered in some netlist description, which are not easily 

readable for human beings, like the electronic design interchange format (EDIF) 

and others.

2.3.5. Interim Observation

The above discussion shows briefly that system designers, managers and 

companies are facing a multi dimensional problem. The decision is determined 

by the availability of modules and processors, which may serve the needs. In 

addition to this the purchase price of the required tools is different for the 

different flows. There are many different aspects of the problem, where and how 

to start and what shall be developed in house, what shall be purchased and on 

which level. For instance in [12] a method is shown, which targets
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multiprocessor systems. A dual processor system for software defined radios 

(SDR) is presented in [13]. In the next section some parameters are discussed, 

which influence the decision of the design flow to use.

2.4. Decision Making Process

Based on the results from the last section, the factors which influence a 

decision can be discussed. The main technical and monetary factors are listed 

and each of them is briefly discussed. For an informed decision on how a 

system is implemented, it can be assumed that the system analysis is already 

performed. Also it can be assumed that the system is well known and especially 

some numbers on the required performance are available. The decision 

process distinguishes between market driven and technology driven 

parameters. Typically market driven parameters answer questions about 

development cost and time to market as well as the estimated number of 

devices to be sold, or the estimated market size for the particular device. 

Technology driven parameters are certainly the chip size or the size of the 

device, the power consumption and speed, for example the maximum 

performance of a modem given in signalling rate. Certainly all the technology 

parameters highly influence the market parameters, in the sense that a better 

device sells potentially better. Each parameter influences each other parameter. 

Finally, the decision maker needs to come up with the unit cost and the unit 

revenue according to the given assumptions. The parameters will be listed in 

the following sections and each of them will be discussed. This will directly 

show the influence on the methodology decision.

2.4.1. Time To Market

One of the most important parameters is the time to market. It is the actual 

estimated date, when the device goes to the market, thus first time in the hands 

of a customer. Especially in new establishing markets and technologies this is 

an important factor. Very often the first player in a certain market reaps in the 

highest profits. Figure 2.5 which is reproduced from [14] shows the estimated 

lost revenue, while being late on the market with a certain product. Although 

high tech products are considered a "Fast Market", there may be segments
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which fall in the "Medium Market" or even "Slow Market" categories. For 
instance ASICs for certain medical devices, like hearing aids, may be an 
example, which are medium market.

Revenue lost by being late to market
100%

3 months 6 months 9 month 12 months

Lost 
revenue

Months late 
to market

Slow-moving market 
Medium-moving market   

Fast-moving market  

Figure 2.5 Lost Revenue by being late to market

Figure 2.5 clearly shows that in being only 1 year late can mean that there is no 
revenue whatsoever on certain products. So keeping this in mind should be the 
major decision factor while developing a new product in a new market. 
Especially technology driven companies and developments tend to 
underestimate this factor regularly.
Figure 2.6 shows the required number of man months for a design to go 
through the different abstraction levels. The figure is an example showing an 
estimation of the work done on each level of the abstraction. In [15] Mentor 
Graphics states even higher numbers. On the other hand it can be stated also 
that putting more effort in the high level algorithmic and architectural work may 
decrease the required efforts on the low level abstraction levels. Anyway the 
higher the abstraction level the less effort it takes to describe a system. As 
natural as this observation seems to be, the less it is considered up front in the 
development process. A system level simulation on a high algorithmic level, for 
example using Matlab, may be well developed within man weeks. If it takes for 
example three man months to come up with a simulation model for a wireless
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communication system, under the assumption the implementer is well educated 

in the field.

Figure 2.6 Explosion of Development Time

For this it can be estimated that the same system on the RTL level, for example 

using a language like Verilog of VHDL, requires 15-30 man months. Hence a 

system development even on a logic level may well account for 225 - 900 man 

months. This is illustrated in Figure 2.6. Clearly the development time explodes, 

when this kind of work is performed manually. At this point in time manually
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optimised layouts are not considered at all. The usage of appropriate 

development tools reduces the development time significantly. In the software 

development process, programming in C++ or in assembler, very well proves 

the assumption to be true. The development time and the required tool 

purchases are usually covered under the term non recurring engineering cost 

(NRE) estimation. Unfortunately some companies do not see the need to 

purchase the latest and greatest tools and do not use heavily automated design 

methodologies. In many cases the performance of the code, which is brought 

out just by using a C compiler with reasonable optimisation features, is only 

slightly below that of the same manually developed and optimised assembler 

code. Due to the complicated architectures of modern processors which involve 

SIMD and pipelining features in many cases compilers provide better code than 

even a very professional assembler programmer could provide manualfy in a 

reasonable timeframe. Still especially in DSP developments and embedded 

systems manually optimised assembler code is still used [16]. Anyway other 

factors play a reasonable role to go into the depth of developing the own ASIC 

design. Here an assumption is made that the tools deliver what they promise, 

regarding their efficiency, which may not be always the case.

2.4.2. Unit Cost

The second main criteria, for a decision is the pure unit cost, without the NRE 

cost. This is the cost to really build the piece of silicon, package it and ship it to 

the customer, regardless of the development cost. It mainly is dictated by the 

size of the silicon and the process technology. In addition to this, the price per 

unit is reduced when the production volume is increased. Since the numbers of 

a GPP or a commonly used DSP are somewhere in the millions, the unit cost is 

very low. Usually the unit cost for an FPGA is the highest, whereas the ASIC is 

very low, if the numbers are reasonably high. Considering less performance out 

of a DSP, the price regarding the performance seems to be highest for a DSP, 

and lowest for an ASIC. Thus it can be stated that the relationship is inverse, 

compared to the above shown costs induced through the development cycle
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itself. For a given performance the ASIC costs less, whereas the GPP costs 
most.

ttelali*. 
Coil J

Figure 2.7 Relative Unit Cost for ASIC vs. FPGA [17]

Figure 2.7 only compares the relative cost of FPGAs against an ASIC. The 
typical numbers of units, which are considered here are somewhere at 100000 
units. The comparison between an FPGA or ASIC against a DSP is somewhat 
more complicated. The typical disadvantage of GPP or DSP is that it is mainly 
programmed in a sequential manner. Depending on the application little or no 
use may be made of single instruction multiple data (SIMD) features. Thus it is 
really dependent on the application if a FPGA design outperforms an equivalent 
DSP, especially in monetary terms. Anyway it seems that the unit cost is less, 
as the abstraction level of the design gets lower, since usually a better 
optimization is possible on lower level of abstraction. The conclusion is that the 
said is contradictory to what was shown on the development cost. This also 
means that a break even point can be estimated, which is a function of the 
number of units and the development costs of both, ASIC and corresponding 

FPGA design.

2.4.3. Required Performance

A typical technology driven parameter is the required performance of the 
system. In a wireless system this is mainly dictated through the standard,
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although even in standards like UMTS, WCDMA [18] and WLAN there are 

different data transfer rates defined. Different data rates may be deployed at 

different stages of the system, such that for mobile devices a lower performance 

can be interesting to be able to enter the market earlier. For the purpose of this 

discussion it can be assumed that the required performance of the chip is 

known, in terms of required instructions per second (Million Instructions per 

Second MIPS). It is possible that a single DSP may not be able to achieve the 

required performance needs for a complete UMTS mobile phone application. 

For example in UMTS the chip rate is at around 4 MHz, which leads to a sample 

rate of at least 8 MHz on the I and the Q channel. A simple FIR filter with 64 

taps already requires 64 complex multiplications per sample. Also one complex 

multiplication in the FIR filter may at least require 2 clock cycles if the ALU is 

optimized for complex multiplication or allows parallel execution. Just from this 

simple calculation, it seems that only one complex FIR filter requires already a 

DSP which runs at around 1 GHz, which still is on the edge of available 

technologies. The FIR filter represents only a simple example whereas other 

components also require similar performance from an adequate DSP. This 

analysis shows that an appropriate software solution may just not be possible 

just through the limitation of the technology. An FPGA itself is much more 

comfortable to achieve the required numbers. Modern FPGAs allow for instance 

to run up to several hundred multipliers in parallel, which can be utilized through 

the development of telecommunication systems. Certainly an ASIC design will 

be required if other factors, even form factors, come into account. In fact many 

modern basestations for wireless communication systems are based on FPGA 

technology. FPGA companies like XILINX and ALTERA claim their advantage 

over DSPs in their performance numbers. It seems that more and more typical 

DSP applications are mapped to FPGAs today. For this an ASIC design is 

required and necessary, when an FPGA design is not sufficient enough.

2.4.4. Size of the Device / Form Factor

Especially in modern telecommunication systems the form factor of the device 

is a very important parameter, which determines the choice of the technology.
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The form factor is essentially dictated through the size of the silicon and the 

number of pins. Essentially for the same performance numbers, the area of the 

silicon of an ASIC is much smaller than FPGA and DSP implementations. The 

form factor can influence the entire design, including the design of the printed 

circuit board (PCB) and housing. This again leads to additional cost 

calculations. Especially FPGAs tend to have a big housing and thus may not be 

appropriate for highly integrated devices like telephones and PDAs. For this 

parameter the term "area efficiency" is used, which is visualized in Figure 2.8. It 

measures the required area according to the number of Giga floating point 

operations per second (GFLOPS). Here it is obvious that DSP and FPGA are at 

about the same level, but standard cell ASICs and, even more, custom 

designed ASICs are far more efficient.

2.4.5. Power Consumption

The importance of power consumption is increasingly visible especially in 

mobile devices [19], [20]. Assuming that innovations on higher battery lifetime 

are slower than the needs and wishes of the market regarding new and more 

advanced mobile devices, the lifetime of the battery is mainly dictated by the 

individual hardware components rather than its capacity [21]. Besides 

improvements of the architecture itself, which deal with optimised power 

consumption, the used technology per se has differences in power consumption 

[22]. It is obvious that a DSP may require more power for the same operation 

than a FPGA and an ASIC. For each instruction the DSP accesses the memory 

several times and switches the state of its components several times, whereas 

an FPGA and ASIC may just pass through the numbers from one component to 

the next. Obviously the power consumption is higher when using a DSP or 

GPP, compared to an FPGA design. Here again the ASIC clearly wins over 

other devices. Companies with very power sensitive embedded devices, like 

hearing aids, currently develop specific ASICs to meet these criteria. On the 

other hand, power optimised DSPs are now entering the market. Low power 

versions of DSPs and GPPs are available, which try to offset the disadvantage 

and enter a higher market share. These devices are certainly very welcome due
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to their programmability as shown previously. Figure 2.8 shows a very 

interesting relationship between the number of Gigaflops per watt (GFLOPS/W) 
and the GFLOPS/cm2 for different technologies. An ASIC is mainly built in 

standard cell technology. The figure shows that a factor of ten in power 
efficiency is applicable between DSPs and FPGAs and again a factor of about 

five is still applicable between FPGA and standard cells. By far the best power 

and area efficiency can be reached through a full custom design, which means 
that no standard cells are used and that even the layout is manually optimised.
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Semi-Custom

Full - Custom
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Figure 2.8 Power and Area Efficiency of different technologies

2.4.6. Interim Observation

As a conclusion of the decision making process Table 2.1 shows a comparison 

of different technologies. One important additional factor is the availability of 

design tools, which is not yet discussed. This highly influences the time to 
market. Also design tools can influence the performance of the final product. 

Optimising compilers and synthesis tools, as well as optimising place & route
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tools can increase the efficiency of the individual designer dramatically, while 

still maintaining very high efficient results. The decision sometimes is highly 

influenced by the simple question if design tools are available and how efficient 

they are. Table 2.1 shows a summary of the discussed items. The table 

distinguishes between full-custom and standard cell ASIC designs. The 

importance of these different factors lies in their relative impact in coming to a 

decision. In most cases the time to market factor has such a high importance 

that DSP solutions are almost always preferred. In fewer cases the advantages 

of full custom designs overweight the time to market advantage of standard cell 

designs. Full custom designs are rarely implemented for application specific 

designs. A full custom design may be used to implement a DSP architecture to 

reduce the gap between the DSP itself and other technologies. In the following 

sections the availability of tools, which support the different designs, are 

discussed. In the next section the decision process for the concrete example of 

a UMTS WCDMA system is presented. If applicable a good marketing strategy 

would be to enter the market with a DSP based solution, to generate a 

reasonable market share and market penetration. In parallel a second group of 

engineers works on the ASIC solution, which enters the market later but fully 

loaded with the described features.

Technology

GPP / DSP
FPGA
Standard Cell ASIC
Full Custom ASIC

Time-to-Market

++
+
-
-

Unit Cost

-
-
+
+

Performance

-
+
++
++

Size

-
-
+
++

Power

-
-
-H

+ +

Table 2.1 Comparison of Different Technologies

2.5. Tool Availability

Whatever methodology is picked, it needs to be well supported through 

available tools. Already the argument was made that time to market seems to 

be one of the most important decision factors. Reducing the time to market, 

while still maintaining the high quality and efficiency generated through
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manually optimised modules, is a constantly increasing challenge of the tool 

industry. Electronic design automation tools are available on all abstraction 

levels. Besides the generating tools, like compilers and synthesis tools, there 

are analysing tools available, which for example do a layout extraction and feed 

the results back to a netlist simulator to include runtime simulations [23], [24]. 

Some categories of tools for the different system design flows will be discussed 

in the following sections. Tools which are currently available in the market will 

be considered in the presentation. The tools are described according to the 

abstraction level. In the next sections design tools are presented in the order of 

the abstraction level they support, starting with the architectural design down to 

the layout design.

2.5.1. Architectural Design

The architectural design is not linked to specific tools. A system architect uses 

supporting tools for drawing high level schematic representations. For example 

Microsoft Visio can be used to make an initial graphical high level 

representation of the architecture. Or a software architect for example may use 

unified modelling language (UML) design tools [25] to generate the architecture 

of a software project. UML can be an integral part of the design process, since 

tools allow the generation of a framework automatically according to the UML 

description. The Mathworks [26] tools like Simulink also allow the design of a 

high level representation of the system design, which can be simulated already 

at that stage. The architect basically draws his design using components from a 

huge library of components, or if not available, from a set of his own 

components. The Simulink environment then allows the simulation of that 

system. If a certain module is not available in the library of Simulink it can be 

generated either in a hierarchical manner through other modules or described in 

Matlab. An example for a Simulink schematic is shown in Figure 2.9.
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Figure 2.9 Example of a Simulink Schematic

Another interesting tool goes back to efforts of the University of Berkeley, which 

is called Ptolemy, or the recent version is called Ptolemy 2 [27]. Ptolemy 2 is 

based on Java, and the own library modules can be described using Java 

language. To adapt ones' own Java code to be applicable with the Ptolemy 

environment, certain interfaces must be implemented. Further details on 

Ptolemy 2 can be found for example in [28], [29]. At this point there is no 

decision about the implementation in hardware or software done yet. Some 

research is on the way to automate the hardware/software split [30]. Other 

simulation tools exist, which are very specific to certain application domains 

[31], [32].

2.5.2. Behavioural Design

In a second step the individual algorithms are developed. Using a tool like 

Simulink the algorithms may be already available in the library, represented as 

Matlab code. Each block in Simulink can be represented as Matlab description. 

Matlab is a very high level programming language, which is mainly used to 

simulate systems. The following lines show a small example of a Matlab 

description of a filter.

function out - myFilter(parameters, samples) 
fori = 1 : length (samples) - length (parameters)

o(\) = 0
forj = 1''.length'(parameters)

o(i) = o(i) + samples(j+i-1)*parameters(j)
end 

end
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out = o

Matlab is a very simple, although very powerful, language. Originally it started 

as an interpreted language. Due to the international success of Matlab in very 

different areas, developers are calling for Matlab compilers, which allow them to 

use their Matlab code directly for the system design itself rather than only for 

simulation purposes [33]. The main challenge is the interpreted nature of the 

language, which is not compiler friendly and lots of effort has to be put into the 

compiler to generate efficient code for any given target. Besides Accelchip (now 

XILINX [34]), a company which uses Matlab to generate Hardware, other 

companies, like Nulife Technology Corporation [35], are developing a Matlab 

compiler to directly generate assembly code for their specific DSP. 

Still located on the behavioural level, but a bit lower in its abstraction there are 

languages like C, C++ and so on. These are commonly used and well 

supported with compilers for all targets, to generate optimised assembly code. 

Here also efforts are on the way with companies like Tensilica [10], which 

generate hardware descriptions out of C or C++ modules. Another effort, lead 

by Synopsis, but involving a whole community of different companies, is the 

development of SystemC [36]. SystemC is a derivation of C++ with specific 

features to describe hardware. Although SystemC can be located on the level of 

behaviour description languages, it also is suited to describe the system on 

register transfer level (RTL). The same is true for languages like Verilog and its 

derivative called SystemVerilog and VHDL, which always allowed behaviour 

descriptions of the modules.

2.5.3. RTL Design

As already stated, SystemC allows descriptions on RTL level. On this level the 

registers and memories are already visible to the user. Transitions of data 

between registers and memory locations can already be described. Clock 

signals are already visible. The following Verilog code shows the RTL 

representation of a simple Multiplexer.

module Multiplexer
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inl,
±n2,
sel,
out 

) ;
input inl f in2 f sel; 
output out;

always @ (inl or in2 or sel) 
begin : MUX

if (sel == 1 'bO) 
begin
out = inl; 

end
else if (sel == 1 'bl) 

begin
out = in2; 

end 
endmodule

The input and output signals are already described. In the shown case they are 

single bit inputs and outputs, since that is the default value in Verilog [37], [38], 

[39]. The if statement can later be mapped to a multiplexer structure. Although 

RTL code is in parts very similar to other algorithmic description, it is more a 

description of the underlaying structure than the programming of the algorithm 

itself. RTL deals with the structure of the system. Typically RTL designs are 

simulated first through tools like Modelsim [8] and other VHDL or Verilog 

simulation environments. Modelsim comes in different flavours and is 

incorporated into the XILINX FPGA Design Flow in a version called Modelsim 

XE. After the simulation of a RTL design, which should be done against the 

simulations of the algorithmic design, a RTL synthesis tool is required to 

automatically generate the corresponding netlist on the underlying logical level. 

The XILINX-ISE [11] reflects the entire design flow, which incorporates the RTL 

Synthesis. Other tools like Leonardo from Mentor Graphics [7] and Synopsys 

Design Compiler [9], only generate the netlists and leave the mapping and 

place & route to further tools. The following section discusses the netlist 

representation.
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2.5.4. Logic Design and Netlist Representation

The logic level represents the system as a collection of gates, flip flops and 

wires. Transistors and other electrical units are usually not incorporated in a 

netlist reflecting a digital system. Figure 2.10 shows an example of a half adder, 

using an AND gate and an EXOR gate, designed with the Mentor Graphics tool 
Design Architect [7].

Design Architect

MGC Rte £ttH Setup Mteceianeous Ubrartes Qieck Report Vtew

Figure 2.10 Screenshot of Schematic Entry using Design Architect from Mentor Graphics

The example shows the usage of two gates, whereas tools like the Design 

Architect and others usually come with huge libraries of predefined 

components. What is shown in the figure is an exact representation of the 

netlist, transported in some kind of netlist format. As the netlist is automatically 

generated with RTL Synthesis Tools, the usage of schematic entry tools like the
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"Design Architect" are obsolete. Typical netlist formats, which hold all the 

information given through the schematic entry, except the additional 

information, which deal with the appearance of the circuit on the screen, are 

stored for example in the electronic design interchange format (EDIF) [40]. 

Other netlist formats are also used, but they all serve the same purpose, to 

describe the connections between logic blocks. The EDIF format is a more 

general format and is used also for other purposes than netlists. In the following 

example it becomes obvious that the representation of even individual instances 

is very complex in a format like EDIF for the human reader.

(cell xo02dl (cellType GENERIC)
(view Netlist_representation (viewType NETLIST) 
(interface
(port Al (direction INPUT)) 
(port A2 (direction INPUT)) 
(port Z (direction OUTPUT))

A pure netlist representation is also possible in languages like Verilog. The RTL 

and behavioural features of Verilog are not used in that case, but only the 

features to connect given hardware modules.

module full_adder (a, b r ci , s, co) ; 
input a, ID, ci; 
output s, co;
wire NET1, NET2 , NET3, NET4 ;

xo02dl Ul ( NET1, a, b ); 
xo02dl U2 ( s , NET1, ci ) ;

an02dl U3 ( NET2 , a, b );
an02dl U4 ( NETS, a, ci );
an02dl U5 ( NET4 , b, ci );
or03dl U6( co , NET2 , NET3 , NET4 );

endmodule

The final level is the layout generation phase. It means that the netlist, as a 

collection of representations of gates and connections, is actually replaced 

through the real physical representation of a layout.
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2.5.5. Place & Route

A typical layout tool often splits its work into several phases. These are the 

mapping, placing and routing phases. Mapping means that gates represented 

on the network level are replaced through gates, which are available in the 

library. A certain technology is represented through the library modules, which 

could be CMOS, BiCMOS [41] or other technologies, as well as the structure 

size, which is dictated by the underlying FAB process. Certain low level 

optimisations are applied during the mapping process. A gate with a fixed input 

level may be discarded. Also certain structures may be mapped to specific 

highly optimised specific layout components. For instance if two gates in the 

netlist are recognized as half adder or full adder, both may be directly replaced 

by a corresponding low level module. The layout tools link the netlist 

components to library elements and connect them through wires. The wiring is 

done via different metal layers, such that here also some optimisations are 

dictated through the process.
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Figure 2.11 Screenshot of an ASIC Layout using Virtuoso from Cadence

Figure 2.11 shows a layout in a window of the CADENCE DESIGN 

FRAMEWORK [6], one of the many layout tools for ASIC designs. Although this 

design can now go as mask-set to the FAB to be produced, some further steps 

are recommended. These are the optimisations of the layout and the post layout 

simulation which is a simulation taking into account the electrical parameters 

introduced by the layout itself, such as capacitances and resistances of the 

connections.

The main difference to an FPGA design is centralized around exactly this 

aspect of the design. Although XILINX ISE tools provide place & route 

capabilities, the meaning is essentially different to that of layout tools. Since the 

hardware structures are given in an FPGA, placing and routing herein means 

that the given structures are programmed in such a way that they reflect the 

necessary Boolean functions. In addition to that, connections between the
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modules can be switched as needed. Thus the individual components are 

essentially programmable to reflect a certain function and its connections.

2.5.6. Post Layout Optimisation

Some interesting aspects of post layout optimisation are shown in [42], [43]. 

There are two different aspects of post layout optimisation, as shown in the 

papers. On the one hand, parameters, which are extracted out of the current 

layout, like length of connections, which again lead to resistance and 

capacitance calculations, are fed back into the layout system. The resistances 

and capacitances of connections highly influence the delay times of the 

resulting circuits, which are reflected in the clock speed of the entire design. 

The layout tool takes this into account and introduces for example additional 

buffers and inverters to increase the switching speed of certain specific 

connections. On the other hand, a pure geometrical approach is presented in 

[44]. Pure geometric algorithms are utilized to reduce the size of the structures 

in a way that the design rules of the specific technology are still met. Other tools 

in that regard transfer an existing layout from one technology to the next. This 

essentially saves all the development cycles from higher layer descriptions to 

the layout. In the following section the other direction of the development 

process, which is the analysis of the design, Is presented. In this thesis only 

some aspects of the layout analysis are discussed.

2.5.7. Analysis and Verification of the Design

In the previous sections the design aspect of the entire system design process 

was presented. In this section the analysis and verification steps are briefly 

discussed. At all levels of the design process, verification is a very important 

aspect, which is mainly performed through intensive simulations. Almost all 

mentioned tools inherit the simulation aspect of the generated design. The 

simulation results of a high level design have to match the results of the lower 

level design. A very important aspect, which already was mentioned before, is 

the design rule check (DRC) of the layout. This ensures that the layout is 

following certain rules, which are prescribed through the used technology. A 

design rule checker is for example inherited in the CADENCE tools Virtuoso
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and Silicon Ensemble [6]. A further aspect, which also was mentioned in 

previous sections, is the layout extraction. The layout is analysed according to 

its electrical behaviour. Essentially a transistor netlist is generated which again 

can be simulated and the results being compared with the required simulation 

results. For performance reasons the results of the extraction is fed back to the 

gate level simulations. This means that only delay numbers are added to the 

existing gate level description, or even to the RTL description. Since in most 

cases these tools are already integrated into the existing design tools, and are 

presented already, no additional tools are presented in this thesis. Specific 

verification strategies for UMTS hardware are discussed in [45]. Some 

algorithms and enhancements of automated hardware verification tools are 

presented in [46].

2.6. Interim Conclusion

The previous sections describe the processes and methodologies to design an 

ASIC, an FPGA or a software implementation of a digital system. The different 

aspects of the decision process about the design methodology are presented. 

In addition to that the required tools, which certainly influence the decisions and 

the development efforts, are also presented. It became obvious, that different 

methodologies can be developed, and different paths may be followed to reach 

the goal of a successful hardware or software design. The methodology and the 

abstraction level, highly influence the remaining effort to implement a design. In 

this thesis, it has become clear that predefined modules are available for 

different abstraction levels. The higher the abstraction layer, the easier it is to 

reuse a module in different designs. On the other hand, a design for a low 

abstraction layer requires much less work on the integration of the overall 

system. In later chapters the presented patents are classified according to the 

abstraction layers defined here.
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Chapter 3 Digital Telecommunication Systems

3.1. Chapter Overview

This chapter gives an introduction to wireless telecommunication systems in 

general and specifically to WCDMA systems, as deployed within the UMTS 

telecommunication networks [47]. This chapter provides the technological 

context of the patents presented in this thesis. The existing body of knowledge 

in the domain of wireless communication systems is described based on 

available literature, covering the specific aspects of WCDMA.

3.2. Introduction

The initial development of analogue telecommunication systems even today is 

the preferred technology for broadcasting systems. Long-, Medium-, Shortwave, 

Very High Frequency (VHP) and Ultra High Frequency (UHF) broadcast 

systems are still widely used. However more and more services are deployed 

using one or other digital communication techniques [48], [49]. Starting in 

military and satellite applications, all of the actual wireless telephone standards 

are based on digital technology [50], [51]. In addition to this, local area networks 

are available, which clearly use digital communication technology. None of the 

analogue telecommunication technologies are considered in the following 

sections of the introduction into telecommunication. This introduction is reduced 

to some major digital telecommunication systems. Such systems can be 

categorized according to different parameters. One important parameter is the 

bandwidth of the system. Generally wideband systems and narrowband 

systems can be distinguished. Another parameter, which leads to a different 

point of view, is the applied modulation technique. The modulation technique for 

digital systems describes the mapping of individual bits or sequences of digital 

data onto the real and the imaginary part of the complex signal. The mainly 

used categorization technique for wireless communication systems, which 

sometimes becomes even synonymous for the prevalent standard, is the way of 

sharing the physical channel by multiple users, or logical channels. The multiple 

access strategies will be introduced and the essential differences prevalent in
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wireless communication systems will be described in this chapter. In addition to 

this a digital telecommunication system combines usually several techniques to 

encode the data for both security reasons, but also to reduce the net bit error 

rate (BER), which becomes the main measure for the quality of the system. The 

following sections will introduce the main digital modulation techniques and the 

media access techniques. Furthermore conventional encoding techniques and 

thus the Viterbi decoder [52], which are all aspects of the Channel Encoding 

Process, will be described in detail. Finally some examples of actual standards 

and their prevalent techniques are presented. This chapter provides a brief 

overview, outlining some techniques as examples and presents the main 

differences to attributes of WCDMA systems.

3.3. Overview of a Telecommunication System

Figure 3.1 shows a very general overview of the main blocks of a digital 

telecommunication system, comprised of a transmitter and a receiver. The data 

is generated by the signal source. Thereafter the data usually is coded for 

security reasons, for example using a cyclic redundancy checking (CRC) code. 

Further, channel encoding takes place, which can be a combination of 

conventional encoding and interleaving modules. The modulation maps the 

digital signal in some form to the real and imaginary parts of the base band 

signal. In the RF section a modulation process to the actual frequency takes 

place. The receiver performs an even more complex task to demodulate the 

signal delivered from the RX frontend. The baseband signal must be equalized, 

which involves tasks like channel estimation and in CDMA systems, for 

example, despreading. Finally, the demodulator maps the real and imaginary 

signals onto the appropriate bitstream. Here in the majority of systems softbits 

are used which can be handled through specific softdecision channel decoder 

algorithms [53]. Finally the resulting bits are decoded, according to the source 

coding schemes. Through the CRC checking or CRC decoding algorithm, it 

finally becomes clear if the transmission was error free. If error correcting codes 

are used, a certain redundancy of the signal can be handled and a certain 

number of errors can be corrected.
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Analogue RF Receiver

Demodulation

RX

Figure 3.1 Generalized Schematic of a Telecommunication System

First the categories of media access technologies are presented with their main 

strategies, known as time division multiple access (TDMA), frequency division
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multiple access (FDMA), code division multiple access (CDMA), and space 

division multiple access (SDMA) [54], [55], [56]. The following sections will go 

into details of each component as shown in Figure 3.1. It shows a generic 

overview where details may differ for one or another standard and technology. 

Source coding techniques and channel coding techniques with interleaving are 

presented. An important issue is the actual modulation technique, since it 

mainly influences the bandwidth of the system.

3.4. Categories of Multiple Media Access

The way in which the available bandwidth is shared between the channels or 

even the individual users of a telecommunication system usually is the main 

factor to describe new telecommunication systems. Interestingly enough the 

access technology even sometimes determines the name of some standards 

using these particular techniques, although major parts of a standard are very 

well independent of the access technology as will be shown later on. The main 

question is: how does the system share the available bandwidth beyond a 

certain number of users? This mainly can be done in one of the following ways, 

with each being a basis for standards and different telecommunication systems. 

A very simple one, the frequency division multiple access (FDMA), is chosen as 

starting point for the discussion. [57]

3.4.1. Frequency Division Multiple Access

Each FM radio which is available in almost every household worldwide uses this 

technique to differentiate between the offered broadcast stations. A broadcast 

station gets a certain bandwidth assigned, usually by a national regulating 

office, and is allowed to send its contents on the given channel or frequency. In 

VHF or FM Radios one channel has a bandwidth of 15 KHz or 30 KHz for 

stereo with an additional 19 KHz. The centre of the stereo signal is located at 38 

KHz, so the signal ranges from 23 KHZ to 53 KHz. In the FM spectrum about 

three times of the bandwidth is required. In the USA the Federal 

Communication Commission (FCC) assigns stations 0.2 MHz apart to prevent 

overlapping. Also in many other countries the entire VHF broadcast band 

covers the range of 87.5 MHz to 108 MHz, which leads to 102 stations [58]. The
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desired radio station is chosen through simply setting the appropriate 

frequency. The FDMA technology is the preferred method in citizen band (CB) 

and amateur radio technologies and other radio technologies like aviation radio. 

Choosing the channel just by switching frequencies is the preferred technology 

of analogue telecommunication systems.

3.4.2. Space Division Multiple Access

The number of over 10,000 radio stations in the US exceeds the available 

frequencies by far. Yet the system still works, because of Space Division 

Multiple Access. Simply spoken, two radio stations can be differentiated just 

because they are far enough apart, and thus do not interfere with each other. 

With this scenario a certain frequency planning becomes necessary, which 

involves the TX power of the station as well as the physical distance. In modern 

digital telecommunication systems, the SDMA technologies become more and 

more important. Even on the very low scale of some 10 meters several stations 

may send on the same frequency, only differentiated through smart antenna 

and beamforming technologies [59], [60], [61], [62], [63]. Multi Input/Muiti Output 

technologies (MIMO) [61], [64] are used in UMTS and WLAN systems, which 

take advantage of the space-factor between different antennas. TDS-CDMA is a 

mixed technology, which incorporates different basic technologies like TDMA, 

CDMA and SDMA into their standard. The advanced telecommunication 

systems only send the major portion of the signal in the direction, which is 

needed for the communication. A beamforming basestation antenna tracks the 

location of the mobile station and sends the signal predominantly in that 

direction. This certainly enhances the coverage of a single station and the 

number of users, which can be handled. Especially in highly frequented areas, 

like shopping malls, where hundreds of telephones are in a very small space, 

these technologies improve the coverage vastly. One positive factor of SDMA 

technologies is that they usually can seamlessly be involved in existing 

standards. Smartantenna or beamforming technologies are also well known 

from radar techniques [58].
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3.4.3. Time Division Multiple Access

The main technology of second generation mobile phone systems, which are 

usually already digital systems, uses time division multiple access systems 
(TDMA). Through this technology the same frequency channel is split into a 
certain number of time slots. The prevalent mobile phones technology GSM is 
based on this technique. It allows eight users to share the same channel. One 

time slot out of eight is allocated for each user. Already the main challenge of 
TDMA technologies becomes obvious, which is the synchronisation of the 
different stations. Usually the base station provides the timing information and 

all the mobiles have to synchronize accordingly. The US system TIA-EIA-136 

[65], [66] for example is a TDMA system also, which uses six time-slots. Other 
non wireless systems also use TDMA techniques. For example the Flexray bus 
system which is developed for the automotive industry [67] is a TDMA based 

bus system. Interestingly enough the TIA-EIA-136 system is called TDMA in the 

US which causes lots of confusion since this aspect of the technology spent the 
name for the standard. The same is true for the IS-95 standard which is called 

CDMA in USA [68].

3.4.4. Code Division Multiple Access

The current hottest technology undoubtedly is code-division-multiple-access 

(CDMA) technology in general, with its derivative the Wideband-CDMA 
(WCDMA) technology [69], [54], [70]. WCDMA essentially has a higher 

bandwidth than the already stated IS-95 (or CDMA) standard originally 
developed by Qualcomm [68]. The basic idea is that the same frequency- 
bandwidth is shared among several users. The differentiation takes place 
through codes, which are allocated for each user. The code-vector is multiplied 

with each information bit, which leads to a much higher sample rate. This 

technique is called spreading. A receiver, especially a RAKE receiver [71], [72], 
[73], [74], [75], [76] despreads the signal and generates the original information. 

The following examples show the details. Assuming 3 users, who each send a 
3-bit information over the same channel, which is divided through the code only. 

A set of orthogonal codes is selected and assigned to the users. Each data bit
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will be replaced by the code or by the inverted code. For our purposes a '0' will 

be replaced by the code and a T will be replaced by the inverted code. The 

following Table 3.1 shows the example of the spread signals for each user, 

sending 3-bits of data.

User
UO
Ul
U2

Data
0 0 1
1 0 1
r1 1 0

4 Bit Code
0 011 j
0110
0101

Result
001100111100 j
100101101061 '
161016100161 ~]

Table 3.1 Spreading Example

Now the bits are mapped to the I/Q plane. Complex numbers are ignored here 

each 1 is mapped to 1 and each 0 to -1. Thus the result is as shown in Table 

3.2:

JResjjJt- 
001100111100
100101101001"
101010100101

After Mapping
-1-1 1 1-1-1 1 1 1 1-1-1

1 -1-1 1-111 -11-1-1 1 
1-1 1-1 1-1 1-1-1 1 -1 "T

1-311113-111-31

Table 3.2 Mapping to +1 and -1 of the Datastream

Now a channel, which is assumed to be error free, Is used and thus the original 

data can be derived from the shown signal. For this the receiver may work on all 

codes in parallel but may also be limited to only one user. So the receiver 

essentially multiplies the code with the received signal and adds the results 

together. Finally the receiver decides if the resulting number is positive or 

negative, which in return gives the original bits. The following example in Table 

3.3 is shown for user U2 from Table 3.1. The same approach as before is 

selected, which means that the result is inverted when the code is 1.

with Oser_2_Code__] 1 71̂ "y-"1~n3~ri

jCombine 4 symbols to 1

Table 3.3 Despreading Example
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A final decision making process checks if the results are positive or negative 

and assigns 0 or 1 accordingly. Given the shown mapping and interpretation, 

exactly the sent signal is generated which was 110 for the user U2. Essentially 

what happens here is that artificially the bandwidth of the signal is increased. 

The shown signal requires four times as much bandwidth as the original.

Speadin* factor = -^^ll QPSK , 30kbit/s cha"«* j = 2!™ Spreading 
1 e Data rate yrisjs- ' 15k symbols/s ) 15k factor 256

W/Hz

Non-Spread Signal
Spread Signal

F**•
Figure 3.2 CDMA Spreading in the Frequency Domain

So essentially for a perfect channel it is true that the number of users stays the 

same for the same bandwidth [77]. The advantages of a broadband signal come 

to the fore when fading influences the signal. Fading is highly dependent on the 

frequency, which means that only a small portion of a broadband signal is 

influenced at a given fading condition. The previous example shows a CDMA 

system, which uses a very short repeating code, other systems just use a very 

long pseudo random number (PN) sequence [78], and different users get a 

different PN sequence allocated. The principle is essentially the same, so under 

direct sequence CDMA (DS-CDMA [79]) additional information may be found 

also in [80], [81], [82].

3.4.5. Interim Observation

Figure 3.3 compares illustratively the aspects of the three technologies TDMA, 

FDMA and CDMA. It is shown how different channels relate to each other in the 

time and frequency domain, as well as the code domain.
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frequency

time time time
FDMA -'- TDMA ""'c CDMA 

Figure 3.3 Descriptive Figure of the main Access Systems

Different standards and techniques essentially are built upon one or the other of 

these techniques. Orthogonal frequency division multiple access (OFDM) 

technology will be discussed separately, since this can again be on top of one 

of these techniques. Table 3.4 lists some of the standards developed over the 

last years and their underlying technologies. The table does not show any of the 

analogue standards, which were developed previously to any of the digital 

standards. In [54] is a brief introduction of the history of mobile phone 

standards, which also includes the analogue domain.
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In North America

IS-54
IS-136
lS-95
PCS-1900
PACS

In Japan

PDC (FDMA/TDMA)
PHS (TDMA)

In Europe

GSM (FDMA/TDMA)
DECT (TDMA)
GPRS (for data-transfer)
HSCSD (for data-transfer)

IMT-2000 Family (3rd Generation)
UTRA-FDD (WCDMA)
UTRA-TDD (TD-CDMA)
cdma 2000
TD-SCDMA

4th Generation (WLAN)
WLAN
Bluetooth

FDMA

yes
yes
yes
yes

yes

yes

yes
yes

SDMA

yes

TDMA

yes
yes

yes
yes

yes
yes

yes
yes
yes
yes

yes

yes

yes

CDMA

yes

yes
yes
yes
yes

11 Mbit

Table 3.4 Different digital Standards and the underlying technologies

USA, Europe and Japan have developed standards differently. CDMA was 

mainly a US product driven by Qualcomm, whereas GSM was more of a 

European development. UMTS thereby represents an effort to unify the 

standards throughout the world, which still have led to different 

implementations. Again China, for example, takes its own route with TDS- 

CDMA which is a derivative of TD-CDMA [83], [84] driven mainly by Siemens 

[85], [86]. By far the most promising standard in the family of 3 rd Generation 

standards is the WCDMA standard [87]. Not necessarily because of the 

superiority of the technology itself, but more through market strength of the 

participating parties and companies. Due to the different frequency planning 

throughout US countries, the CDMA-2000 is the UMTS derivative for USA. One
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requirement for UMTS was the compatibility with existing GSM networks, which 

was not fulfilled as expected [88], [89], [90]. The OFDM [91], [92] technology, 

which is used for higher data rate wireless local area networks (WLAN), will be 

presented in one of the following sections. Further, the activities of the Ultra 

Wide Band (UWB) arena, which spread very low power signals over a very wide 

frequency range (500 Mhz for example), are worthwhile to be mentioned. The 

UWB activities are referenced for example in WiMAX [93], which is the 

successor of the WLAN standard [94], [95].

3.5. Source Coding Techniques

This section gives a very brief introduction to source coding techniques [96], 

[97] and their purpose. The main requirement is to transfer the data, generated 

by a signal source, with no errors, through a reasonably long channel. In 

wireless telecommunication systems this can usually not be ensured, due to the 

losses incorporated through the wireless channels. Thus at a first step error 

correcting coding schemes are applied to the data stream, or at least codes, 

which find the errors. A very simple mechanism is the usage of parity checking 

codes, which are applied in very different environments, i.e. the access to RAM 

cells. The simplest case may be described as follows: Suppose two bits are 

transferred, a third bit, which is the parity of those two bits, is transferred as 

well. The parity is simply calculated as the exclusive OR of the two input bits:

0 1 1

Figure 3.4 Parity Encoder of two inputs generating a three output bits

Instead of sending the two bits, for instance 01 the three bits are sent 011 with 

the third bit is the parity. If an error occurs when the data is received, then the 

parity most likely does not fit. Lets say the second bit is corrupted, so the 

received sequence is [ 0 0 1 ] then a comparison between the expected result of
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the parity calculation and the received result leads to the assumption that an 

error occurred. In the shown case the transmission may be repeated. The same 

technique can be used to calculate the parity over a given number of bits, thus 

the overhead will reduce, whereas the probably that an error is not caught will 

also increase. Hence it is desirable to detect errors and be able to correct them. 

The additional code also adds redundancy, which reduces the channel capacity. 

The redundancy is defined through the number of additional bits, used for 

encoding. In the presented case 2 bits are encoded with one additional bit, thus 

the redundancy is 1. The rate is the number of source bits versus the number of 

total bits. The rate of this simple example thus is 2/3. As this technique is mainly 

used to detect errors it is called error detecting code (EDC), while the other 

category is the error correcting code (ECC). One important aspect for the 

correction is the definition of the minimum hamming distance [98]. The 

hamming distance of two code words reflects the number of positions, which 

differ. Thus the distance of 001 and 000 is 1. The distance of 100 and 010 is 

two. An important parameter is the minimum hamming distances over all 

possible pairs of code words. In the following example the code has a rate of 

2/5. It encodes the two bits {00, 01,10, 11} into the 5 bit words {00000, 10110, 

01011,11101}. The minimum hamming distance of this code is 3. One strategy 

to correct errors is the nearest neighbour decoding. Assuming that the word 

00010 is received, the distances to all possible code words are calculated and 

the nearest neighbour is selected. In the example the code word with the 

smallest distance is 00000. So two parameters of a code can be defined, first it 

is the number of errors it can detect, second it is the number of errors it can 

correct. For the shown code, it is easy to show that a single bit error can always 

be corrected. Two errors on the other hand can not be corrected. In another 

example the word 00000 was sent and a corrupted signal with two errors, for 

instance 00101, is received. The distance of the codeword 00000 is 2 as well as 

the distance to the codeword 11101. So it cannot be distinguished which was 

the sent message. But still the code can detect that there is an error, since the 

received code word is not an element of the set of available code words. In the 

channel encoding section some more details will be shown. Usually in
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telecommunication systems, like UMTS one or several of the following codes is 
used. One family is for example the CRC (Cyclic Redundancy Check), which is 
based on polynomial division [99], [100]. Since CRC is a family of codes, the 
individual code is distinguished through different polynomials. Table 3.5 shows 
some common polynomials and the given names, which mostly are derived 
from the length of the polynomial:

CRC- 12
CRC- 16

CRC-CCITT
CRC-32 (Ethernet, 

FDDI'-)

2 l2 + 2" + 23 + 22 + 2' + 2°
2 I6 + 2 I5 + 22 + 2°

2 I6 + 2 12 + 265 + 2°
232 + 226 + 223 + 222 + 2 '6 + 2 12 + 2 U + 2'° + 2* + 2? + 25

+ 24 + 22 + 2 1 + 2°
Table 3.5 Examples of relevant CRC Polynomials

Although CRC codes are pretty common, here is another list of codes, which 
are also relevant to practical applications and mainly are a derivative of the 
CRC code:

  LRC Longitudinal Redundancy Check [101]
  CRC Cyclic Redundancy Check [99], [100]
  FC Fire Codes
  BCH Bose-Chaudhuri-Hocquenghem [102], [103]
  RS Reed-Solomon [104], [105]
  HC Hamming Codes [98], [106]
  VCC Viterbi Conventional Coding [107], [52] for Forward Error 

	Correction (FEC) [108]
  Golay[109]

The list also includes codes, which are used for channel-coding. Some of the 
techniques are very similar in channel coding and source coding. The main 
difference though is that channel coding handles softbits [53] in the decoding 
section. The next section is concentrated around the already mentioned Viterbi 
decoder and encoder, also known as convolutions! encoder.

3.6. Channel Coding Techniques

The purpose of forward error correction (FEC) or Channel Error Correction is to 
improve the capacity of a channel by adding some carefully designed redundant
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information to the data being transmitted through the channel [108]. 

Convolutional coding and block coding are the two major forms of channel 

coding. Convolutional codes operate on serial data, one or a few bits at a time. 

Block codes operate on relatively large (typically, up to several hundred bytes) 

message blocks. There is a variety of useful decoders available, but most of 

them are derived from the original Viterbi algorithm invented in 1967 [110], [52]. 

The most interesting factor of channel decoding techniques is that they consider 

the history of the received signal in their decoding process. The Viterbi 

algorithm and other sequential detection algorithms essentially solve the 

problem to find the minimum error between the estimated signal and the 

quadratic error vector. Essentially the algorithm searches through all possible 

ways through a so called trellis [111], [112] to find the best fitting way. The 
process also is called maximum likelyhood sequence estimation (MLSE). More 

details can be found at [113], [114], [115], [116]. Since errors through 
telecommunication channels most often occur in a burst manner, a Viterbi like 

decoder is most efficient, if it is possible to spread the errors over a reasonable 

long time frame. Through the interleaving processes this can be accomplished, 

which often is defined as part of a Turbo decoder [117], [118], [119], [120], 

[121]. The following sections will give more details. First the Convolutional 

encoder is described using a very simple example. Then the functioning of the 

Viterbi algorithm is shown. In addition to that the behaviour of a simple 

interleaver is described.

3.6.1. Convolutional Encoder

Convolutional encoding of a digital data stream is accomplished using a shift 

register and some combinatorial logic. The combinatorial logic essentially 

performs modulo-2 addition, which is equivalent to modulo-2 subtraction, on the 

data provided by the shift register [122]. Every time a new input bit arrives at the 

input of the shift register, the data is shifted by one bit, eliminating the last bit of 

the shift register and storing the input as first bit. The combinatorial logic is 

mainly just a certain set of exclusive or gates, which combine the elements of
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the shift register by providing a modulo-2 addition. Figure 3.5 shows a very 
simple convolutional encoder.

INPUT
(k BITS/SEC)

—fr OUTPUT
<n = 2k SYMBOLS/SEC)

Figure 3.5 Example of a Convolutional Encoder [123]

It is obvious that the rate is !4, which means that for each raw bit two bits are 
produced at the output. The convolutional encoder is usually defined through its 
rate, for example 1/3, 2/3, % and so on, and the polynomials reflecting the 
combinational logic. The polynomials reflect the connection of the shift registers 
to the upper and lower adders. They can be represented in binary form. For this 
example the two polynomials are represented as 111 and 101. A sequence of 
digital data can be coded through the convolutional coder. The example only 
shows the principle of convolutional coding. In real systems longer polynomials 
are used. For the input sequence 010111001010001 the generated output 
sequence is for example 00 11 10 00 01 10 01 11 11 10 00 10 11 00 11. The 
outputs are paired, with the first bit of each pair representing the output of the 
upper polynomial and the second bit representing the lower output. The exact 
same behaviour can be described through state diagrams, since essentially a 
state machine is implemented here. To understand the Viterbi decoder it is 
necessary to understand its relation to the following two tables. Table 3.6 shows 
the new state, according to the given input and the given current state. The new 
state is generated just through the shift register, putting the input left of the 

current state and dropping the rightmost element.
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Current 
State

00

01

10 :

11 I

Next State, if

Input = 0:

00

00

01

01

Input = 1:

10

10

11

11

Table 3.6 State calculation performed by a simple Convolutional Encoder [123]

Table 3.7 shows the generated output symbols, according to the actual state 

and the input. Again the left output represents the output generated by the 

upper polynomial, whereas the right output represents the output generated by 

the lower polynomial in the above shown figure.

Current
State

00

01

10

11

Output Symbols, if

Input = 0:

00

11

10

01

Input = 1:

11

00

01

10

Table 3.7 Output calculation performed by a simple Convolutional Encoder [123]

After the output sequence is mapped to the l/Q-pane and sent through a 

transmission channel it is received by the receiver in a more or less corrupted 

version. The received sequence in most cases can be correctly decoded 

through the Viterbi algorithm [123].
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3.6.2. Viterbi Decoder

The key element of the Viterbi algorithm is its representation as trellis graph. 
Starting from state 00 the trellis shows the next states as shown in Table 3.6. 
The dotted arrows in Figure 3.6 represent state transmissions according to an 
input of "0" whereas the solid lines represent "1" transmissions.

t=1 t = 2 t = 3 t=4 1 = 5 t=6 1 = 7 1 = 8 1 = 9
State 00

1 = 
10

t = 
11

t = 
12

t =
13

t = 
14

t= 
15

t = 
16

State 11

Figure 3.6 Trellis State-Time Diagram [123]
In Figure 3.6 as shown in [123] the trellis for any 15 bit message is shown 
followed by two "0"-bits at the end. The transition of the states is corresponding 
to the already presented next state Table 3.6. Figure 3.7 shows the trellis path, 
which represents for example the message 00 11 10 00 01 10 01 11 11 10 00 
10 11 00 11.

t=0 t=1 =3 t=4 1=5 1=6 1=7 t=8 t=9

ENC OUT=00

Figure 3.7 Trellis Path [123]
The line in Figure 3.7 represents the output corresponding to Table 3.7. In detail 
at each step the following happens, as shown in Figure 3.8.
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State 00 

State 01 

State 10

State 11

Figure 3.8 Single step in the trellis calculation [123]

The bits, which label the arrows, are the actual outputs. So the state 00, with 0 

as input, results in the output 00 and the next state again is 00. Starting for 

example with the state 10 and an input of 1 (solid line) then the output (label of 

the solid line) is 01 and the new state is 11. In this way the Viterbi algorithm 

decodes an entire message, using all the herein shown information. Supposed 

the message is received with some errors as for example shown in Figure 3.9:

State 00

Starts 11 «

ENC IN= 0 

ENC OUT= 00 

RECEIVED =00 

ERRORS=

I

II 

11

0

10

11 

X

1
00

00

1
01

01

1
10

10

0

01

01

0

11

11

1
11
11

*

0

10

10

fr

1
00

00

0

10

00

X

0

11
11

0

00

00

1

11
11

0

10

10

0

11
11

Figure 3.9 Example of the Trellis Decoding Process of a corrupted message [123]

In Figure 3.9 it is assumed, that the received message contains two errors, 

which are marked with an "x". The example is presenting a Viterbi algorithm 

using only hard decision. In real systems, the values are quantized to achieve 

better performance. Each time a pair of channel symbols is received, a metric is 

computed which measures the distance between the actually received bits and 

all the possible symbol pairs, which could be received. Going from t = 0 to t = 1, 

there are only two possible symbol pairs, which could be received: 00, and 11. 

Since the convolutional encoder was initialised to the 00 state, and given one

3-18



input bit which is either 1 or 0, there are only two states and two outputs as 

possible results. The possible outputs are 00 and 11. Since the only possible 

results are 00 and 11 and the actually received bits are 00 the Hamming 

distances are 0 and 2 for the transition from t = 0 to t = 1 . The calculated 

metrics are accumulated in the following stages.

Accumulated
t = 0 t = 1 Error Metric = 

State 00

State 10

State 11 > < 
ENC IN = 0

ENC OUT= 00 

RECEIVED =00

Figure 3.10 Trellis after receiving the first bit-pair [123] 

Receiving the next bits, the resulting error metric is shown in Figure 3.11.
Accumulated 

t = 0 t = 1 t = 2 Error Metric =

State 00 \UU V UU ' 0+2=2

Stale 01

State 10- Y \ 0-rt)-0

State 11 ' . U1 N 2""l=3 

ENC IN = 0

ENC OUT = 00 

RECEIVED =00

Figure 3.11 Trellis after receiving the second bit-pair [123]

Now in the next step, again starting from the four states, the error metric is 

calculated. The problem is that now each state can have several different 

metrics, according to the path they were derived from.
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Accumulated
Error Metric =

2+2, 3+0; 3

'0+1.3+1: 1 

State 10   V ^<C / "^ 2+0, 3+2: 2

State 11-   " ' V- - 'Z- -^. 0+1, 3+1: 1 

ENC IN = 0

ENC OUT= 00 

RECEIVED =00

Figure 3.12 Trellis after receiving the third pair of bits [123]

A decision has to be made now, which path is chosen for any particular stage of 

the trellis. Simply those paths with the highest accumulated errors are 

discarded. Figure 3.13 shows the accumulated errors and the broken lines 

represent the parts of the paths, which are disregarded. The following 

intermediate result can be observed at t = 5:

. _ , Accumulated 
Error Metric =

State 10  

State 11   • °1 
ENC IN= 0 1

ENC OUT= 00 11 

RECEIVED =00 11

Figure 3.13 Selecting the best path after five steps [123]

The bold path, which represents the original message, is still the path with the 

smallest error metric. Stepping through the trellis the algorithm ends up with t = 

17, where already all the paths are disregarded, which have higher error metrics 

than the correct one. Once the path is calculated the original bit sequence can 

be decoded, just by walking through the path. In [123], where this example is 

taken from, some more details are shown how this can be efficiently 

implemented. In addition to this a fuzzy logic based Viterbi decoder is presented 

in [124]. As already stated the Viterbi decoder provides a very good method to 

correct errors in a data stream, if the errors are equally distributed. It does not
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necessarily correct a number of errors, which are occurring in one block, but if 

the same number of errors is equally spread, it is more likely to correct the 

errors. Thus interleavers and deinterleavers are introduced into the data path, 

which are described in the following sections.

3.6.3. Interleaver and Deinterleaver

As previously described some trellis error correcting methods, like the Viterbi 

decoder as well as turbo decoders, are based on the idea that the errors are 

more or less equally distributed in the received signal over time. It can easily be 

determined, from the shown description of the Viterbi algorithm that errors 

occurring on one block will more likely lead to misinterpretation of the signal. On 

the other hand, realistic channels lead to fading of the signal. Essentially this 

means that errors occur in fact on a block bases, and are usually not equally 

spread over time. The signal levels in a flat fading channel as shown in Figure 

3.14 can vary enormously and so does the raw error rate.

10

-20

-30
10 20 

Tin* (»*c)
30

Figure 3.14 Example of signal levels in a flat-fading channel overtime

The purpose of the interleaver is to decouple the logical order of the signal 

symbols from the physical order. If the encoded signal is reordered before it is 

sent through the channel, and then, before it is decoded again, reordered back 

to its original order, also block errors are distributed according to the underlying 

interleaving scheme. An example, which assumes an error rate of 10% in the 

raw data is given in the following. If the signal is not interleaved 10 errors out of 

100 may be located in one consecutive block of symbols. Through interleaving 

still the same 10% error rate is present, but the errors are equally distributed, 

such that in each block of 10 symbols, there may be only one error, which again
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can easily be corrected through the Viterbi algorithm. The typical interleaver is 

the block interleaver [125]. The block interleaver writes the data in a table with n 

rows and m columns. It may write the data row wise into the table. Now when 

the data is sent through the channel it is sent column wise. A small example 

shows a 4x4 table (Table 3.8). The data is simply 

1,2,3,4,5,6,7,8,9,10,11,12,13,14,15,16. The data is written row wise into the 

table.

1
5

2
6ZUL 1C)

T3j 14

3
7

11
15

4
8

12
16

Table 3.8 4x4 Block Interleaver Example

Now the data is sent through a channel column wise, which means that the data 

1,5,9,13,2,6,10,14,3,7,11,15,4,8,12,16 is sent. The deinterleaver, located in the 

receiver does the exact same thing in the opposite direction. It stores the data 

column wise into its internal memory and distributes it row wise to the next unit, 

which usually is a decoding unit. The original order of the signal is recovered 

after deinterleaving. Block errors are distributed equally. The number of rows 

and columns of a block interleaver is determined by the acceptable delays of 

the system, as well as the requirements given through the channel model. In 

addition to this, interleavers are an integral part of turbo coders. With this small 

introduction to interleaving techniques, the next section continues with the 

introduction of modulation and demodulation schemes of telecommunication 

systems.

3.7. Modulation and Demodulation

The modules, described in previous sections, are all essentially working on 

binary values. This chapter shows, how the binary values (false, true or 0,1, ...) 

are translated into a physical value in the baseband, which will be modulated 

with the radio frequency and transmitted through the antenna. The modulation 

schemes, which are presented here, are not covering the mixing of the 

baseband signal to the radio frequency signal, but rather the translation of a
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given bitstream to a complex signal. (Unfortunately the terms modulation and 

demodulation is sometimes used in both senses). Demodulation describes the 

opposite process. A given complex signal is translated to a bit stream. The 

major modulation schemes are presented in the following sections, whereas it is 

obvious that it may not be possible to present all existing schemes. In a first 

step, only the mapping of bits to I- and Q- values in the complex pane is given. 

Starting with the simplest scheme called binary phase shift keying (BPSK), the 

M-ASK and different PSK schemes, which also involve differential PSK 

schemes [126], [127], [128], [129] are presented.

3.7.1. Binary Phase Shift Keying (BPSK)

As already stated the main function of modulation is the transfer of a binary 

signal into the I/Q pane. In the case of BPSK, the imaginary part of the resulting 

signal is ignored and only the real part is considered. BPSK considers only one 

bit at a time, thus each bit is modulated individually. For BPSK for example a 0- 

bit is mapped to +1 and a 1-bit is mapped to -1, thus the bit can also be 

considered to be the sign bit of the resulting symbol. More generally spoken, 

when the carrier frequency is considered, then the following formula which is 

derived from [130] is true with m(f) is a bit stream over time:

s(t) = A-(l-2-m(t))-cos(2-x-fc -t) 0<t<T (3.1)

With A is a constant, fc is the carrier frequency and T is the bit duration. 

Instead of \-2-m(t) directly the +1 and -1 could be placed to represent the 0 

and 1 of the binary symbol. Anyway usually in literature this is done. The signal 

constellation diagram is given when considering the bit energy P = A 2 /2 t which 

results in A = -J2-P . Now with the energy E = P-Toi one bit duration, this leads 

to the following:

(3-2)
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The orthonormal basis function shall then be taken as:

nr
(3.3)

And this results in the signal constellation shown in Figure 3.15.

Figure 3.15 I/Q Constellation of a BPSK-Signal

For the purpose of this presentation all the constant values shall be set to 1, 

which is A-I and r = l ; which leads to a normalized representation of the

signal constellation using ±1 instead of ±^E. In the following the constellation 

are only shown in the 'normalized' representation, which is also the basis for 

further optimisations and implementation in hardware. The BPSK modulation 

scheme is equivalent to the 2-ASK (Amplitude Shift Keying). Some more ASK 

and PSK modulation schemes are presented. Certainly the more important 

schemes today are the PSK based schemes [130].

3.7.2. Amplitude Shift Keying (ASK)

The main difference between ASK modulation schemes and PSK modulation is 

that only the amplitude is considered in ASK schemes, which also can be 

represented as the real part of the I/Q pane. The numbering scheme shows 

how many different symbols exist. As already shown before in Figure 3,15 the 

2-ASK modulation consists of two different symbols. Thus 4-ASK consists of
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four different symbols. Since only the real part of the plane is considered the 

signal constellation looks like the following:

00 01 11 10

Figure 3.16 I/Q Constellation of a 4-ASK Signal

With four possible constellations, this also means that 2-bits can be modulated 

at the same time. Although the mapping of a 2-bit word to the symbols can be 

chosen freely, it makes sense to choose the mapping in such a way that 

neighbour symbols differ only by one bit. The reason is that noise, added to the 

received signal, may corrupt an entire symbol but still one of the two 

represented bits may still be interpreted correctly, such that the likelihood for a 

correction through the Viterbi is increased. The same scheme is true for 8-ASK, 

which represents three bits through eight different symbols.

3.7.3. Quadrature Phase Shift Keying (QPSK)

The following section introduces the Phase Shift Keying (PSK) schemes, which 

are more popular in modern telecommunication systems. In the case of PSK the 

real and imaginary parts are considered equally. The first modulation scheme 

presented in this section is the 4-PSK or QPSK scheme [131], [132]. Here again 

the signal constellation shows 4 different symbols representing two bits. The 

following formula, which essentially is the extension of the BPSK formula and is 

also derived from [130], represents the QPSK modulation:
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s(t) = A • m'(t) • cos(2 - - m"(f) • sin(2 • n - fc • t) (3.4)

It is assumed here, that the bits are already represented through ±1 and that 

the bit stream, represented through m'(t), is mapped to the real part of the 

complex symbol, whereas m"(t) is mapped to the imaginary part of the complex 

symbol. The signal constellation is given in Figure 3.17. Here again 0 is 

mapped to 1 and 1 is mapped to -1 and accordingly the symbols are assigned 

to the pairs of bits.

10

11

00

01

Figure 3.17 I/Q Constellation of a QPSK-Signal

3.7.4. M-PSK

The general parameter, which distinguishes 4-, 8-, 16-, 64-PSK systems from 

each other, is the number of different signal constellations or symbols. The 

number shows how many constellations exist. In the case of 8-PSK there are 8 

symbols available, whereas in the case of 16-PSK 16 different symbols are 

available. Differentiating eight constellations means that three bits can be 

represented by each symbol. For 16 symbol constellations four bits are 

required. The mapping of words to symbol constellations can be chosen freely. 

Figure 3.18 shows the 8-PSK modulation scheme. In cases like the EDGE 

standard the 8-PSK symbols are located on a circle [133].
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Figure 3.18 I/Q Constellation of 8-PSK

A data stream is spilt up into groups of three bits and mapped appropriately to 

the IQ-pane. The same is true for 16-PSK representing four bits per symbol and 

64-PSK representing six bits per symbol, whereas the symbols are not 

necessary located on a circle. Finally the OMSK and DQPSK modulation 

schemes are presented, which are both differential signals.

3.7.5. Gaussian Minimum Shift Keying (GMSK)

Before the mapping of bits to GMSK-symbols is described, the naming of 

Gaussian Minimum Shift Keying (GMSK) shall be clarified [134], [135]. A 

symbol is represented through a Gaussian shaped impulse as shown in Figure 

3.19. With this the bandwidth is reduced for GSM signals. GMSK uses four 

symbols, like the QPSK signal. Instead of representing two bits statically by one 

symbol, the difference between the previous and the actual symbol is 

represented. Thus a "0" is represented as the next symbol to the right and a "1"
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is represented as the next symbol to the left. This means that in fact the GMSK 

modulation is a differential modulation scheme.

Figure 3.19 Gaussian Impulse

At each time-step one bit is represented through the GMSK modulation 

scheme, whereas other modulation schemes represent two bits at the same 

time. Figure 3.20 shows the constellation points, which are the same as already 

shown for QPSK modulation. The arrows show the potential transitions to the 

next symbol.
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Figure 3.20 I/Q Constellation of the OMSK Signal

The actual symbol is derived from one bit and the previous symbol. In the next 

section, the D-QPSK modulation scheme is described, which follows the same 

principle.

3.7.6. D-QPSK

The D-QPSK modulation, which stands for differential QPSK [126] has the 

same constellation points as the 8-PSK, but each symbol is derived from only 

two bits and the previous constellation.

(onsldialkffl point

to next point

Figure 3.21 I/Q Constellation of the D-QPSK Signal
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Figure 3.21 shows the constellation points and the possible transitions. From 

each actual symbol, four successors are possible, which are represented by two 

bits. The main advantage of both GMSK and D-QPSK is the fact that the signal 

never passes through the origin. This lowers the dynamical range of fluctuations 

in the signal which is desirable when engineering communications signals [130].

3.7.7. OFDM

Finally the Orthogonal Frequency Division Multiplexing scheme (OFDM) will be 

presented in this section. Essentially OFDM can be applied on top of the other 

schemes. A synonym for OFDM is also discrete multitone transmission (DMT), 

which shows that not only one frequency is occupied for the transmission of the 

data, but a set of frequencies. This technique consequently is a broadband 

technique [91], [136], [92].

MUX

————— ̂

Channel

————— *

DEMUX

Figure 3.22 General principle of an OFDM System

For example in WLAN the symbols are generated through a QPSK, 8-PSK, 16- 

PSK or 64-PSK scheme, depending on the desired data rate. Usually in WLAN, 

64 symbols are transmitted in parallel. For this a 64-point FFT is applied, which 

transfers the I/Q symbols, from the time representation to the frequency 

representation. Thus the Multiplexer as shown in Figure 3.22 essentially is 

represented through an FFT and the demultiplexer is represented through an 

IFFT. The 64 symbols are transferred in parallel, thus a considerable bandwidth
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is required for the transfer of the signal. The OFDM principle was not applicable 

in consumer applications in recent years, due to the required signal processing 

performance, which is only available in newer technologies. The principle was 

already discussed in [91] in 1981, and only became popular through its 

application in WLAN. Today OFDM is also considered for the newest UMTS 

derivative High Speed OFDM Packet Access (HSOPA) [137] or Super 3G which 

is covered through the 3GPP Long Term Evolution (LTE) standardisation 

activities [138].

3.8. Interim Conclusion

This chapter gives an introduction to the main techniques, applied in wireless 

telecommunication systems. The specific focus was on those areas, which are 

also covered through the patents, presented in later chapters. The existing body 

of knowledge is discussed and literature referenced accordingly. The actual 

technological background of the patents is covered in this chapter. Later 

chapters will classify each patent individually and show the technical 

environment more specifically as required to understand the novelty and 

contribution of the patents.
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Chapter 4 Classification of the Patent Portfolio

4.1. Chapter Overview
The purpose of this chapter is to show methods to classify a patent portfolio. 
Parameters for general classification are presented as well as more specific 
methods, which are applicable to the domain of telecommunication systems. 
Essentially technical aspects for classification are covered here, whereas the 
monetary value of a patent can only be derived indirectly using the points 
presented here.

4.2. Introduction
In [139] a commission of the European Union tried to evaluate the monetary 
value of European patents on the whole. For this task, inventors, company 
leaders and researchers were questioned to evaluate their own or the company 
patents, which were applied for at the European patent office. With statistical 
methods values of patents were calculated and grouped into different levels of 
value. The entire task was a pure statistical examination of the patents based 
on subjective measures of the participating parties. In contrast to the pure 
statistical measurements of the value of a patent in the following sections some 
more objective measures to evaluate patents generally, but especially patents 
which are subject to wireless telecommunication systems, are shown. The main 
thesis is that the value of a patent should correlate with the classification based 
on the previously presented design flow and methodology. The following 
sections introduce the different aspects to classify and evaluate any given 
patent portfolio in the area of digital telecommunication systems.

4.3. Evaluation of patents
Although the real value of a patent can only be determined after a product is 
introduced into the market and competitors try to copy the product idea, the 
following aspects are given as parameters to evaluate the value of a patent 
prior to its deployment. The herein presented factors are of subjective nature. 
An academic evaluation showing the correlation between the herein presented
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factors and the monetary value of a set of patents over their lifetime is not 

known to the author. The herein discussed patents are not old in consideration 

of the potential lifetime of 20 years which is predetermined by law. Nevertheless 

in [140] a very similar list is presented showing the INFINEON internal process 

to evaluate new inventions. The following factors and questions can be 

identified and will be discussed in detail:

1. Abstraction Level of the Patent.

2. Can the product be built without using this specific method?

3. How many resources are saved through the usage of the patent?

4. How simple is it to recognize the usage of the patent in other products?

5. How simple or complicated is it to build a product based on the patent?

There may be certainly other factors of a patent, which lead to a slightly 

different evaluation result. According to these factors a classification of the 

presented patent portfolio will be undertaken in the next chapter. The presented 

factors are not necessarily only technological, but also business related. For 

example an inventor or a company is certainly interested in the potential 

monetary savings or earnings, which are achieved through the application and 

deployment of a patent. But as these are more economic related aspects, the 

focus will be on the more technical issues of a patent. From the authors own 

observation in SIEMENS the amount of the bonus payments [141] which are 

paid as soon as the announcement of an invention [142] is selected to be filed 

as patent application are not depending on these factors. SIEMENS pays a 

lump sum which is determined only by the number of inventors. This practice 

eventually changes as soon as through licensing agreements a monetary value 

can be identified for the patent. A more detailed validation of the presented 

method is not performed in this thesis since the number of patents and the 

timeframe considered is not representative. For further research the author 

suggests a detailed evaluation of patent evaluation methods using a statistical 

relevant set of patents, i.e. several hundred, supervised over the entire lifetime 

of the patents.
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4.3.1. Abstraction Level of a Patent

In previous chapters the different abstraction levels to implement hardware 

modules are described. Since hardware modules can be described at different 

levels of abstraction, it is interesting to show that the actual abstraction level, at 

which a given patent is described, influences the value of the patent. Certainly if 

the abstraction level of the patent is very high, it usually is not easy to avoid the 

usage of the patent if a related product shall be built. A very simple example 

would be: A patent covers voice communication via electromagnetic radiation in 

general. Essentially everyone, who builds a wireless communication system for 

voice, needs to use the patented technology, since the abstraction level is very 

high. On the other hand very specific technologies with detailed aspects of the 

CMOS process may be patented. In that case, although many things become 

more complicated without CMOS, it however is true that most digital systems 

can still be built based on bipolar technology. The abstraction level of such very 

detailed patents is usually very low. The abstraction level is very clearly shown 

through the Y-Model, which was introduced previously. Each patent of the 

portfolio will be assigned to a certain level of abstraction, as one aspect of the 

value of the patent.

4.3.2. Is the patented method necessary for a product?

The second factor of the value of a patent is whether the desired product can be 

built without this specific patented technology. A car can be built with either a 

diesel or a gas engine, so there are alternative ways to make a car move, by a 

competitor company who wishes to work around the patented gas engine. 

Telecommunication systems are usually defined in a detailed way through a 

standardisation body like IEEE. Patent holders strive for that their specific 

patent becomes a part of a standard. If the standard is established, it is clear 

that each and everyone building a product based on the standard, has to use 

the patent. If it is standardized a certain patent can become a necessary part in 

complying with the standard. Here the issue is not to talk about the monetary 

impact of a patent, which becomes part of the standard. Thus one of the major 

tasks in product development, evolves out of the fact that for certain problems
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only one usable solution is available, which means that a workaround has to be 

developed, to avoid a certain competitor patent. The necessity can be described 

in different levels, a patent may make the development of a product much 

easier, but still it may be possible to develop a functional equivalent patent. 

Certainly the most valuable patent is one, which is absolutely necessary for the 

product. Although under marketing development aspects, it may not be 

interesting for the inventor to keep the invention for himself or apply a very high 

monetary level to the usage of a. certain technology, since it may not become 

very interesting for the entire market to buy, or for other companies to build 

such an invention. So the "value" of a patent derived from this factor, may not 

directly translate into a monetary value. Anyway such considerations should be 

left to marketing and sales experts.

4.3.3. How many resources can be saved through the patent?

This factor deals with resource saving. Whereas in the previous section, the 

ultimate necessity of a patent was described, a lesser point is the savings 

gained through the usage of a certain patent. Some of the patents, which are 

presented in this thesis, fall exactly into this category. It is possible to work 

around a certain patent, but the value of the patent comes through resource 

savings. A simple example may be the complex multiplier, which occurs several 

times within a WCDMA system [143], [144]. Details are given in 5.6. If, through 

the usage of this patent, the required chip area to build a WCDMA chip for 

mobile phones shrinks by a certain percentage, this can be directly translated 

into a monetary saving. So the monetary value of the patent may be directly 

linked to the saving, which is a product of the savings per unit and the total 

number of units. A patent, on the one hand, may lead to a cheaper product, 

since it is used as part of the product, or, on the other hand, it may provide a 

technology to make the process of building a certain product more efficient. An 

interesting example is the assembly line, used by Ford to build his first car 

models [145]. Although Ford sold cars, he used a method to reduce the 

competitive cost dramatically. The assembly line patent itself was not a part of 

the product at all. The difference between these two aspects of the patent is not
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important, since the savings potential is not an objective of this thesis. In certain 

cases it may be prevalent that a more complex technology, which does not save 

resources at production time, leads to other resource savings. For example less 

power consumption is used at operation time. Especially in the area of power 

consumption of mobile devices, there are certain new upcoming ideas and 

patents, which lead to longer battery lifetime [146]. The value of longer battery 

lifetime of a mobile phone certainly is a very subjective measure, so here not all 

objective measures can equally translate into objective monetary savings or 

values.

4.3.4. Recognition of the Patent

One aspect, which is always an important factor, as soon as a certain 

technology going to be patented, rather than kept as a company secret, is the 

potential recognition of the usage of the patent in other products. To claim the 

rights on a certain patent an inventor has to be able to show that the technology 

is really used inside a product. This usually is not a very simple task, given the 

small size and the complexity of highly integrated circuits. For many of the 

shown patents it is obvious that, without using advanced methods, it is almost 

impossible to recognize that they are used in foreign products. In some cases it 

may be possible to apply circuit extraction methods to chip designs, which show 

the usage of systems and patents on a higher level. For the difficulty reasons, 

many ideas are kept as a company secret, at least for some time, before they 

are published, through a patenting process. Especially in telecommunication 

systems, when it is desirable to specify the system through standardisation, the 

concentration is more on patents, which are covered by the standard, than pure 

implementation details. If a telecommunication system is not published through 

standardisation, for instance in military and defence technology, which is 

desired to be kept secret, certain measurements on the pure RF signal may 

lead to some hints about the underlying technology. But these measurements 

only may lead to the covered patents and technologies in some rare cases. 

Especially in military applications, it may not even be possible to get hold of an 

actual telecommunication device, to allow measurements to be performed. The
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result is that an important measure of the value of a patent is that it is simple 

and obvious to recognize it. Ideas, which are not recognizable in a competition 

system, may better be kept as a company secret. Another method to deal with 

unimportant inventions is to publish them through conferences or journals. 

Usually this is done if the companies' patent committee does not recognize an 

invention as important. In addition to it, the invention may not even be used in 

the companies' product portfolio. If this is the case the company may decide to 

publish it as a research paper, which allows everyone to use the invention, but 

nobody can claim the patent later on for himself, since it is already published. 

Certainly some companies are interested in the publication of research results 

as one way of advertising and promoting the technology of the company. [147]

4.3.5. How simple is the implementation of the idea?
The last factor, which is presented in this section, is the question if a certain 

patent simplifies the building process of the product. A patent certainly is very 

valuable if the construction of the product becomes much easier through the 

usage of that patent. This leads to an advantage over the competition, which is 

reflected in a higher quality product with less failure potential. In addition to this, 

a simpler method usually leads to a shorter development cycle and thus to a 

shorter time to market. This aspect is however only important if there are 

alternative methods to build the same product. Since the focus is on the value 

of the patent itself, which reflects only an idea, and not on a physically available 

IP module, which may be evaluated differently. The entire area of IP licensing 

and IP business models is not considered in this thesis. Already the point of 

more efficient processes was stressed previously through the Ford example. 

Another example may be the CMOS-Technology, which usually is easier to 

realize than processes like Bipolar or even BiCMOS [41], [148]. So the 

advantage of a simpler technology and the savings coming with this may be 

paid through worse performance of the developed product. Since some of the 

parameters may be contradictory in some cases, the parameters have to be 

weighted such that the overall value of the patent can be determined.
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4.4. Interim Conclusion

The previous discussion shows clearly that the evaluation process of any given 

patent is a reasonably complex task in itself. Besides a very detailed 

understanding of the technology, the market situation also has to be 

determined. In addition to that the processing costs of building a certain product 

needs to be calculated which is also determined by the numbers of produced 

items. All these factors need to be weighted against the inherent cost to apply 

for a patent, which usually is a combination of some basic application fees, and 

the attorney's fees. In technology related fields the inventor himself usually is 

highly involved in the process, which binds his time and resources to the patent 

application process, rather than the development of the derived products itself. 

Thus a loss of productivity needs to be calculated in. Since these are very 

individual, usually non technical items, no further detail of the evaluation 

process and how to establish a weighted function for the final monetary value of 

a patent is shown here. It was possible to show some important factors, which 

can be used to evaluate patents individually and compare them against each 

other.
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Chapter 5 The Patent Portfolio - Part 1

5.1. Chapter Overview

The following chapters present the patent portfolio. In Chapter 5 an introduction 

to the complete patent portfolio is provided. In addition to that the first part of the 

portfolio is also presented in Chapter 5, starting with section 5.4. The first part of 

the patent portfolio gives an overview of the patents, which are applicable to the 

development of advanced CDMA-receiver structures. Essentially the RAKE 

receiver, as described for example in [82] or [72] and also in [48], was 

implemented in hardware under the consideration of the specific needs and 

requirements of UMTS systems. Different optimisations are shown, which lead 

to better performance of the hardware and lower power and area consumption. 

An ASIC design under very similar considerations is described in [74]. The 

individual contribution of the inventors will be given for each patent, showing the 

novelty and contribution to knowledge.

5.2. Introduction to the patent portfolio

In this chapter, in Chapter 6 and Chapter 7 a set of patents is outlined and 

classified. The presented patents are evaluated against the previously shown 

factors. For each patent the application area within a telecommunication 

system, which gives the technical background of the patent, is discussed. 

Further, the abstraction level is described according to the different levels of the 

Y-Model. Each patent is evaluated according to the defined questions, which 

make a more objective evaluation of the patents possible. The technical details 

of each patent are described as far as necessary for the understanding of the 

invention. For each of the evaluated patents, the individual contribution of the 

thesis' author is discussed, showing the novelty and contribution to knowledge 

made through the author's own endeavour.

The described patents were developed at Siemens ICM Germany in the years 

1998 to 2001. The patents are listed in chronological order in the portfolio 

reference section according to their publication or granting dates. The patents
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describe hardware accelerator modules, which eventually are found in modern 

telecommunication systems i.e. UMTS systems. The specific new requirements 

and challenges of an UMTS system are covered through some of the shown 

patents. Especially the development of hardware for mobile phones combines 

the challenge of the new system with old expectations, as they are given 

through GSM users, such as low power consumption in terms of long battery 

life, stability of the network, international roaming and cheap hardware. In 

addition to the "old" expectations additional requirements are established for 

UMTS systems, which mainly are the high data rates, unmatched in previous 

wireless telecommunication systems. The portfolio contains a patent of the 

receiver architecture of a UMTS mobile phone system. Some details of the 

specific receiver structures are shown in more detail through additional detailed 

implementation specific patents. The specific needs and requirements for code 

generators are covered through two patents and finally some new ideas to 

integrate a UMTS specific automatic gain control system (AGC) are presented. 

A good overview of Direct Sequence Spread Spectrum (DSSS) and Wideband 

Code Division Multiple Access (WCDMA) Systems can be found in [81] and 

[48]. Also [56] and [149] give good insights on a more general level. Other 

literature will be referenced when required to give a more completed insight into 

the complex area.

5.3. Contents and Structure of the Portfolio

The portfolio contains eleven patents in total from the patent portfolio in which 

the thesis' author was involved. The entire portfolio is split into three parts, 

which are presented in Chapter 5 to Chapter 7. The patents are described in 

detail. The relations between the presented patents are shown as well as the 

relation to the entire UMTS system. The first part, described in Chapter 5, 

shows the RAKE receiver related patents. The RAKE receiver can be 

considered as the heart of any UMTS terminal. Although RAKE receivers are 

well known from other standards, the specific needs of the UMTS system were 

covered through the presented patents. Besides a new RAKE receiver 

architecture presented in the first patent, more details are shown and described
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through additional patents. For example, highly optimised multiplier circuits for 

complex multiplications are shown, which are required in a RAKE receiver. 

In the second section, which is presented in Chapter 6, a very important area of 

the UMTS telecommunication system, the code generators, are covered. Here 

the architecture of a programmable code generator is presented, which may not 

exclusively be used in UMTS systems, but also within other telecommunication 

systems. In addition to the pure code generator also a code selection unit, 

which synchronizes to the correct code with minimum effort, is presented. 

In Chapter 7, the third part, a newly developed automatic gain control system 

(AGC), which especially reduces the hardware required for implementation, is 

covered. Further, under the aspect of automatic gain control (AGC) also a 

system for controlling the transmission power is described. Thus three main 

areas are covered herein, which all relate to telecommunication systems. 

All patents were first applied in Germany, as they were mainly developed at 

Siemens ICM in Germany. Thus all patents are available completely in German 

language. Some of the patents are applied in Europe and in USA, such that at 

least the claims are available in English language also. For the patents, which 

are not published in English, neither European nor international applications 

exist the patent abstract is available in English. The original abstracts are 

shown as they are published. All patents are referred through their application 

numbers, which can be found on each page of the original patent documents.

5.4. Hardware Architecture of an Advanced UMTS RAKE 

Receiver

The patent listed as EP1125370 [150] describes a RAKE receiver architecture. 

After a description of the patent, a classification of the patent is given under the 

previously shown conditions. The following section shows the unmodified 

abstract as published in English language. This can be found and downloaded 

at [151].

5-3



5.4.1. Abstract of Patent EP1125370

Abstract not available for EP1125370
Abstract of corresponding document: WO0025437
The aim of the invention is to 
provide improved rake 
receivers for 
telecommunication systems 
for wireless 
telecommunication between 
mobile and/or stationary 
transmitters/receivers, 
especially in third generation 
mobile radiotelephone 
systems which permit to cut 
down on the number of 
function blocks and logic 
gates used. To this end, a 
pipeline architecture is 
provided in which the 
individual arithmetic 
operations are pipelined.

Figure 5.1 Abstract of RAKE Receiver Patent Description EP1125370 

The same schematic of the RAKE receiver is also shown in Figure 5.3.

5.4.2. Description

The RAKE receiver represents the heart of a UMTS receiver, especially a 

wideband code division multiple access (WCDMA) receiver. The RAKE 

performs the task to transform a noisy wideband signal, which it gets from the 

RF interface, into a low noise narrow band signal. A transferred data symbol is 

spread over the available bandwidth through the application of a code signal. 

When this spread signal is received, the RAKE receiver decodes and 

despreads the signal. Through despreading the noise is reduced. A CDMA 

system in general has the advantage over other systems, that fading is very
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unlikely, since the signal is spread over a wide bandwidth. Further through a 

RAKE receiver the signal is collected, which is distributed through different 

transfer paths and combined through a maximum likelihood combination 

algorithm, which essentially can be implemented as a weighted sum. The 

following figures show the basics of a CDMA system, which are also explained 

in more detail in the patent applications. Also detailed descriptions about CDMA 

Systems can be found in [48]. Other implementations of RAKE receivers in 

hardware are described in [152], [74]. In [153] a RAKE receiver is described 

which combines the despreading of the real and imaginary part of the signal in 

one step whereas there is no further optimised implementation through 

multiplexing and pipelining claimed. In [154] a pipelined processor for 

demodulation is mentioned as part of the invented searcher for a spread 

spectrum signal. In [155] this demodulator is described in more detail. Although 

in [150] some elements are implemented very similar other parts are superior to 

the prior art. The main differences is that in [154] and [155] a searcher is 

described and not a receiver and that the despreading of the signal is 

performed in parallel. The pipelined structures are used only for maximum 

likelihood combination and to compare the results to find the maximum. 

A signal is sent out from a transmitter (TX), usually with about equal power into 

all directions. Part of the signal energy may reach a receiver {RX) on a direct 

line of sight with a relative delay of d0 , whereas further parts of the signal may 

reach the antenna of the RX after the relative delays of dl ,d2 ,d^,..,,dn _ l [156] 

as shown in Figure 5.2. The signal is a spread with a spreading code, which 

means that each symbol is multiplied by a code sequence of length, expressed 

by the spreading factor (SF) before it is sent. At the receiver, the signal needs to 

be multiplied by the conjugate complex code and accumulated to regenerate 

the original signal. This is done using the following formula:

n-\ SF-1

^ ̂ c(y') • r'(t + A/   y - £/,.) • w,. ( 5.1

i=0 j=0
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With r' is the received signal at the antenna, w. is the path weight for path / 

and c represents the code sequence of length SF. Maximum likelihood 

combination means that the weight is applied for each signal path, according to 

the strength of the specific path. The weight and delays are estimated through a 

channel estimation algorithm [157], [158], [159]. Since there is still noise on the 

signal, the received signal is denoted as s' whereas the sent signal is denoted 

as s. The signal at the TX antenna, which is already spread shall be denoted 

as r and can be calculated through the following formula:

r(t + A? • jlSF) = s(t) • c(j) with j = O...SF -1 (5.2 )

The symbols used here are selected out of the following set of complex 

numbers: {! + /,!-/,-! +/',-!-/}: This means that in the receiver the original 

code is not used, but the conjugate complex code thereof, which is denoted as 

c . Thus t is the time of the signal. According to the spreading factor for each 

symbol s(t) there are SF symbols generated. The delay between two 

consecutive symbols is denoted as At. Since the delays are chosen according 

to the delays between the different paths, the shown formula regenerates the 

sent signal.

Figure 5.2 Multipath Transmission

The signal to noise ratio can be raised according to the number of sent samples 

(chips), which are effectively sent per each original sample. More details can 

also be found in [149]. Essentially a spreading factor of 2 relates to an 

increased signal strength of 3dB, spreading factor 4 leads to 6db and so on. 

The UMTS standard works with spreading factors between 4 and 256 

depending on the required data rates. In addition to this several signals can be
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added to a combined signal through the application of different spreading 

codes. Thus it is possible to apply up to SF orthogonal spreading codes to 

send spread signals over the same frequency, only distinguished through the 

codes. More theoretical work can be found in [48].

A signal path is collected through a so called RAKE finger, which performs the 

dispreading for exactly one path before maximum likelihood combination of the 

signals. A possible hardware implementation of an entire RAKE receiver 

structure is shown in Patent EP1125370 [150], which is equivalent to patent 

WO0025437. It shows the architecture of a modern RAKE receiver for WCDMA 

signals. The architecture, shown and protected through this patent, implements 

a set of RAKE fingers within one multiplexed and pipelined hardware structure. 

Figure 5.3 reproduces Figure 6 of the patent script EP1125370. It shows the 

RAKE receiver to be split into several parts, working as pipeline stages. 

Although pipelining is a known technique in RISC processor architectures, this 

is the first architecture which shows a RAKE receiver utilizing pipeline 

techniques. Through pipelining the available hardware structures can be used 

more efficiently, such that several RAKE fingers can utilize the same hardware 

in parallel. Thus the structure layout represents a multiplexed and pipelined 

RAKE receiver.

The stages of the pipeline are named PLS1, PLS2 and PLS3. In the first stage 

of the pipeline the input signal is fed into a dual ported RAM, which reads and 

writes with different speeds. The RAKE receiver architecture has the same 

functionality as a conventional RAKE receiver with 8 fingers. (The naming 

convention is based on the assumption that the architecture of a conventional 

RAKE, is similar to the design of the garden tool called rake. On the other hand 

it also looks like a hand, what gave the name RAKE finger to the individual 

receiving element). Each RAKE finger reads the signal starting at a different 

location, such that the offset is added to the address counter AZ2. The offsets 

for all 8 fingers are stored in the CCSHS component. The offsets represent the 

delays of the signals. To support soft handover [160] two code generators are 

available CG1 and CG2. A single code generator can be used for all RAKE 

fingers, which means that the receiver is not in soft handover mode. In soft
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handover modus the RAKE receives the same signal from two different base 

stations, which is then combined by the RAKE. The fingers can be assigned 

freely to the two code generators, enabling soft handover with freely chosen 

delay times of each base station. The codes are multiplied (MUL1) with the 

incoming signals (despreading). A register RG1 stores the intermediate values 

for pipelining reasons only. Since each path of the signal is different in strength 

this is considered through the weight factor, which is multiplied with the signal 

via MUL2. Now the symbols are added through the accumulator unit AKR. The 

accumulator performs both the despreading and the maximum likelihood 

combination of the signal.

The system utilizes hardware resources in a more optimized way than RAKE 

receivers without multiplexing and pipelining. The reduction of hardware 

utilization also means leads to power reduction. Power consumption is the most 

important factor in modern mobile telecommunication systems. To conclude this 

chapter, the patent shows a hardware architecture, which utilizes all the modern 

architecture features, which are only seen in modern processor architectures, 

but not or very seldom in accelerator hardware. The receiver is built with very 

little hardware resources, which makes the architecture optimally suited for 

modern and future UMTS telecommunication systems. In later chapters 

modifications of the RAKE receiver are shown, which lead to additional features 

or better performance. Also some details of the receiver are shown, which are 

presented as additional patents. The following section shows the classification 

of the patented technology, according to the described criteria.
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EP t 1253JOB1

Figure 5.3 RAKE Receiver Architecture taken from EP1125370
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5.4.3. Classification

Figure 5.4 reproduces Figure 3.1 previously shown in section 3.3 to introduce 

the general system architecture of a telecommunication system, especially a 

digital telecommunication system. In Figure 5.4 the usage of the RAKE receiver 

is highlighted. Although the term receiver is used, a RAKE is not meant to 

represent a complete receiver, rather than the equalizer component of a digital 

receiver. Figure 5.4 shows the location of the patented RAKE receiver module 

within a wireless telecommunication system. The RAKE receiver is part of the 

block which is described earlier as demodulator. Besides the RAKE receiver, 

the demodulator contains also a channel estimation component, which controls 

the receiver itself. Some details of the receiver are reflected through the patents 

described in the following sections and chapters. Figure 5.5 shows the 

demodulator of a WCDMA system comprising of the channel estimation block 

and the RAKE receiver block. The channel estimator generates the weight and 

delay settings for each RAKE finger, as already described in the detailed 

description of the RAKE receiver. The patent describes a new receiver 

architecture on the register transfer level (RTL) of abstraction. The functional or 

algorithmic level is largely given through former patents, which describe the 

functionality of a RAKE receiver [72], [73]. The patent itself shows only a very 

efficient implementation thereof. The RAKE receiver may be considered 

modular in structure in terms of its operational details. The algorithms behind 

the RAKE receiver are already available in literature [48]. A physical 

implementation is not given through the patent, the patent for example does not 

show any details about the technology, and the detailed implementation of 

certain modules is not described in the patent itself. The detailed 

implementation of an adder module for instance is not further specified. With the 

given information in the patent it can be stated that the patent is defined using a 

medium level of abstraction. The abstraction is highlighted in Figure 5.6.
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Figure 5.4 Application of the Patent in a digital telecommunication system
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Figure 5.5 Demodulator Section of a WCDMA Receiver
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Figure 5.6 Abstraction Level of the RAKE Receiver Patent within the Design Methodology

5.4.4. Value of the Patent

One component, which determines the value of a patent, is given through its 

abstraction level, as it was described previously. It became obvious that the 

RAKE receiver is described in a medium level of abstraction. Although a RAKE 

receiver is already a commonly used method to detect WCDMA signals, it does 

not necessarily have to follow this exact architecture. Thus there are ways to 

work around this specific patent. The main value of the patent certainly comes
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through the hardware savings, which is provided through the usage of pipelining 

and multiplexing hardware structures. Assuming that either a netlist or the 

implementation code is available, the recognition of the receiver structures is 

possible. The main aspects of the RAKE receiver can well be recognized, which 

are pipelining of the signal and multiplexing of the RAKE fingers. The 

complexity of the shown architecture is reasonably higher than more standard 

architectures. Thus certainly it will be more complicated to implement the 

receiver, which also requires more accurate testing of the system. The 

conclusion is that the main value of the patent comes from the savings in 

resources. The recommendation is to deliver this module as verified hard or soft 

IP module to different chip developers, who can be assured that the module is 

well defined and working according to specification. With this the 

implementation and testing is required only once and can be reused for different 

projects. The following Table 5.1 gives a brief overview of the described points.

JJEP1 125370
'Abstract Level ~~ ~~ RTL
Only available solution iNo 

IRessource Saving_ l^'9n
I Recognition _____: Medium _ 
| Implementation Complicated

Table 5.1 The Value of the RAKE Receiver Patent

The RAKE receiver architecture was then modified to increase the bandwidth of 

the system. The modifications are well described in a patent, which is shown in 

the next section.

5.5. Modified RAKE Receiver for doubled bandwidth

The patent listed as DE19937247 [161] describes a RAKE receiver suited for an 

increased bandwidth [162]. The technical details are introduced in the following 

sections. Further the level of abstraction of the patent is explained and the 

classification is presented according to the Y-Model. The invented module is 

also shown in the environment of its application. The following section shows 

the abstract as it is published.
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5.5.1. Abstract of patent DE19937247

Abstract of DE1 9937247
The receiver comprises a 
number of devices (1a, 1b, 1c, 
1d) for sampling a code- 
multiplexed reception signal, 
whereby each device is 
associated with a sample delay ( 
tau 1, tau 2), and each device 
works cyclically with a 
determined period. Respectively 
two of the devices process 
sample values of the reception 
signal, whose sampling points 
differ for half of the determined 
period. The two devices 
comprise preferably delay 
elements (3a, 3c), whose delay 
times differ for half of the 
determined period, or may be 
triggered at points in time, which 
differ for half of the determined 
period.

tflab

Figure 5.7 Abstract of RAKE Receiver Patent Description DE19937247 

5.5.2. Description

The next challenge in the UMTS deployment is the increasing data rates. 

Whereas the actual deployment is considering a chip rate of about 4 MHz the 

next generations will double or even quadruple these rates. The same hardware 

could be used under the condition that it is running at double or four times of the 

speed, which leads to 4 and 16 times of the power consumption. With a small 

change in the architecture the actual internal execution frequency can still be 

maintained whereas the chip rate can be doubled or be four times larger. The 

patent shows a solution to double the chiprate with a very little modification of 

the hardware, whereas the internal execution speed is maintained and thus the 

power consumption stays the same. The patent DE19937247 shows such a 

solution. The main idea is that two RAKE fingers are combined to one RAKE
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finger. Both RAKE fingers run with the original speed of 4 MHz, but through a 

ingenuity in the utilization of the code generator it is possible to use them as 

well for 8 MHz chip frequency. It was previously shown that a code, which 

changes its value according to the chip frequency, is applied to the received 

chips. The modifications described in the following sections are described in 

detail in the patent application. The input signal of 8 MHz is sent to the two 

fingers through a multiplexer, which sends even samples to one finger and odd 

samples to the other. The same is true for the generated code. Now each rake 

finger can act as if the signal is a 4 MHz signal. The accumulator adds the two 

fingers together such that the entire 8 MHz signal is despread. The following 

formula shows the details. Assuming the same signal as above, two RAKE 

fingers need to be implemented in parallel, according to the following formulas:

\ (0 = £<*2' 7) ' r'(t + 2-to-j-dl )-wi (5.3 
;=0

s'2 (t)= c(2-j + l)-r'(t + 2-&t-j-d.+l)-w. (5.4)
j=0

If these signals are added together, the resulting signal is exactly equivalent to 

the previously shown signal s'. This simple mathematical formulation leads to a 

very easy implementation of relatively very low power RAKE receivers [163]. 

Either it can be applied, as shown in the formula to reduce the power of a RAKE 

receiver for an existing standard or to keep the power consumption of RAKE 

receiver, supporting future data rates, in a higher maintainable range. The 

power consumption, according to this implementation, does not increase by the 

factor of 4, when the speed is doubled, but only by the factor of 2, since twice 

as many hardware components are required. Under normal conditions the 

hardware would even more than double, given that the speed is doubled, since 

probably more pipeline stages need to be implemented to handle the higher 

speed. This solution offers flexibility, low power and easy implementation of a
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RAKE receiver. Low power consumption, as already stated, is a very important 

factor to make UMTS successful in the market. Patents and ideas as the one 

shown can significantly decrease the power consumption of a UMTS mobile 

system and thus increase acceptance in the market. In the patent a simple 

mathematical formulation is implemented in hardware and the effect may be 

considerable. There is no prior art known to the author, which covers this effect 

especially in CDMA receivers. The following patents will also show a further 

detail of the RAKE, which again leads to more optimal hardware adapted to the 

field of application. Before the other patents are described, the classification of 

this patent is given in the following sections.

5.5.3. Classification and Value of the Patent

The location of the RAKE receiver in a telecommunication system is already 

shown in the previous section. This patent though has a different aspect on the 

abstraction level. The patent is now showing a higher abstraction level, since a 

certain algorithm is patented and not only the implementation thereof. The 

patent is on the algorithmic level of abstraction, which describes a certain 

algorithm on the behavioural side. This same algorithm again can be 

implemented differently, but now everyone, who wants to use this technology, 

needs to use the patented idea. It can be stated that this patent is on a higher 

abstraction level as the previously described RAKE receiver. Again other 

methods may be implemented to achieve the same result, thus the patent does 

not show the only possible solution. Another very valuable result of the patented 

idea is the slower required clock rate, which again leads to less power 

consumption. So the resource requirement for this patent is not measured in 

chip size but in power consumption. Also the usage of this patent allows a very 

fast upgrade of a given RAKE receiver whenever the speed is doubled. This 

case appeared in UMTS where it can be assumed that the bandwidth of the 4 

MHz signal will be doubled or quadrupled in the near future. Also it seems that 

the implementation hurdle of the patent is very low, since it requires very little 

modifications to a standard RAKE implementation.
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Figure 5.8 Abtraction Level of the patented RAKE receiver modifications

The patent itself may be recognized, if the programming environment of the 

receiver is well known, since this makes the difference obvious to the 

programmer of the system. To implement the patent it is exactly the same 

complication than a normal RAKE receiver, which means that no additional 

complexity is involved. The patent examiners considered [164] as basis for the 

examination of the patentability of the invention. The following Table 5.2 shows 

an overview of the valuation of the patent. In the next section more details of the 

RAKE receiver will be presented. The implementation of complex multipliers is
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presented, which again reduces the hardware and power consumption of the 

RAKE receiver. The following modules are not only applicable for the RAKE 

receiver but also for other modules like the channel estimator.

[ D E19937247 _~ '""" VaIue ~" ] 
1 Abstract Level '""""""""; Algorithm "\ 
Oniy available solution No """"""'"] 
iRessource Saving iHigh ; 
(Recognition^ _ _ jMediurn \ 
[Implementation ^Simple i

Table 5.2 The value of the Modified RAKE Receiver Patent

5.6. Complex Multiplication Module (1 st Version)
In DE19844139 [143] a module to perform complex multiplication in hardware is 

described. The main idea is to optimise the hardware complexity for the 

multiplier according to the given requirements. A general purpose multiplier, as 

they may be used in the ALU of a DSP-Processor, usually is the most complex 

component of the entire chip. Figure 5.12 shows the application of the multiplier 

which is in the RAKE receiver as well as in the channel estimation module. 

Certainly the requirements of a WCDMA system lead to the need of several 

parallel working complex multipliers. A complex multiplication is built from 4 

multipliers, one adder and one subtractor. So a very high complexity is 

prevalent, if the module is implemented in a general way. As described in the 

following section, the patented idea reduces the hardware complexity of a 

complex multiplier. The absolute savings depend on the number of input bits of 

the multiplier to compare with. After the description of the patent details, the 

patent is classified. Further the application of the multiplier within the RAKE 

receiver and the channel estimator is shown. A second patented multiplier will 

be introduced in a later chapter, with a slightly different area of application.

5.6.1. Abstract of DE19844139

The Figure 5.9 shows the published abstract of the patented multiplier.
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Abstract of DE19844139
The appts. Carries out a 
complex multiplication using one 
adder, one subtracter, two 
negation units and one output 
unit, with the negation units and 
output unit controlled by a 
second multiplier. The complex 
multipliers consist of an adder 
(14) and a subtracter. The adder 
reates a sum and the 

subtracter (15) creates a 
difference of the real part and 
the imaginary part of the first 
multiplier. A first negation unit 
(16) performs negation of the 
sum according to the real part ol 
the second multiplier. A second 
negation unit (17) performs 
random negation of the 
difference depending on an 
imaginary part of the seconc 
multiplier. A result selector 
(18,19) selects the result from 
the two negation units either as 
the imaginary part and real part 
or as real part and imaginary 
part of a complex multiplication 
result. The selection is made 
dependent on the real part anc 
imaginary part of the second 
multiplier. The output signals o 
the two negations units (16,17) 
are cross-fed as the inputs o 
the two multipliers (18,19). EX- 
OR gates (20) create a selection 
control signal (SA) I' 
corresponds to the XOR 
connection of the real part anc 
the imaginary part of the second 
multiplier, where the selection 
control signals control the resul' 
selection unit (18,19).______

a=Re b=lm

14

Figure 5.9 Published Abstract of the patent DE19844139
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5.6.2. Description

The multiplication is the operation which is mainly used within the RAKE 

receiver. Each multiplier in the RAKE receiver is implemented as complex 

multiplication module. Each RAKE finger consists on 3 logical multiplications, 

where the scrambling and spreading code can be multiplied outside of the 

datastream which leads to only two multipliers in the data stream. One of these 

muftipliers is a multiplication with a weight factor which can usually not be 

optimised. The other multiplication requires the data stream and the code 

stream as inputs. This leads only to multiplications with a very limited number of 

bits which can be used as the foundation to optimise the complex multiplication 

module. The output of the RAKE fingers is combined through an accumulator 

unit. As already shown all the multiplications are executed such that the real 

and imaginary part of at least one multiplicand is taken from the set of {-(-!,-!}. 

These numbers can be represented through one bit only for each, the real and 

the imaginary part. The second multiplicand is not limited and can be any 

complex number supported through the hardware under consideration. The 

multiplication is the essential operation, which occurs in the RAKE receiver, to 

multiply the codes with the signal at a relatively high frequency. The frequency 

in a pipelined and multiplexed receiver structure is given through the number of 

RAKE fingers multiplied by the sampling frequency. Assuming that the value T 

is represented as logical T and the value '-1' is represented as logical '0', the 

circuit presented in the patent DE19844139 shows a minimum hardware 

structure to perform a complex multiplication with {+!,-!} in the real and 

imaginary part of one value and a second complex number. The circuit performs 

a complete complex multiplication using an adder, a subtracter and two two- 

complement circuits, connected through two multiplexers. Figure 5.10 is a copy 

of Fig. 5 of patent DE19844139, showing the block diagram of the invented 

complex multiplier. In contrast to this implementation a standard complex 

multiplication for the complex numbers a and b is performed by using four 

multipliers, one adder and one subtracter, as the formulae show for the 

calculation of the real and imaginary results:
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(a • b).real = a.real • b.real - a.imag • b.imag 

(a • b).imag = a.real • b.imag + a.imag • b.real

(5.5)

(5.6)

According to the described limitations of the multiplier for one input the desired 

result is shown in the following table assuming that a is limited and b is general.

a.real
-1
-1

1
1

a.imag
-1

1
-1

1

ab.real
-(b.real - b.imag)
-(b.real + b.imag)
b.real + b.imag
b.real - b.imag

ab.imag
-(b.real + b.imag)
b.real - b.imag
-(b.real - b.imag)
b.real + b.imag

Table 5.3 Results of complex multiplication with limited input

The prior art to implement a circuit which performs a complex multiplication is 

shown in Figure 5.11 which reproduces Fig. 2 of patent DE19844139. In [165] a 

complex multiplier is presented which consists of three real multipliers. The 

complex multiplier presented in [166] consists also of three real multipliers but is 

optimised for low power consumption.

Since multipliers are usually very complex, this shows that a considerable 

savings in hardware requirement and in power consumption is performed 

through the shown patent. The patent application shows an optimised multiplier 

for the shown dataset, where one complex number is taken from the set 

{1 + j t-\ + j t i - / ;-i - /} and the second can be any complex number.
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Figure 5.10 Invented multiplier for complex numbers

Especially the multipliers in modern hardware require the highest area 
consumption and thus the main portion of the power consumption. A hardware 
implementation of the UMTS physical layer in a UMTS specific chip thus can 
come much closer to the power requirements expected by the user, who is used 
to the low power consumption through other standards, like GSM. The 
significance of the invention described in DE19844139 can be proven, since the 
thesis shown in [74] uses almost the same approach for the multiplier 
implementation in the described WCDMA ASIC about two years after the patent 

DE19844139 was granted.
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Figure 5.11 Prior art complex multiplier

5.6.3. Classification and Value of the Patent
Figure 5.12 shows the demodulation section of a WCDMA telecommunication 
system, which consists of the RAKE receiver and the channel estimator. Both 
modules contain several complex multiplication units. More details of the RAKE 
receiver are presented in Figure 5.13. The RAKE receiver contains a set of 
RAKE fingers as shown also in the previously described RAKE patent [150]. 
Each RAKE finger consists of complex multipliers which perform the 
despreading, the weight multiplication and the descrambling. Despreading and 
descrambling can be combined in one multiplication. In addition to that the 
channel estimation also contains several complex multiplications, which 
essentially form a matched filter. The matched filter consists of several 
multiplications with a pilot sequence, thus the multiplier presented here is 

applicable for this module.
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RAKE 
Receiver

Channel 
Estimator

Figure 5.12 Demodulation section of the UMTS-receiver

Figure 5.13 Application of the Complex Multiplier in RAKE Receiver
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For the channel estimation a similar scenario is possible, which leads to the 

usage of the exact same multiplier modules. Within the methodology the 

modules are described on the Register Transfer Level (RTL). Besides the 

technical assignment of the module into the entire system, the following Y- 

Model shows the abstraction level of the module. The abstraction level is on the 

RTL level, since on RTL level it is still possible to use functional descriptions, 

which are connected. In Figure 5.14 the abstraction level is visualized. 

Essentially it can be considered on the RTL level in the structural domain. 

According to the factors, which were defined to classify a patent, the patent is 

on the module level, which is a medium abstraction level. Further it is certainly 

true that there are many solutions for multipliers, which means that this is not 

the only available solution. The resource saving is considerably high through 

this module, especially considering that in many common architectures, the 

multiplier causes the highest amount of area consumption of all modules. The 

only exceptions are memory modules and register modules which may be 

larger. But comparing the complexity of individual blocks, the size of a multiplier 

can lead to area problems, which translate into power drain, and heat. As 

already said the complexity of a multiplier can be heavily reduced through this 

patent. Since the patented component is inside of a major block, it may not be 

possible to recognize that it is used at all. Certainly it can not be measured, 

since the function of the block is not unique at all. The implementation of the 

block is pretty simple, even much simpler than the implementation of a regular 

complex multiplier comprised of several normal multipliers. The following Table 

5.4 shows the values for each parameter, as already discussed.
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Figure 5.14 Abstraction Level of the Multiplier Module described in DE19844139

An extended version of the multiplier for complex numbers, which is applicable 

essentially at the same points in the system, is shown in the following section. 

The differences of the two multipliers are described and the classification is 

done in the following section.
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D E19844139 ""] Va I ue
Abstract Level JRTL
Only available solution 'Kio
Ressource Saving High 

[Recognition ____ Littie 
[Implementation Simple I

Table 5.4 Classification Values of the Multiplier for Complex Values

5.7. Complex Multiplication Module (2nd Version)

In the previous section a new complex multiplier was presented. In this section 

another complex multiplier module is presented, which is patented as 

DE19919366 [144]. The main difference between both multipliers is that the 2 nd 

version, shown in this section, has a higher complexity and covers functionally 

more. The first multiplier allows only to multiply a complex number with complex 

values of (±1±/). This is not sufficient in the case where two codes are 

combined before they are multiplied with the data stream. Combining the codes 

essentially means that they are multiplied, which in itself can be done by a 

multiplier of the 1 st Version. Combining two complex numbers of the form 

(±1±0 leads to results of the set {-2,2,-i,i}. This again is one input of the new 

multiplier. The following section shows the abstract as published. Thereafter 

some more details of the multiplier are described and the classification is given.
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5.7.1. Abstract of DE19919366

Abstract of DE19919366
The method involves multiplying 
a first and a second complex 
symbol (Z1, Z2) with each other, 
whose real parts and imaginary 
parts have respectively the 
value -1, 0, or +1. Either the 
sum of the real and imaginary 
part of the first symbol (Z1) or 
the real part of the first symbol is 
used as a first intermediate 
value, in dependence on the real 
and imaginary parts of the 
second symbol (2.2). Either the 
subtraction of imaginary part 
from the real part of the first 
symbol, or the imaginary part of 
the first symbol are used as a 
second intermediate value, in 
dependence on the imaginary 
part of the second symbol. The 
first and the second intermediate 
value are alternatively evaluated 
with the value -1, 0, or +1, 
depending on the real and the 
imaginary part of the second 
symbol. The evaluated first 
and/or second intermediate 
value are output as real and/or 
imaginary part of the 
multiplication result, depending 
on the real and the imaginary 
part of the second symbol.

Figure 5.15 Abstract of Patent DE19919366

5.7.2. Description
The complex multiplier, which is described in [144] under the patent number 
DE19919366, shows the design of a multiplier for complex numbers with real 
and imaginary part taken from the set {+1,0,-!} with a second complex number. 

Although the number of gates is higher than for the previously shown multiplier,
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it still offers large savings compared to a normal multiplication. An example for 

the application in UMTS systems shows the situation. The code is a 

combination of scrambling and spreading code. Both codes are complex codes, 

with each symbol represented as one of the following four complex numbers: 

{1 + /,!-/,-! + i,-l -i}. Both codes are multiplied with the data symbols, which 

leads to the complex multiplication c} -c2 -s. Instead of performing s'=c{ -s and 

then, in a second complex multiplication s"=c2 -s', the two codes are first 

multiplied resulting in the common code c'=c, -c2 . This is then multiplied with 

the signal c'-s . The problem is that the complex multiplier, which was introduced 

in the previous section, can not be used. Since both numbers are now taken 

from the set {! + /,! -/,-! +/,-!-/} the potential result must be one of the 

following four numbers: {2 + 0/,-2 + 0/,0 + 2/,0-2j}. Thus the patent, introduced in 

this section, is suited to multiply a complex symbol with one of these numbers 

accordingly. It is sufficient for the three numbers {+1,0,-!} to be represented. 

Division and multiplication with 2 is only a shift instruction, which can be done 

through appropriate wiring and thus needs no additional complexity of real 

hardware. Thus the values can be represented with 2 bits each for the real and 

imaginary parts. The patent application shows an optimised multiplier for the 

shown dataset where one complex number is taken from the set 

{2 + 0/,-2 + 0/,0 + 2/,0-2/} and the second can be any complex number. For 

implementation purposes this leads to the following extended set of numbers 

being supported: {-l-i,-l,-l + i,-i,0,i,\.-i,l,l + i}. The following table shows the 

desired results as produced through the real and imaginary inputs for the inputs 

c'and s.
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c'.real
-1
-1
-1
0
0
0
1
1
1

c'.imag
-1
0
1
-1
0
1
-1
0
1

(c'*s).real
s.imag-s.real
-s.real
-s.real-s.imag
s.imag
0
-s.imag
s.real+s.imag
s.real
s.real-s.imag

(c"*s).imag
-s.real-s.imag
-s.imag
s.real-s.imag
-s.real
0
s.real
s.imag-s.real
s.imag
s.real+s.imag

Table 5.5 Results of 2nd complex multiplication with limited input

A controller is used to interpret the input bits c' which can be represented by 4 

bits and switch the multiplexers accordingly.

Figure 5.16 reproduces Fig. 1 of patent DE19919366 [144] shows the invented 

multiplier for complex numbers, as used specifically in UMTS applications. Both 

patents, which are describing multipliers for complex numbers, lead to a 

significant reduction of hardware requirements. The serial complex multiplier in 

[167] which is derived from [165] reduces the number of hardware components 

while increasing the number of clock cycles. It is not suited for the herein 

presented case since here two multipliers are required. In [168] a complex 

multiplier is extended with an accumulator unit and a weight unit. The purpose 

of [168] is not the optimization of a complex multiplier but the presentation of a 

multiplier accumulator (MAC) as for instance used in digital signal processors. 

For evaluation purposes the same arguments already presented for the first 

multiplier apply equally for the second version.
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Figure 5.16 Complex Multiplier for UMTS specific purposes

5.7.3. Classification and Value of the Patent

The 2nd Version of the multiplier, which is shown in DE19919366 is on the same 

abstraction level as the 1 st version. All of the parameters to classify this patent 

are equal for the 1 st and 2 nd version. The abstract level is the same as already 

shown for the 1 st Multiplier and given in Figure 5.14. Also the application 

environment is either in the RAKE receiver or in the channel estimation, as this 

is shown in Figure 5.12 already. Table 5.6 shows the parameters of the patent 

DE19919366. Certainly this module is more complicated to implement than the 

previously shown multiplier, thus the parameter for the implementation 

complexity is set to "Medium". Both multipliers will not gain a high recognition by 

the wireless communication systems community, since obviously most of the 

research is performed more on a systems level. The module however is of 

interest to EDA companies and ASIC designers for inclusion into their portfolio 

of modules, offered through optimised libraries.

5-32



[DE19919366
Abstract Level
Oniy available solution

Value
RTL_ No"" 

Resource Saving High
Recognition _ 
Implementation

Little
Medium

indTable 5.6 Classification of the 2 Version of the Multiplier for Complex Numbers

Since UMTS and GSM standards are combined in one mobile 

telecommunication system the combined optimisation of both systems becomes 

more and more important. The optimal way is that both standards share the 

same physical hardware structures. In the following patent it is shown how, at 

least for the RAKE receiver, this can be achieved.

5.8. Multi-Standard Receiver based on a RAKE Receiver

The intention of patent application DE19937507 [169] is to extend the 

capabilities of the RAKE receiver to detect not only CDMA signals but as well 

other digital signals. From the US and the European markets, the need for 

combined GSM-UMTS phones are requested [89], and, from the US market 

only, the need for TDMA-UMTS phones. The following invention shows how to 

build a combined receiver structure for different standards, which leads to a 

higher cost efficiency of such products. The abstract, as it is published, is 

shown in Figure 5.17.
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5.8.1. Abstract of DE19937507

Abstract of DE19937507
The receiver includes a 
reception part (1) which is 
tuneable in a first operating 
condition of the receiver on a 
radio signal, and which 
produces a reception signal (a). 
A decoder circuit (2a, 2b) 
reproduces a symbol sequence 
from the reception signal in the 
first operating condition through 
forming a scalar product of the 
reception signal with a spread- 
code (b) generated by a code 
generator (5). The reception part 
is tuneable in a second 
operating condition on a second 
radio signal of a second 
message transmission system 
which does not transmit a band 
width spread signal. The code 
generator produces in the 
second operating condition a 
second code which differs in 
average from zero, and the 
decoder circuit uses this code in 
the second operating condition 
to form the scalar product of the 
reception signal. The decoder 
circuit is a preferably a Rake 
receiver.

Figure 5.17 Abstract of Patent DE19937507

5.8.2. Description

In patent DE19937507 a digital receiver is presented which is suited for multiple 

standards. One of them is a CDMA based standard, whereas the second is a
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non-CDMA based standard, like GSM or another TDMA standard. Most actual 

mobile phones work for several standards. A UMTS mobile phone often 

incorporates other standards, which is usually GSM. Since UMTS and GSM or 

another 2 nd Generation standard are combined in one phone, while still 

maintaining the same size, power consumption and talk time as GSM-only 

phones, advanced technologies for the hardware are required. These 

essentially combine as much as possible of both standards within one 

hardware. The presented patent is one step in this direction, since it features a 

low power solution for both UMTS and a second non CDMA standard. The main 

aspect is that the exact same hardware structures are reused, thus an 

optimised utilization of the hardware is ensured. A change of the standard can 

be achieved through a simple switch of the code generator together with a 

different accumulation of the symbols. The patent exactly covers the described 

niche, and allows, with actual technology, to improve the future telephone 

development.

The solution presented in [170] still requires different receiver and transmitter 

structures for the multimode capabilities. The purpose is to enable a multimode 

phone to switch automatically between the modes, but not to integrate receiver 

and transmitter units of different modes. The integration is limited to 

components which are independent of the standard, like user interface, voice 

encoding and decoding and a comparison of signal strength to select the 

strongest available standard. In [171] a proposal to harmonize the two UMTS 

technologies TD-CDMA and WCDMA is presented. This shall already be done 

in the standardisation phase which is beyond the scope of [169] where no 

change to the standard itself is proposed.

Figure 5.18 reproduces Fig. 1 taken from DE19937507. It shows the 

architecture of a RAKE receiver with the additional features.
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FIG1

Figure 5.18 Multi-standard RAKE Receiver

Figure 5.18 shows that the digital input of the receiver is distributed to the RAKE 

fingers, which do the despreading and descrambling according to a certain 

spreading and scrambling code, which was already described in earlier patent 

descriptions. Afterwards the signals are combined accordingly, such that a 

"normal" RAKE receiver mode can be achieved with the shown architecture. 

Now the key module of the receiver is block 5, which generates UMTS related 

codes or in a second mode, constant numbers. Multiplying the received symbol 

with a constant value is equivalent to the situation that the signal is not 

despread at all. This is possible if the signal is not a spread signal, which is 

received through this receiver, i.e. GSM. For better performance of the receiver, 

it can be controlled such that only one sample is generated per symbol, instead 

of severa | in the case of CDMA, where the spreading factor shows how many 

samples need to be combined to generate one symbol. This patent shows all 

the details of the architecture, which can be suited for both CDMA and non 

CDMA signals. The following section shows the evaluation and classification of 

the patent.
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5.8.3. Classification and Value of the Patent

Similar to other patents within this portfolio, the patent application DE19937507 

[169] is a description of the architecture of an extended RAKE receiver. Thus 

the patent is actually replacing other versions of the RAKE receiver in a 

combined QPSK/WCDMA environment. In Figure 5.19 it is assumed that other 

elements of the receiver are not combined for the dual standard receiver. In 

many applications the entire receiver path is doubled if multiple standards shall 

be integrated. Especially if there is a high time to market pressure readily 

available modules are used which normally are single band and single standard 

modules. This leads to solutions without any integration of the transmitter or 

receiver paths. The demodulation unit consists of the RAKE receiver and the 

channel estimation unit, which is also an element in other standards. If the 

RAKE receiver is used for standards other than WCDMA, its functionality is 

reduced to that of an equalizer. An equalizer usually is a FIR filter system, with 

variable parameters, set through a channel estimator. In Figure 5.20 the 

demodulation unit is shown for the described dual mode receiver. Although in 

the beginning it seemed that the patent may only be interesting for niche 

products, it happened in more recent times, that all major mobile phone 

companies develop UMTS telephones, which always combine the UMTS 

standard with other communication standards like GSM. Similar to the other 

patent applications, this extension again is described on an architectural level or 

RTL level. The abstraction level of the patent thus is on a medium level. On the 

other hand even a mathematical proof of the concept is given in the patent, 

which moves some claims of the patent on an algorithmic level. The majority of 

claims are on the RTL level whereas a small number of claims are on the 

algorithmic or systems level of abstraction. Figure 5.21 depicts the different 

abstraction levels and regions in the Y-Model. One other factor, of the described 

factors, which lead to an objective classification of the patent, is already shown 

previously. It is obvious that there is no need to use this patent when a multi- 

standard receiver is developed. A simple solution is always to double the entire 

data path of the receiver, thus using one data path for each standard. So there 

is always a solution to work around this patent. Otherwise the patent helps to
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save resources, since the equalization is reduced to one module. Other 

solutions consist of a set of several individual modules to perform the same 

functionality. The support of multiple standards in one equalizer leads to a 

higher implementation complexity of the entire system. The patent shows that 

the complexity of the RAKE receiver itself is only slightly increased. The main 

advantage of this patent is the resource reduction. The reduction of the 

resources leads to a smaller footprint of the design as integrated circuit, which 

again leads to less power consumption. Finally the ability to recognize the 

module as a part of an actual design can be assumed to be medium. The 

hardware of a receiver system can be analysed from an external point of view, 

showing that there are either one or several data paths. If it is possible to use 

the system as platform for own designs, the programming method of the 

equalizer is more complex than for individual modules, since switching between 

the modes has to be considered and programmed accordingly. The Table 5.7 

shows the parameters as discussed above. To finalize the RAKE chapter an 

optimised implementation of the RAKE finger, which is the heart of the RAKE 

receiver, is shown in the next section.
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Figure 5.19 Receiver for two Standards with common Demodulation Unit
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Figure 5.20 Demodulator with extended RAKE Receiver for Dual-Standard Operation
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Figure 5.21 Abstraction level of the Multi-Standard Receiver Patent

DE19937507 Value
Abstract Level RTL and Systems
Only available solution No
Ressource Saving High
Recognition Medium
Implementation Medium

Table 5.7 Classification of the Multi-Standard Receiver Patent
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5.9. RAKE Finger Implementation

The RAKE finger is the heart of the RAKE receiver. Since the RAKE can be 

visualized either as a rake or as a hand the term "finger" is generally used to 

describe the part of the RAKE receiver which consists of the delay element, the 

despreader, the descrambler and the weight multiplier. The results of each 

RAKE finger are combined in an accumulator unit. The patent DE19929726 

[172] shows an idea to implement an enhanced version of a RAKE finger 

module, which can be used in different RAKE architectures. The published 

abstract of the patent is presented in Figure 5.22.

5.9.1. Abstract of DE19929726

Abstract of DE19929726
The rake-finger has a delay 
element (3) for imposing a delay 
on a reception signal, a first 
multiplier (5) connected after the 
delay element for multiplying 
with a spreading code and a 
scrambling code and a second 
multiplier (7') for multiplying the 
delayed, unspread reception 
signal with a weighting factor 
characterising the path strength. 
An adder with an associated 
result register is implemented in 
the second multiplier to sum the 
delayed, unspread and weighted 
reception signal over the length 
of the spreading code to 
compute a symbol._______

Figure 5.22 Published Abstract of the Patent DE19929726

5.9.2. Description

The patent, filed as DE19929726 [172], shows an optimised hardware 

implementation of a RAKE finger. The RAKE receiver is already described in
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detail in earlier sections. This patent shows that an individual RAKE finger can 

be implemented in such a way that the number of hardware elements is 

reduced significantly without loosing any performance of the receiver. Figure 

5.23 shows an unmodified RAKE finger, as presented in Fig. 1 of the patent 

DE19929726. It essentially multiplies and accumulates the signal symbols with 

the corresponding code symbols.

Figure 5.23 Unmodified RAKE finger

The delay (3) ensures that the signal and code symbols are matching. A certain 

number, given as spreading factor (SF), of such products is accumulated in the 

accumulator unit of the RAKE receiver. An individual symbol is available to the 

later elements of the receiver, when SF products are added. Then the result is 

fetched from the accumulator and the accumulator is set back to zero, starting 

the process again for the next symbol. Implementing a RAKE finger as it is done 

classically, using one multiplier and one accumulator, is resulting in a higher
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number of required hardware gates than the solution given in the patent 

description. A multiplier usually uses a certain number of shift- and add- 

instructions which perform a multiplication according to the long multiplication or 

grade school multiplication [173]. Since the code is represented as only one bit 

which shows the sign bit of the code, the long multiplication can be reduced to 

one compare and add instruction. The accumulator is directly used and there is 

no need to save the intermediate results of the multiplication into an additional 

register. In Figure 5.24, taken from the patent DE19929726, the method is 

shown.
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Figure 5.24 Multiply and Add module specifically used in the RAKE-finger

The difference here is that the accumulator in the multiplier and the 

accumulator, used in the RAKE receiver, are exactly the same element. Thus 

one register and accumulator element is entirely removed. By reducing the 

number of elements the hardware costs are reduced, which also means that 

power consumption is reduced. Again for the strong UMTS requirements,
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especially according to power consumption, this solution offers one piece in the 
entire system, which helps to increase the performance and reduce the power 
consumption of modern digital telecommunication systems.

5.9.3. Classification and Value of the Patent
As already stated, the RAKE finger is the main part of the RAKE receiver. A 
RAKE receiver typically consists of 3 to 8 RAKE fingers. RAKE receivers used 
in the CDMA standard according to IS95 [68], [174] usually consist of only three 
RAKE fingers. The modern WCDMA standards used in UMTS systems require 
RAKE receivers consisting of up to 8 RAKE fingers. The resource and hardware 
savings, which are obtained by implementing the patented technology, 
consequently multiply accordingly within a RAKE receiver. The patent is 
formulated on a very low abstraction level which in this case is the RTL or even 
the gate level. As shown in previous chapters the value of such patents is 
defined through other parameters, which in this case is the savings of 
resources. Although the idea is pretty simple and easy to implement it amounts 
considerable resource savings. The structures are simple to implement, which 
makes the usage of this patent relatively attractive to competitors. On the other 
hand any RAKE receiver can work without this patent, thus alternative solutions 
are available, which nevertheless do not offer the savings potential of this 
patent. Figure 5.25 shows the RAKE receiver and the application of the patent. 
The patent replaces the accumulator and one of the multipliers of each finger, 
thus reducing the complexity of the hardware. The final classification 
parameters of the patent regarding its recognition being a part of an existing 
system, is not easy. Since the patent does not change the performance of the 
RAKE receiver it can not really be measured. If the key structures of the RAKE 
receiver are available through some circuit plan or layout of the ASIC, then the 
missing accumulator in the RAKE finger may be easy to recognize. Here again 
it depends, which tool and which information is available to the inspector, to 
recognize the patent. Table 5.8 shows the overview of the discussed 

parameters.
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Figure 5.25 Application of the patented RAKE-finger module

DE19929726 Value j
Abstract Level Gate-Level j
Only available solution No __j
Ressource Saving High J
Recognition Medium :
Implementation Easy

Table 5.8 Classification of the Multi-Standard Receiver Patent

5.10. Contribution of the author

For all presented patents in this chapter the author has made a major 

contribution to the work and the ideas. Although certainly the author was 

influenced through the research and development environment, working on 

digital telecommunication systems, the major ideas of most of the patents are 

based on the author's individual contribution. In Table 5.9 the author's individual 

contribution to the development of patents are listed giving an estimated 

percentage for each patent. The numbers are correct as filed in the Siemens
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internal documents recording the share of each inventor's contribution to the 

patents.

Patent Nr.
EP1 125370
DE1 9937247
DE1 98441 39
DE1 991 9366
DE1 9937507
DE1 9929726

Title
Rake-Receiver
Double Bandwidth Rake Receiver
Complex Multiplication 1st Version
Complex Multiplication 2nd Version
Multi-Standard Rake-Receiver
Rake-Finger

Contribution
33%

100%
100%
100%
100%
100%

Table 5.9 Contribution to the Patent Development Process

The table shows that the main RAKE receiver architecture was commonly 

developed through three inventors. Further details and optimisations were 

contributed by the author of this thesis, such that he is in fact the sole inventor 

of most of the described patents. An example of the first page of a typical patent 

script is given in Figure 5.26, which shows clearly the name of the inventor and 

his address at the time when the invention was made.

BUNDESREPUBLIK 
DEUTSCHLAND

^ gg 44

© Int. Cl. 7 :

G 06 F 7/52

DEUTSCHES 

PATENT- UNO 

MARKENAMT

© Akterueichon: 19844139.8-53 
© Anmeldetag: 25. 9. 1998 
@ Offenlegungstag: 30. 3. 2000 
@ Veroffentlichungsiag

der Patonterteilung: 4. 12. 2003

tnnerhalb von 3 Monaten nach Veroffentiichung der Erteilung kann Einspruch eitioben werden

u
O

00 
O)

Ul 
Q

@ Patentinhaber:

Siemens AG, 80333 Munchen, OE

© Erfinder:

Falkenberg. Andreas, Dipl. -Inform., 58093 Hagen, 
DE

Fiirdie Beurteilung der Patentfahigkeit in Beuacfit 
ge?ogene Druckschriften:

DE 195 09 954 C2 
US 56 94 349

Figure 5.26 First page of a typical patent script
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The example shows the author to be the sole inventor of the patent. All 

inventions are approved by a Siemens patent committee, which supervises the 

patent application process and the authenticity of the inventors and their 

claimed contribution to the inventions.

5.11. Interim Conclusion

The chapter presents the RAKE receiver related patents. An advanced RAKE 

receiver architecture is presented first, which was commonly developed within a 

small group of engineers. The individual contribution of the author is given as an 

estimated percentage number, reflecting his real contribution. Further inventions 

have improved some specific aspects of the receiver structure and are 

described in the chapter. This more detailed work was mainly performed 

individually, such that most of the other patents have made individual 

contributions to the body of knowledge. Each patent is analysed and classified 

according to different parameters and factors. A detailed background of the 

technologies is given for each patent, which goes beyond the more general 

introductions in previous chapters. This chapter describes the main 

contributions of the author, making up the key patents of the author's patent 

portfolio.
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Chapter 6 The Patent Portfolio - Part 2

6.1. Chapter Overview

The following sections introduce hardware-architectures of code-generators. 

The specific needs of UMTS related code-generators are considered in the 

patent applications, although most of them can easily be transferred to other 

areas of applications. The main focus of the patents presented here is to 

implement optimised but still very flexible hardware components, which can be 

used in UMTS telecommunication systems. In [175] and [149] the theoretical 

background of the different codes and code-generators is given, such that the 

presentation of further theoretical background of code generation in this thesis 

is considered to be unnecessary. Besides the optimised hardware architecture 

of a code generator module, a patent is presented which shows the 

implementation of a highly optimised block encoder and block decoder, also 

called block interleaver and block deinterleaver. In addition to that, a method to 

correlate with a code very efficiently to reduce synchronisation time is shown. 

The contribution to knowledge is shown for each of the presented patents. The 

chapter concludes with the presentation of the individual contribution of the 

author to the patent portfolio.

6.2. Flexible Programmable Code Generator

In this section a flexible programmable code generator is presented, which can 

be used for different applications, requiring any form of pseudocode generation. 

The basic idea was formulated when the UMTS standard was not settled in 

every detail. The standard also requires different code generators, which can be 

reduced to only one general flexible programmable code generation unit. So the 

basic requirement for the patent idea was given through the actual state of the 

UMTS standard combined with the necessity for different codes. Especially 

when developing a new chip for a certain standard, it is necessary to be flexible, 

due to potential changes in the standard. The following sections describe the 

technical background of the developed and patented code generator module as 

well as the classification of the patent.
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6.2.1. Abstract of DE19910344

The abstract, as it is published in [176] is shown in Figure 6.1.

Abstract of DE1 991 0344
The code generator has several 
series-connected shift registers
(6) which are fed back via an
adder (7) to produce a bit
sequence. A control device (8)
is connected in the feedback 
path between the output of a 
shift register and the adder. The 
control device selectively
outputs the shift register output
signal, depending on a control
signal (P). The control device 
may be an AND gate.
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Figure 6.1 Abstract of the patent DE19910344 as published

6.2.2. Description
In UMTS different code generators are necessary for different operating modes. 
Essentially the different operational modes are distinguished through the data 
transfer rate and thus coupled with the spreading factor. Depending on the 
operational mode a different code may be generated. In addition to this, in the 
definition phase of the UMTS standard, the details of the standard were not yet 
settled, such that certain polynomials, defining the code sequences, have 
changed throughout the first steps into UMTS. The required codes in UMTS can 
be split into M-sequences [149], Gold codes [177] and Kasami codes [178]. A 
standard code generator is shown in Figure 6.2 taken from patent DE19910344 
[176]. For the reduction of hardware a programmable code generator is 
required, which can cover all the requirements of the different codes. The 
requirements are covered in parts already through previous inventions. In [179] 
a flexible programmable code generator to generate multiple GOLD codes is 
introduced. The code generator presented in [180] is a flexible programmable 
generator for M-sequences.
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Figure 6.3, a reproduction of Figure 1, and Figure 6.4, a reproduction of Figure 
2, of patent DE 19910344 show the key elements of the programmable code 
generator.
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Figure 6.2 Standard code generator
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Figure 6.3 Programmable feedback element of the code generator

6-3



FIG 2
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Figure 6.4 Connection unit of the code generator

In Figure 6.5, representing Figure 3 of the patent, an example of the 
architecture of a programmable code generator with 8 taps is shown.
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Figure 6.5 Programmable code generator with 8 taps
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In the following examples it is assumed that the longest required register length 
for a normal code is 32 taps. Through the elements shown in Figure 6.4 the 
corresponding polynomial is switched on. Further the entire row can be cut and 
the feedback is performed with a lower number of taps. Thus a 32-tap code 
generator can be split into any number of code generators with a combined 
number of 32 or less taps. For example two code generators with 16 taps can 
be programmed. Finally the results of the different code generators are 
combined through an XOR element. Using two code generators in parallel leads 
to a GOLD code sequence, whereas using three code generators leads to the 
Kasami code. Different combinations of code generators and code sequences 
were discussed through the course of the standardisation of UMTS. This patent 
led to a very early hardware solution, although some details of the standard 
were not settled yet. A second application for the shown code generator, also in 
future applications, is the implementation of software defined radios (SDR), 
which require a high flexibility of all the different hardware modules [181], [182]. 
The shown module combines the low power requirements of mobile phones 
with the necessary flexibility, given through the requirement of different 
operational modes in UMTS. Also the shown module can become a very 
valuable module for flexible digital hardware used to implement different digital 
communication systems. The patent covers all code generators which use the 
shown elements, regardless of the number of taps. To reduce the risk, while 
implementing flexible hardware solutions, a code generator of reasonable size 
should be implemented, for example of size 128 taps, which can be split and 
programmed to any given polynomial. An extension of this idea may allow the 
access to each shown register bit from extern, thus ignoring the overall 
exclusive or module. Such a solution also allows the building of several code 
generators totally independent of each other. The presented solution was born 
out of the need for flexibility without considering the applicability to other areas 
in the first place. It is obvious that the solution can very well be considered for 
other telecommunication standards and especially for multi standard systems 
and software defined radio (SDR) systems. All in all again a flexible hardware is 
presented in the patent, which certainly reduces the implementation risk and the
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time to market especially in areas, where not all details are settled in a 
standard.

6.2.3. Classification and value of the Patent

Similar to the previously presented patents, the code generator patent is 
described on the RTL level as well as on the gate level. For some instances 
shown in the patent description, the gate-level is chosen, since this makes 
details very clear. The utilization of the patent is very broad, and it can be 
applied to many different applications in all areas of telecommunication 
systems, data-transfer and even in data-security systems. Since this entire 
thesis is composed around WCDMA systems,
Figure 6.6 shows the applicability of the patent in the WCDMA environment. 
Although the patent is applicable in different areas of a WCDMA system, again 
the RAKE receiver is shown as an example. In Figure 5.5 the code generator 
was already shown as integral part of the RAKE receiver. It was already 
mentioned that the RAKE receiver multiplies the scrambling- and the spreading 
code before it multiplies the combined code with the signal-samples. To be 
exact the conjugate complex of the combined code is used. The spreading code 
may be generated offline such that a simple lookup table is already appropriate 
to store the spreading code. The scrambling code though is generated by a PN 
code generator, which can be implemented easily through the patented general 
purpose code generator. The main advantage of the code generator is its 
flexibility and thus its applicability to many different applications and standards. 
If a standard supports different modes, which require different codes, the shown 
solution is not only more flexible, but requires also less resources, than a set of 
fixed code generators. With UMTS this exact case is given, since different 
modes and data rates are scrambled differently. Since it is a programmable 
device, a hint that this patent is used in an unauthorized device is given, if the 
software interface can be inspected. The programming interface has to be 
exactly adapted to the features of the hardware, such that this usually should 
lead the examiner of a foreign product to the right direction. As with all other
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hardware related inventions, it still is not very easy to recognize this invention in 
a black box module. As already stated the shown solution is not the only one 
being capable to implement a certain standard, since always a classical fixed 
code generator can be implemented. The patent shows a very simple modular 
structure, which can be implemented easily with modern RTL development 
tools. Thus the classification for the patent DE19910344 is shown in Table 6.1 
under the assumption that the patent is applied in a WCDMA communication 
system.

Spreading Code Generator Scrambling Code Generator

Figure 6.6 Application of the Scrambling-Code Generator

DE19910344
Abstract Level
Only available solution
Ressource Saving
Recognition
Implementation

Value 1
RT-Level/Gate-Level
No
High '_ _ _
Medium
Easy

Table 6.1 Classification of the Flexible Code Generator Patent

In the next section a block encoder and block decoder are shown, which are 
based on the opposite idea. With DE19910344 showing a very general code
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generator, the next section presents a functionally very limited but highly 

optimised block encoder and block decoder.

6.3. Block Interleaving and Deinterleaving

Block interleaving and deinterleaving are used to distribute the signal energy 

equally, such that a Viterbi like decoder performs the error correction process 

much better. The following section presents the abstract of the newly invented 

and in [183] described block interleaver and block deinterleaver. Mainly the 

presented method is restricted in its usage, since it is only applicable for certain 

parameters. Nevertheless it is a highly optimised solution.

6.3.1. Abstract of DE19844140

In Figure 6.7 the abstract of the patent DE19844140 [183] is presented as it is 

published in the official patent offices.

Abstract of DE19844140
The coder/decoder uses a 
memory (1) and an address line 
modifying unit (2). Depending on 
a read or write signal for the 
memory, the address lines 
adjacent to the memory are 
modified so that a read or write 
of data into or from the memory 
results in a block interleaving or 
de-interleaving. The address line 
modifying unit has a multiplexer 
(3) with its first input, second 
input (5) and output (6) to 
connect the first or second input 
with the output according to the 
read or write signal. A large 
number of the input address 
lines are connected with the 
second input directly and 
connected with the first input so 
that a rotational displacement to 
the lower value input address 
ines occurs.
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Figure 6.7 Special purpose Block-Encoder and Decoder
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6.3.2. Description

Interleaves and deinterleavers and their theoretical background are described 

in [118] in detail. The methods described in patent DE19844140 [183], are 

called block interleaving and block deinterleaving. Block interleaving and 

deinterleaving are used to distribute potential errors in a received data stream 

equally over time. A Viterbi based decoder [123], [52] as well as a Turbo 

decoder [178], [123] can handle equally distributed errors much better than a 

block of corrupted bits. A usual telecommunication channel though tends to 

generate blocks of errors, which means that, for example due to fading effects, 

not only one single error is occurring at a time, but a stream of errors. An 

interleaver is used to distribute data, which is generated in a consecutive 

stream. On the receiver side the deinterleaver returns the data into the original 

order. Errors in the channel, which appear block wise are thus distributed 

equally over the entire data stream. The following example shows the principle: 

Here the following datastream shall be transferred by a telecommunication 

system:

[0,1,2,3,4,5,6,7,8,9,10,11,12,13,14,15]

A block interleaver generates for example the following matrix, by writing the 

data into the rows of a matrix:
0123" 

4567 
8 9 10 11 

12 13 14 15

The interleaver now sends the data column wise, which results in the following 

data stream:

[0,4,8,12,1,5,9,13,2,6,10,14,3,7,11,15]

Now the deinterleaver does the same backwards, which means it writes the 

columns first and reads the rows, such that the original datastream is 

reconstructed. From this example it is obvious that errors, which appear 

blockbased on the transferred data stream are equally distributed over the 

received data stream. Thus a Viterbi or Turbo decoder will be able to restore the 

original stream with a higher probability than without the block interleaving
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method. The patent shows a very simple circuit, which has almost no overhead 
above a common random access memory (RAM), to perform block interleaving. 
Usually block interleaving requires a software routine or a specific hardware, 
which performs the interleaving of the data according to the specified 
interleaving scheme. The drawback of these solutions is the delay time to run 
the software or, in the case of a hardware solutions, the hardware overhead of 
the circuit. Efficient hardware solutions are already presented in [184] and [185]. 
Both solutions require a counter and a very specific address calculator unit 
called address twister which performs the different address calculation for the 
writing and reading process of the data to and from the memory unit. The 
implementation details are different for both solutions but the essential ideas are 
very similar.

The idea behind the invention presented in [183] is simply to exchange certain 
address lines after writing the data into a RAM. Through the exchange of 
address lines the effect of a block interleaver is emulated, when the data is read 
out while the address lines are differently connected to the RAM. Only the 
principle for the above shown example is presented herein, whereas the patent 
describes the more general methodology. Suppose that the above shown data 
is written into a RAM. With 16 locations, the RAM requires 4 address lines. 
During the write cycle the address lines are attached in the natural order 
[3,2,1,0] to the RAM. Obviously while writing the above shown data, they are 

stored in the corresponding RAM cells. Now for reading the address lines are 
connected in the following order: [l,0,3,2]. Now accessing the RAM during a read 

cycle for instance at address 0000 still performs an access to the original 
address 0000. On the other hand if the address 0001 is accessed, through the 
different connection of the address lines the RAM "sees" 0100 as address and 
gives the corresponding data, which in this case is 4. This is the expected result 
of the block interleaver. The patent shows the example in more detail and also 
shows a general rule, how to generate different block interleaving schemes. 
Although not all different possible block interleaving schemes are covered 
through this system, still a real interleaver can be built accordingly with a 
minimum requirement on hardware. In any case an interleaver and
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deinterleaver need to write and read the data to and from a RAM. With this 
simple addition of hardware the interleaving itself is already done through a 
simple memory read and memory write. Figure 6.8 shows an example for an 
implementation using a multiplexer in the address lines, which switches the 
lines. Usually after settling on one block interleaving scheme, there is no need 
to change the interleaving scheme, such that the connections can be hardwired 
in most cases. Again this patent is showing a very simple and efficient solution, 
which results in low power and very efficient hardware implementation for the 
interleaving problem. Especially in [118] a background is given on the 
complexity to implement interleavers regarding the memory requirements. 
According to the definition given in the publication [118], the presented 

interleaver is optimal for memory accesses.
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Figure 6.8 Special purpose Block-Encoder and Decoder

6.3.3. Classification and Value of the Patent
The abstract level of the patent DE19844140 is on the algorithmic or system 
level. Although a hardware implementation is patented, a certain general 
principle is presented, which leads to the small number of hardware resources. 
The main part of the patent describes the algorithm for the new interleaver 
structure. The patent gives some mathematical insight into the problem. The 
final implementation details are defined on the register transfer level (RTL). This 
means that the abstraction level of the presented idea is reasonably high. The 
other factors, which classify the patent, are also very good. The presented
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system is in fact very simple to implement. Further it is very simple to recognize, 

especially if the interleaver is built through external components. To avoid this 
patent, it is necessary to build a common interleaver with its overhead. Finally 

the required resources are very small, so the resource savings are very high. 

Table 6.2 shows the different parameters, which lead to a classification of the 

patent.

[Abstract Level _
| Only available solution No
!•---- r _ .-.-_•,-.-.-.•.•. .

|Ressourcej^£avmg _ Very High
[Recognition ______
implementation Very Easy ~ !

Table 6.2 Classification of the Interleaver and Deinterlaver Patent

From the classification point of view this patent is the most valuable patent of all 

patents presented in this thesis. The method and circuit presented in the patent 

can be used as interleaver in the TX-part of a mobile communication system, as 

well as deinterleaver in the RX-part of a mobile communication system. In 

Figure 6.9 the application of the patent is highlighted as used in the TX-part of a 

telecommunication system. Figure 6.10 shows the corresponding decoder, 
which is a part of the RX. The interleaver is usually presented as a part of the 

channel coding unit in the TX and as channel decoding unit in the RX. In the 
overview given in Figure 3.1 there is no explicit detailed distinction between the 

convolutional encoder and the interleaver, which are parts of the TX, since they 
are combined in one block. Also there is no further distinction between the 

Viterbi decoder and the deinterleaver in the RX, which represent the two parts 

of the channel decoder. In Figure 6.10 the channel decoder is presented, 

consisting of the Viterbi decoder and the deinterleaver for WCDMA systems. In 

addition the Turbo decoder is used in WCDMA Systems, especially for higher 

data- rates.
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Channel Encoder in the TX

Convolutional 
Encoder

Interleaver

Figure 6.9 Interlaver applied in the TX-part of a telecommunication system

Channel Decoder in the RX

Viterbi 
Decoder

Deinterleaver

Figure 6.10 Deinterleaver applied in the Channel Decoder
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Another benefit of the presented patent is recognized here, since it can be used 

in both the receiver and the transmitter parts of the telecommunication system. 

The following patent shows a method to reduce the number of required 

correlations to find the correct spreading code. This is part of the 

synchronisation system of the entire receiver system.

6.4. Correlation Code Synchronisation

A very important component in every telecommunication system is the part, 

which performs the synchronisation function of a receiver with the 

corresponding transmitter. In the simplest case synchronisation means tuning of 

the receiver to the transmit frequency. In addition to the frequency the correct 

modulation scheme has to be found. The synchronisation is usually done 

manually through the user of the receiver. In digital systems, the received signal 

is a sequence of symbols, which only have a real meaning when the start and 

endpoint of the symbol sequence are correctly found. In UMTS systems, the 

synchronisation is a challenge in itself, since not only the correct frequency of 

the corresponding transmitter has to be obtained, but also the actual spreading 

and scrambling codes. Usually this is done through correlating a known 

sequence, called the pilot sequence, with the received signal. When a high 

correlation is given it can be assumed that the pilot sequence is found in the 

signal and thus a well defined starting point for the user signal is given. Since 

not all the details of the correlation sequence can be presented in this thesis a 

good overview is found in one of the following references [54], [186], [187].

6.4.1. Abstract of EP1169784

The abstract of the Correlation Code Synchronisation Module, which is patented 

as European patent under the number EP1169784, is shown in Figure 6.11. 

The term channel estimation is commonly used in literature as well.
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Abstract not available for EP1169784
Abstract of corresponding document: WO0065737
Individual codes (c(t)) are 
combined into combination 
codes respectively and the latter 
are compared with the code 
multiplex signal (r(t)) that has 
been received, in order to select 
the correct code for decoding a 
code multiplex signal (c(t)) from 
several codes (r(t)). The 
individual codes (c(t)) of the 
combination code that most 
resembles the code multiplex 
signal (r(t)) are individually 
compared with the code 
multiplex signal (r(t)) that has 
been received and the code 
(c(t)) that most resembles the 
code multiplex signal is selected 
for the decoding process.

7..CORRELATOR
B^CODE MEMORY

Figure 6.11 Abstract of Correlation Code Synchronisation Module

6.4.2. Description

The patent presented as EP1169784 [188] as well as WO065737 shows a 

search and synchronisation method to reduce the time and number of 

correlations to find the appropriate spreading code, which is used to encode a 

code multiplex signal. Before any data transfer can be performed through a 

digital communication system, the receiver needs to find the appropriate code 

sequence which is used to encode the desired signal. Further the receiver 

needs to find the exact delay between the sender and receiver to start the 

decoding at the appropriate starting point. Usually these steps are performed 

through a complex synchronisation procedure. The patent description shows 

that the scrambling code has to be identified before the data itself can be 

decoded. To identify the desired code all available code sequences are 

correlated with the received signal. For each such correlation the results are 

compared to each other. The correlation which results in the maximum points to 

the correct code which is used later on for the further decoding of the signal. In
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[189] a system is presented which also combines multiple codes. The purpose

thereof is to have additional codes for verification purposes of the sequence.

The presented system needs to be supported through both the transmitter and

receiver, whereas the invention in [188] is an improvement of the receiver, thus

not intended to alter the standard.

The following formula is used to correlate the received signal and a code

sequence:

ZLr(')* c'-W ( 6- ! )

The formula shows that the number of multiplications for the correlation 

depends on the number of codes and the length of the correlation sequence. So 

in general it can be stated that the number of required multiplications can be 

calculated as n»T with n being the number of available codes and T being the 

length of the correlation sequence. The patent shows a method to reduce this 

number of correlations significantly. As described in the patent, any two code 

sequences c. and c^ can be combined to one code sequence just by adding the

two code sequences as shown by the following formula:

(6-2)

This is performed for all consecutive pairs of code sequences. Thus the number 

of correlations is reduced to V2 of the original number of correlations according 

to the formula:

Yr rm«fc,,m + c,..,,fO) ( 6-3 >

In addition to this two correlations are required to find out which of the two 

combined codes is the desired one. Thus only (y + 2)»r multiplications are 

required, assuming that two codes are always combined. The patent also
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claims the general form, assuming that m codes are combined at a time, thus

the number of required multiplications is (— + m)»T.
m

This method leads to a smaller number of correlations, which reduces the 
required number of calculations significantly.
The patent shows the example in the UMTS case, with 16 codes being 
correlated to the signal. Assuming that only 2 codes are combined and the 
common correlation with such combined codes is performed, the overall 
number of correlations is reduced to 8. In addition to this the two resulting codes 
need to be correlated, which together leads to 10 correlations vs. 16 in the 
original case. Using m = 4 codes the number of required correlations further is 
reduced to 4 + 4 = 8 correlations. The presented patent shows that the number 
of calculations can be reduced significantly, which directly can be translated to 
less required MIPS, which again can be directly translated into less power 
consumption. The shown idea is applicable to UMTS since the used codes are 
orthogonal to each other. The invention again leads to better performance and 
reduction of required calculating power, which directly translates into less power 
consumption.

6.4.3. Classification and Value of the Patent

In the patent application the mathematical background of the invention is 
presented as well as algorithms and high level system descriptions of the 
concept. There is not much detail given for the implementation in neither 
software nor hardware. Since the concept can be implemented through both 
software as well as hardware and the details can be freely chosen, it can be 
stated that it is on a very high abstraction level. Although the theoretical 
background may be a bit complicated, nevertheless it is still an approach, which 
is reasonably complicated to implement. Common systems to synchronise to a 
CDMA signal are relatively slow, compared to non-CDMA systems. With the 
presented approach the time to synchronise is reduced significantly. Not 
necessarily resources are saved in the sense of area or power consumption, 
but the reduced time to find the signal improves the capabilities of the entire 
CDMA-system. All aspects of the system are affected, which require a fast
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synchronisation of the receivers. A non-synchronized receiver usually means 

that the power consumption of the mobile phone is sub optimal. The conclusion 

is that this patent leads to reduced resource consumption. Mainly the patent is 

recognized through the observation of a very fast synchronisation process. 

Again this can be done otherwise through parallel synchronisation modules and 

other modifications, which require a higher amount of hardware resources. 

Through parallel approaches, a speedup of the synchronisation is possible, so 

the presented patent is not showing the only solution, which also means that the 

recognition of the patent as part of a given circuit may not be easy. Table 6.3 

shows the different parameters to classify the patent.

EP1169784 Value j
Abstract Level System-Level
Only available solution No ''
Ressource Saving Medium
Recognition Medium I
Implementation Medium |

Table 6.3 Classification of the Correlation Code Synchronisation Patent

The patent is applied to the channel estimation module. It is showing an 

alternative way for the channel estimation process. The channel estimation 

already was shown as part of the equalizer module in the RX-part of a mobile 

communication system.
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Figure 6.12 Application of the Correlation Code Synchronisation Patent EP1169784

In Figure 6.12 the channel estimator is outlined, representing the application of 

the patent. The patented module replaces the channel estimator.

6.5. Contribution of the author

For the patents presented in this chapter the author of this thesis has again 

contributed major parts of the work and the ideas. Table 6.4 shows the author's 

individual contribution to the development of the patents, which are all 100%. 

Certainly the author was supported and inspired through discussions with other 
colleagues, but no parts of these patents are directly contributed through other 

inventors. This corresponds with the Siemens internal documents recording the 

share of each inventor's contribution to the patents filed through Siemens.

Patent Nr.
DE 199 10344
DE 198441 40
EP1169784

Title
Programmable Code Generator
Interleaver / Deinterleaver
Correlation Code Synchronisation

Contribution
100%
100%
100%

Table 6.4 Contribution to the Patent Development Process

6-20



All patent scripts show again only the name of the author being the sole 
inventor of the presented patents.

6.6. Interim Conclusion

The chapter presents patents addressing code generation and detection, which 

includes the code generator itself, the interleaver and deinterleaver and the 

correlation unit. The area is covered through three patents, which are solely 

invented by the author. The purpose and contribution to the body of actual 
knowledge of each patent are shown in several sections, thereby classifying the 

patents according to the previously defined set of factors. The inventions are 

presented in the context of the application in the area of wireless 

telecommunication systems. Also other potential areas of applicability are 

mentioned. Finally the contribution of the author of the thesis to the invention is 

given in Table 6.4. In this case the author is the sole inventor of all three 

presented inventions.
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Chapter 7 The patent Portfolio - Part 3

7.1. Chapter Overview

The following sections show new approaches to automatic gain control, which 
aim essentially to reduce the hardware costs for the implementation of such 
circuit. Automatic gain control (AGC) is applied to the RX gain as well as the TX 
gain of the UMTS telecommunication system discussed herein. Two patented 
approaches are presented in the following sections. The first one is an 
automatic gain controller for the RX gain of a telecommunication system. The 
gain controller is applicable for different telecommunication systems, although in 
this thesis the applicability to UMTS systems is specifically mentioned. The 
second patent, presented in this section, shows a gain controller for the TX part 
of the UMTS mobile device. The TX gain of the UMTS mobile is controlled by 
the base station through transmit power control (TPC) bits. The TPC bits signal 
to the mobile, if it needs to increase or reduce the TX power. Both patents are 
described in detail within the context of the actual body of knowledge. A 
classification is shown according to the previously defined factors. Finally the 
individual contribution to the invention of the author is given, including the 
percentage of his contribution.

7.2. Automatic Gain Controller
The automatic gain controller patent EP1183782, which is also filed as US 
patent US6690312 is shown in [190]. In Figure 7.1 the abstract is presented as 
is published in the stated documents.
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7.2.1. Abstract of US6690312

Abstract not available for EP1 183782 
Abstract of corresponding document: US6690312
For regulating the signal level 
fed to an analog/digital 
converter, the rate of change at 
which the output signal of the 
analog/digital converter changes 
over time, in particular the rate 
of change of an output bit of the 
analog/digital converter, is 
measured and compared with a 
setpoint value, in order to set the 
signal level fed to the 
analog/digital converter based 
on the comparison.
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Figure 7.1 Abstract of Automatic Gain Controller Patent

7.2.2. Description

Usually receivers for digital telecommunication systems as they are used in 
mobile phones require an AGC circuit to optimally utilize the sampling range of 
the ADC. It is required to keep the signal in a certain level just being below the 
full range of the ADC. For this reason the AGC is used to control a preamplifier, 
which is located just before the ADC. Assuming the signal level is very low, for 
instance 6db below the range of the ADC, this means that the most significant 
two bits are never used, so the accuracy of the samples is two bits below 
optimum. In that case an 8-bit ADC virtually samples the signal in the same way 
as a 6-bit ADC. This adds quantization noise to the signal, which translates into 
additional signal loss. In [191] the integration of an AGC into a QPSK receiver is 
presented. An analogue AGC which is controlled through a probabilistic 
algorithm is shown in [192]. A digital AGC is shown in [193]. A n + m bit ADC is 
used to provide the digital samples. A barrel shifter selects n bits out of the 
n + m bits which are provided to the signal processing components. The system 
presented in [194] shows a method to control the reference voltage of the ADC 
and thus providing AGC functionality. In addition to this an alternative approach
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using fuzzy logic is presented in [195], which also is an invention of the author, 

but not presented as part of this portfolio.

The patent published as European patent EP1183782 and as US patent under 

the number US6690312, shows a circuit which controls the input gain of an 

analogue to digital converter (ADC). The patent shows three embodiments of 

the invention. The state of the art to control the gain is to accumulate or 

integrate the absolute value of the signal over a certain time frame and 

according to the result add or subtract a certain value to the power amplifier 

control signal. In [196] and [197] automatic gain controllers (AGC) are 

presented which are especially suited for WCDMA systems. The method 

presented in EP11837827 US6690312 reduces the required hardware, since no 

integrator is required for this implementation. The main idea is that only the 

upper bits of the signal are checked if they are active. The upper bit is active 

whenever the sign bit is different from the most significant bit (MSB). So a 

counter counts the number of samples, which appear to have the upper data bit 

different from the sign bit. The accumulated signal directly can be used as 

control signal for the power amplifier. Figure 7.2 shows one embodiment of the 

invention, taken from the patent script.
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8 bit

Figure 7.2 Automatic Gain Controller

The required hardware is reduced, since only a simple XOR gate is required to 

compare the most significant bits, with the sign bit. Further a simple 

accumulator is required, which is less expensive than an integrator with implicit 

multiplication. The approach shows a widely reduced hardware effort to 

implement this AGC method. Especially this method is applicable to implement 

fast AGC approaches in power critical applications, like mobile 

telecommunication systems. Since the n-bit digital comparator of a commonly 

implemented AGC is replaced by the usage of a one bit comparator. This 

reduces the time and space complexity of #(/?) for the n-bit comparator to a 

single XOR-gate leading to the time and space complexity of <9(1). 

The patent committee of Siemens ICM considered the presented approach as a 

very important invention such that it was applied worldwide and especially in the 

USA.

7.2.3. Classification and Value of the Patent

With the AGC being a combination of a measurement system and an amplifier 

the shown patent represents a solution for the measurement system of the AGC
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which is highly optimised for digital receivers. Figure 7.3 shows the application 
of the AGC in the receiver of a digital telecommunication system.

Figure 7.3 AGC applied in digital receiver

The analogue RF receiver part as described for instance in Figure 5.4 is split up 
in Figure 7.3 into the Amplifier and into the other RF parts. The gain of the 
amplifier is controlled by the AGC module. Figure 7.3 shows only an example 
for the application of the AGC, since an RF amplifier usually is already used 
earlier in the design. Some receivers use several AGC loops for fast and slow 
control of the AGC level and apply the amplification to different stages of the 
receiver part. The patent also can be applied to different stages of the receiver 
part, since the main part of the patent states, how the control signal for the 
amplifier is generated out of the measured digital signal, regardless of the exact 
position of the amplifier.
Since the automatic gain controller patent can be applied to many different 
digital telecommunication systems, it has a high value according to its 
generality. The system itself is described at a high level of abstraction, although 
this goes hand in hand with a more specific implementation. It can be stated 
that the patent is on a system level, but with implementation embodiments in 
the register transfer level. The patent also can be recognized if the AGC is built
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up externally, whereas in integrated environments, where both analogue and 
digital parts are mixed, the AGC may not be recognized very easily. The quality 
of the AGC was only compared with standard AGCs used for UMTS systems. In 
the case of UMTS it can be said that there is not much difference in the gain 
through the patented AGC compared with other commonly used AGC systems, 
while the hardware requirements are much below typical digital AGC systems. 
The complexity to implement the patented system is comparable with other 
AGC modules, such that the implementation complexity can be rated as 
medium. Certainly this is not the only available solution, since AGC is a well 
know common concept. The main factor here is the reduced hardware 
requirement, compared with other implementations of AGC modules. In Table 
7.1 the classification of the Automatic Gain Control patent is shown.

JEP1183782 i Value ^ „ _
^Abstract Level System-Level with RTL Embodiment
i Only available solution ^o
iRessource Saving____LHi9{]___II_________________
; Recognition ______jLow_______________________] 
! Implementation^ jSjmple _ __ J

Table 7.1 Classification of the Automatic Gain Control Patent

Finally in the following section a controller is presented, located in the mobile 
transmitter, which sets the transmission power according to control information 
received from the base station.

7.3. Transmission Gain Controller
In UMTS systems it is important that the power level of each mobile station 
received at the base station is on an equal level to limit the interference level at 
the receiver. Thus the power level of the mobile transmitter is controlled by the 
base station through specially designated control symbols. These control 
symbols are named as Transmit Power Control bits (TPC). The entire concept 
of the open and closed loop transmit power control is described for example in 
[198], [199], [200].
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7.3.1. Abstract of DE19849552

Figure 7.4 shows the abstract of the patent DE19849552 [201], as published in 
the original documents.

Abstract of DE19849552
A mobile transceiver evaluates 
control commands received from 
a stationary transceiver, and 
adaptively calculates variable 
step widths for intermediate 
steps in the transmission power 
control according to the control 
command. The adaptive 
calculation takes into account 
the history, but is independent of 
the stationary transceiver.

TPC

Figure 7.4 Abstract of Transmission Gain Controller Patent

7.3.2. Description
The patent, published under the number DE19849552 at the German patent 

office, shows a transmission power controller especially suited for UMTS 

transceivers. The purpose is to reduce the interference in CDMA systems at the 

input to the receiver. The hardware architecture is given, which is suited to 

reduce the power of the transmitter of a mobile communication system to a 

minimum, according to measurements taken by the receiving base station. The 

system measures the received power from each mobile station and tries to even 

out the different power levels, which are due to different radio channel 

conditions. The effect is also known as near far effect [202], [203], [158]. The 

base station translates the measured power level into a control signal, which is 

transferred as control bits back to the mobile station. The mobile station 

accordingly changes its transmission power. Usually one or two bits are 

transferred to the mobile, which only tell if the power has to be raised or
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reduced. To generate the optimal effect the TPC bits have to be applied directly 

to the next transmitted frame, so they are not coded through the convolutional 

encoder, but directly extracted out of the incoming data stream. The 

architecture shown in [150] is already suited to extract the TPC bits separately. 

The invention presented under DE19849552 in [201] shows a solution 

specifically for the problem, if the mobile is in the state of the soft handover 

[160], which is a feature of the UMTS-system. Two base stations may have 

different requirements for the transmission power, and thus the received control 

signals, which are received from two or more base stations at the same time, 

need to be averaged. The invention shows an efficient method to control the 

power accordingly. In addition to the averaging of the different control signals, 

the invention also includes the history of the control signals. Thus it takes an 

average of the actual signal and the old control signal. Through this method 

wrongly received control signals are prevented from being directly taken into 

account. Also very fast changes of the channel are averaged out, such that 

transmission power is adapted more slowly according to the average of the 

required power levels. The implementation shows that the power levels are 

decreased faster than they are increased, which prevents the occurrence of 

exceptionally high power levels. Several simulations and some research is still 

necessary to find the optimal number of samples to be averaged as well as the 

optimum increment and decrement steps for the power levels. 

Although the technical solution of the problem is very advanced, the patent was 

only applied nationally, rather than internationally. The applicability depends 

highly on the proper support through the standard itself. So it is in fact only 

applicable if the power control signal is sent as shown through the base station. 

Also the soft handover is a part of the requirements. Finally it can be stated, that 

the invention is limited to UMTS systems, and can not directly be transferred in 

general to other telecommunication systems.

7.3.3. Classification and Value of the Patent

The TPC-bits are extracted separately out of the RAKE receiver. The result of 

the TPC-bits is fed back into the power amplifier of the transmitter. Thus the
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TPC is a direct link between receiver and transmitter. Figure 7.5 shows the 

connection of the receiver and the transmitter of a UMTS-mobile. The invention 

is placed between the receiver-module, which in our case is a RAKE receiver 

capable of extracting the TPC-bits out of the WCDMA frame, and the transmitter 

module. The affected part of the transmitter is the power amplifier, which is 

controlled through the transmit power controller module. The patent is 

applicable to CDMA based systems, which have the near far problem, like 

mobile telecommunication systems. The patent describes the transmission gain 

controller on the system level. No implementation details are given in the 

patent. An algorithm of how to combine TPC-bits from different base stations, is 

presented in the patent. The implementation is left to the user of the module. 

Since the patent uses only standard modules, the implementation is not very 

complicated, but leaves room for some interpretation and modifications. The 

exact filter parameters used to consider the history of the TPC-bits may vary. 

The value of the patent is limited, since the application is limited to CDMA 

systems which transfer TPC-bits. On the other hand, the patent shows a simple 

straight-forward solution for an obvious problem in CDMA systems. It is in 

general relatively uncomplicated to build this device, but some research may be 

applied to find the optimum history filter. So the implementation is assumed to 

be of medium complexity. It seems that the presented solution is the only 

solution to combine TPC-bits from different base stations. Since there is no 

comparable device, the resource savings item is not applicable for this device. 

This also results in a high recognition potential. The power level can well be 

measured and, if interpreted correctly, the patent can be identified, even in a 

black box system so a high recognition value is given for this patent. In Table 

7.2 the classification of the patent is summarised. Overall it seems that this 

patent is very interesting, since conceptually it is capable of influencing the 

standard and thus become a necessary part of the WCDMA standard.
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Figure 7.5 Transmission Gain Controller applied in CDMA mobile phone

DE1 9849552
Abstract Level
Only available solution
Ressource Saving
Recognition
Implementation

Value
System-Level
Yes at present
not applicable
High
Medium

Table 7.2 Classification of the Transmitter Gain Control Patent

7.4. Contribution of the author
For the patents presented in this chapter the author contributed partially but 
equally with other team members the work and the ideas. Table 7.3 shows the
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author's individual contribution to the development of the patents. Certainly the 
inventions presented in this chapter are more of a team contribution to the body 
of knowledge instead of an individual contribution of a single inventor. Thus the 
first invention involved three inventors, whereas the second invention involved 
four inventors. The contribution to either patent is estimated to be equal in 
share. This corresponds with the Siemens internal documents recording the 
share of each inventor's contribution to the patents filed through Siemens.

PatentNr
EP1 183782
DE 19849552

Title
Automatic Gain Controller
Transmission Gain Controller

Contribution
33%
25%

Table 7.3 Contribution of the author to the inventions

The patent applications show the names and the addresses of the inventors at 
the time when the patents were applied.

7.5. Interim Conclusion
This chapter presents two important patents on the implementation of automatic 
gain controller solutions (AGC). One patent presents an AGC which is used in 
the RX-part of the UMTS telephone system. The second patent is the controller 
for the TX-power. The TX-power of the UMTS mobile station is primarily 
controlled through specific symbols by the base station. The patent shows a 
new approach for an implementation of a TX-power controller. Both patents 
were developed by a team, which is reflected in the names and number of 
different inventors, involved in the patent application. The percentage of the 
individual contribution is shown in the last section and shows equal contribution 
of work and ideas. Although other solutions exist for the AGC controller, the 
presented solution provides savings in hardware costs which made applying for 
this patent to be worthwhile. Both patents are implemented in the baseband 
hardware chips for UMTS mobile phones. The contribution to the body of 
knowledge is reasonably high, as proved through the application and award of 
the patents themselves.
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Chapter 8 Conclusion

8.1. General

The patent portfolio comprises of significant inventions for the implementation of 
UMTS mobile and stationary telecommunication systems. Some of the 
inventions are considered very important, which is shown through the SIEMENS 
ICM patent committee, by applying for an international patent. Although the 
inventions came up through the direct work on UMTS related themes, some of 
them are applicable to other telecommunication standards and some are even 
more generally applicable to other digital signal processing systems. This 
chapter gives a summary of the contribution to knowledge gained through the 
presented inventions in section 8.2. In section 8.3 the author's contributions to 
the inventions and other publications are summarized. The thesis closes with 
some final remarks and an outlook to future work in section 8.4.

8.2. Contribution to Knowledge
The thesis presents a collection of inventions, which were completed during the 
first definition phase of the UMTS standard. All inventions were highly 
influenced by the UMTS program, which was set up at SIEMENS ICM in 1998. 
The standard was formulated through experts of the wireless 
telecommunication industry, who were recruited from different companies all 
over the world. Essentially two categories of work and contribution have been 
performed through the SIEMENS research and development departments 
involved in the UMTS program. One group of experts performed theoretical and 
even political work, which led to contributions to the standard itself. A second 
group implemented the algorithms and concepts formulated through the 
standard committees. The standard only represents a set of requirements of the 
said telecommunication system. Many details and decisions are left to the 
implementation, which eventually led to new ideas and inventions. The 
described inventions show some results of specific implementation work. The 
main theme of all the presented patents is the improvement of the UMTS- and 
other telecommunication systems. Especially mobile devices are mainly
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considered through the presented patents. The size and the power consumption 
of mobile telecommunication devices can be significantly reduced through the 
application of the inventions. Additionally a significant improvement of the 
performance can be achieved through the presented inventions. The reduced 
power consumption is mainly a result of the usage of hardware instead of 
software solutions, whereas flexibility is still maintained through programmable 
hardware. Especially in mobile communication systems, low power, which 
means long battery life, is an essential factor for the success of any such 
system. The patents impressively show some advanced techniques to reduce 
the hardware requirements and hand in hand with this the requirements on 
power consumption. An important factor is the demand of programmable 
devices, which led to some of the presented inventions. For example the 
presented code generator [176] combines efficiently low power requirements 
with programmability. A highly efficient circuit for block-interleaving addressing 
also low power consumption and efficient hardware utilisation is the device 
shown in [183]. The multipliers for complex numbers as shown in [143] and 
[144] are highly optimised circuits for a specific purpose leading to a reduction 
of hardware requirements and power consumption. Other examples for 
optimisation related patents are the AGC in [190] and the transmit power 
controller in [201]. In both patents a very simple and efficient implementation is 
presented. In addition to inventions regarding pure optimisations, the 
architecture of the RAKE receiver as presented in [150] influenced new 
developments of RAKE receiver architectures. Infineon Technologies AG 1 and 
Samsung Electronics Co. Ltd. 2 as well as Zyray Wireless Corp. 3 , which was 
bought by Broadcom Corp., use very similar architectures in their UMTS 
solutions for WCDMA. The fundamental idea, to apply pipelining and 
multiplexing to a RAKE receiver, was first introduced through the described 
patent [150] but has become state of the art for the implementation of modern 
RAKE architectures. Since power consumption becomes a major issue in actual

1 Internal discussions with members of Infineon Technologies AG; Duisburg, Germany; 2007.
2 Internal discussions with members of SOCT GmbH - a Samsung Company; Schwalbach, Germany;

3 Internal discussions with members of Zyray Wireless Corp.; San Diego, USA; 2003.
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and future developments of mobile telecommunication systems and combined 

systems, like PDAs and Organizers, which include GSM and UMTS capabilities, 

the presented hardware components are superior to digital signal processors 

and are unlikely to become obsolete for many years to come.

8.3. Contribution of the Author

The presented patent portfolio is a selection of the patent and publication 

portfolio of the author. Additional patents of the author are in areas, which are 

not purely telecommunication related, like software methodology and 

microprocessor technology. The presented selection of patents just gives 

insight into the work of the author in the specific area of mobile 

telecommunication systems and the hardware implementation thereof, which 

was conducted in the Siemens AG Mobile Phones Research & Development 

department during the years 1998 - 2001. The entire team contributed to many 

of the patents, where the author was involved. The presented subset shows 

mainly inventions, which are solely by the author. Certainly the architecture of 

the RAKE receiver [150] is a major contribution to knowledge and was 

performed through a team of three inventors. The architecture of the RAKE is 

also the foundation for other individual inventions shown in [172], [161] and 

[169]. All optimisation specific inventions are individual contributions of the 

author to the patent portfolio. They are presented in [143], [183] and [144]. The 

highly flexible programmable code generator, which is shown in [176], is also an 

individual contribution. The inventions regarding the AGC [190] and the 

transmission power control [201] are both highly influenced by co-inventors. 

Some additional inventions were not considered as patents through the 

Siemens AG patent committee. In these cases SIEMENS allowed the 

publication of the inventions. Papers [124], [195] and [71] are not considered as 

a part of the patent portfolio presented in this thesis, but they are additional 

contribution to knowledge by the author and were published during the same 

timeframe as the patents.
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8.4. Final Statement and Outlook

Besides the pure technical advantages, which are delivered through each 

patent application, this thesis gives an objective classification of the presented 

patents. The classification is done, using some of the commonly used 

considerations, which are applied through patent committees in different 

companies. Although in some cases, for example in new startup companies, it 

may be very important to generate a relatively large number of patents, in a 

more mature environment, it may be better to evaluate an invention using the 

herein presented scheme. An objective evaluation of new inventions may lead 

to a smaller number of high quality patents, which again lead to a much better 

investment in patent attorney's cost and the formal overheads associated with 

new patent applications. Through advanced semiconductor technologies, which 

lead to higher integration and higher speeds, some of the hardware blocks may 

as well be replaced through software algorithms running on digital signal 

processors in the near future. The author believes that none of the presented 

inventions will really become obsolete. Especially in power consumption and 

battery lifetime terms, pure hardware solutions still provide an advantage over 

software solutions in the near and far future. Besides the pure technical 

advantage, which is provided through the application of each of the presented 

patents, they also shall influence and improve the creativity of young engineers, 

who work in the same area and may be inspired to come up with similar or even 

better ideas to improve telecommunication systems. Although the individual 

contribution of the author is emphasized in this thesis, the positive influence of 

colleagues shall not be forgotten. Many little hints but also major discussions 

led to the described ideas and inventions. The development of a 

telecommunication system will always be a team event, inspired and fuelled by 

many individual contributors.
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