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Abstract

This thesis presents modelling, limitations and simulation based performance assessment of 

bandpass sampling receivers. An overview of software radio and fourth generation wireless 

systems is presented, as well as theoretical and practical aspects of bandpass sampling for 

such systems.

An investigation to determine the effects of various front-end bandpass filters on the BER 

performance of a bandpass sampling receiver in noise and adjacent channel interference is 

undertaken, since this filtering process is essential to bandpass sampling. Both narrowband 

and wideband front-end implementations are considered. The research concludes that great 

care has to be taken when choosing the receive filters in accordance with specific system 

parameters.

Consideration of aperture jitter becomes increasingly important when sampling at IF and RF 

and its effect is regarded as an amplitude error on the sampled signal. The hypothesis that 

oversampling improves system performance is tested by developing analytical expressions 

verified by computer simulation. Results indicate that oversampling causes performance 

degradation due to jitter effects.

The effect of aperture jitter on the performance of multicarrier bandpass sampling receivers is 

investigated, using OFDM. The effect of aperture jitter is assessed via BER measurements 

and by varying a number of key system parameters. Results indicate that aperture jitter causes 

a random frequency deviation in the centre frequency of the sampled signal, thus resulting in 

ICI and loss of orthogonality between subcarriers. The performance of a multimode bandpass 

sampling receiver for the simultaneous reception of an OFDM and a single carrier signal is 

investigated by varying system parameters. For optimum BER performance it is necessary to 

examine carefully the interactions between the signals and their spectral copies that occur due 

to the sampling process. Finally, design trade-offs are identified for receiver architecture 

simplicity and BER performance.

Overall, the thesis addresses different design and optimisation issues of bandpass sampling 

for the use in future software radio receivers.
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Chapter 1 

Introduction

The success of digital wireless communications is phenomenal and continually expanding. 

Since the introduction of second generation (2G) digital cellular communications, the 

technology and business associated with wireless communications has proliferated 

extensively. In addition to cellular second generation systems such as GSM (Global System 

for Mobile communications), the American IS-95 cellular system, and cordless DECT 

(Digital Enhanced Cordless Telephony), there are third generation (3G) cellular, Bluetooth, 

and Wi-fi (Wireless Local Area Network or WLAN), broadcast systems such as Digital Audio 

Broadcast (DAB) and Digital Video Broadcast (DVB) systems, and broadband schemes such 

as fixed wireless access. Research into fourth generation wireless (4G) communications is 

currently being pursued, developing new modulation schemes to achieve higher data rates and 

better bandwidth efficiency, and enhanced and personalised services. It is envisaged that 4G 

will seamlessly integrate existing and new wireless access schemes in order to provide 

ubiquitous communications. Two important mechanisms for achieving this are an end-to-end 

IP solution and reconfigurable radio.

Reconfigurable radio is the subject on which this thesis concentrates on. The concept of 

reconfigurable radio, or more specifically, software radio was proposed in the early 90’s in 

order to provide the U.S. military with a programmable radio, capable of being reconfigured 

to operate across a number of different wireless standards. In the commercial world, the 

advantages of such a reconfigurable radio are immense. From a user perspective fewer mobile 

terminals are required to access a number of different wireless systems since a single generic 

terminal would be able to configure its functionality in order to operate in different systems. 

Operators will have the advantage of rapidly updating equipment as updates are available or 

as technologies mature. In addition, the capability of quick development coupled to enhanced

14
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services would be realised through software radio, allowing greater service differentiation. It 

is envisaged that software radio shall enable manufacturers to develop generic radio terminals 

which can be customised for use across different wireless networks and environments.

Reconfiguration of a radio terminal/basestation can occur at every level of the protocol stack, 

from the physical layer right through to the application layer, allowing customisation of radio 

equipment from its operation in a particular network through to personalisation of 

applications and services. Taking the concept of reconfigurablity even further is expected to 

enable radio equipment to be self-aware, thus possessing cognitive ability and offering greater 

enhancement of services through location awareness, and reconfiguration of radio 

functionality depending on channel quality, data rates, etc.

One of the characteristics of software radio transceivers is that data conversion takes place 

close to the antenna so that a large amount of radio functionality is encapsulated in the digital 

domain, defined in software and downloaded onto programmable hardware. In the receiver, 

digitising the radio frequency (RF) or the intermediate frequency (IF) signal, prior to 

demodulation, is known as bandpass sampling or IF sampling. This aims to enable efficient 

sampling and digitisation of bandpass signals.

This thesis presents an overview of software radio, and bandpass sampling, together with a 

performance assessment of bandpass sampling for wireless receivers, addressing several key 

design and optimisation issues. The following sections present the structure of this thesis and 

the contributions of the author to this field of engineering.

1.1 Thesis Structure

This section provides a description of the contents of this thesis, giving details of each of the 

chapters.

The thesis is in seven chapters and includes three appendices. Following this introductory 

chapter which sets the scene for the thesis and highlights the contributions made. Chapter 2 

introduces the concept of software radio. It describes the various definitions of software radio, 

which indicate varying levels of reconfigurability, followed by the technical challenges 

associated with realising a software radio receiver, particularly in the RF front-end and 

analogue-to-digital converter (ADC). This is followed by a brief overview of projects and 

organisations dedicated to the development and evolution of software radio. A number of
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other issues such as software download to enable reconfiguration, security requirements for 

software radios, and the architecture of the reconfigurable baseband are presented. Currently 

much research effort concentrates on the development of fourth generation wireless systems. 

In addition to higher data rates and novel transmission schemes, great emphasis is placed on 

ubiquitous communications, the needs of the users, and on the efficient delivery of services 

and content. This chapter describes the various aspects of 4G being considered by the 

research community, including novel methods of flexible frequency allocation. Rounding off 

this chapter is an overview of common receiver architectures, including the superheterodyne, 

direct conversion, low-IF and bandpass sampling. Reasons are given for the choice of 

bandpass sampling as the downconversion method to be investigated further in this thesis.

Chapter 3 disseminates the literature on bandpass sampling. Considered in this chapter are 

the theory of bandpass sampling as an extension of the conventional sampling theorem for 

bandpass signals. Modifications to the bandpass sampling theory are also presented followed 

by a review of applications of bandpass sampling. Practical considerations of bandpass 

sampling and the implementation of its components such as track-and-hold devices and 

sigma-delta modulators are also outlined. The second part of the chapter concentrates on 

analogue-to-digital converters suitable for wireless communications, such as the flash ADC 

and its pipelined and interleaved variants, and sigma-delta modulators.

Chapter 4 examines the role of filtering in wireless receivers, particularly at the front-end of 

a bandpass sampling receiver. A bandpass sampling receiver model is developed and used as 

the basis for all further investigations. Appropriate modelling is done to allow performance 

assessment by simulation in order to observe the effects of front-end filters on bandpass 

sampling receivers. The model is loosely based on the 3G WCDMA (wideband code division 

multiple access) specifications, using quadrature phase shift keying (QPSK) modulation, and 

its performance is measured in terms of bit error rate (BER) for both additive white Gaussian 

noise (AWGN) and adjacent channel interference (ACI) conditions. Initially a narrowband 

front-end architecture is implemented, and then modified to a wideband solution that is more 

appropriate for software radio implementation. This model incorporates a front-end receiver 

capable of handling three of the QPSK signals used and once again the performance of this 

arrangement is monitored using different filters in both AWGN and ACI conditions.

The issue of aperture jitter becomes increasingly important when analogue-to-digital 

conversion is implemented at IF and RF. Aperture jitter presents itself as wideband noise. 

Chapter 5 challenges the assumed hypothesis that oversampling improves system 

performance. This is investigated both by analysis and modelling. The definition and origin of
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aperture jitter are presented, followed by the effect of aperture jitter on signal-to-noise ratio 

(SNR) and the limitation it imposes on the maximum signal frequency. This is followed by 

the development of mathematical expressions to describe the amplitude error due to aperture 

jitter as a function of the jitter and the input signal power spectral density. The result of these 

expressions is then compared to results obtained by simulation in order to verify the 

expressions developed. We find that, contrary to perceived wisdom, oversampling does not 

always improve performance and in complex systems, such as bandpass sampling receivers, 

the existence of jitter may strongly affect performance and result in higher degradation for 

higher oversampling frequencies.

In Chapter 6, the investigation of aperture jitter is extended towards multicarrier signals. 

OFDM is chosen as an appropriate modulation scheme due to its wide usage in wideband 

systems such as digital broadcast systems and WLAN and also due to its consideration for 

very high data rate 4G systems. Therefore, this chapter presents a model of an OFDM 

transmitter and accompanying bandpass sampling receiver which shall be used throughout the 

investigations. The effect of aperture jitter is assessed via BER measurements at various 

sampling rates; carrier frequencies; values of aperture jitter and the addition of a cyclic prefix. 

Chapter 6 also considers a multimode receiver based on bandpass sampling since software 

radio receivers will most likely require multimode and/or multiband capability. The model 

presented in the chapter considers the simultaneous reception of the OFDM signal and a 

single carrier signal. Again, performance assessment is carried out to investigate the effects of 

varying the sampling rate; signal position and spacing and the arrangement of IF filters. The 

final part of this chapter investigates the relationship between signal position, relative to 

multiples of the folding frequency and the optimum BER performance.

Chapter 7 presents some concluding remarks about the thesis, summarising what was 

presented and a commentary on the main results obtained. This chapter concludes by 

presenting a concise proposal, suggesting future areas of research related to the work.

Appendix A, B, C and D present details of the modelling and the major elements of the 

models developed and used for the investigations in Chapters 4, 5 and 6. Screen shots of the 

relevant parts of the models are taken directly from Agilent ADS 2003 and are presented 

together with explanations with regards to their operation.
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1.2 Contributions

The research presented in this thesis comprises of modelling and simulation based

performance assessment of various aspects of bandpass sampling receivers. The following is a

summary of the key contributions of this work.

■ Investigation in to the effect of various types of bandpass filters on the BER performance 

of a bandpass sampling receiver. A receiver front-end model was developed for this 

purpose and tested in both AWGN and ACI conditions.

■ Investigation of BER performance of a wideband bandpass sampling front-end in AWGN 

and ACI was carried out. Results indicate that the optimum front-end filter in AWGN is 

different to the optimal performing filter in ACI.

■ The development of mathematical expressions to relate sampling and signal frequencies 

to aperture jitter and associated errors. The expressions developed were used to test the 

hypothesis that oversampling always improves system performance. These expressions 

are dependent on the signal power spectral density and aperture jitter is defined as a mean 

square value and as a percentage of the sampling period. A dependence on sampling 

period is necessary when considering aperture jitter and this is obtained when generating 

a clock with jitter using frequency modulation. The results obtained indicate that 

oversampling causes degradation in signal-to-noise ratio when aperture jitter is 

considered.

■ The effect of aperture jitter in OFDM bandpass sampling receivers has been investigated. 

The results imply that aperture jitter causes an uncertainty in the sampling period thus a 

random frequency error occurs in the sampled IF position, resulting in ICI and loss of 

orthogonality between subcarriers. Performance can be improved by increasing the 

sampling rate or by reducing the frequency at which digitisation is implemented.

■ The performance of a multimode bandpass sampling receiver, simultaneously 

downconverting two different signals with a single ADC, was investigated. A number of 

system criteria were examined, including filtering, sampling rate, and signal position and 

spacing. Separate IF filters offer better performance when compared to the use of a single 

wideband IF filter. Careful examination of the interaction between the signals and their
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spectral copies that occur due to sampling is necessary when setting design 

recommendations and guidelines so as to achieve superior performance.

■ A trade-off between BER performance and receiver front-end simplicity has been 

identified. It has been found that optimal BER performance is achieved when signal 

position is close to the lower edge of an aliasing triangle for normal spectral placement. 

This is in contrast to optimal receiver architecture design, where the resulting signal 

position is at the exact centre of an aliasing triangle.

This research presented in this thesis has so far resulted in eight publications, as listed below

in chronological order.
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Chapter 2 

Software Radio and Fourth Generation 

Wireiess Communications

2.1 Introduction

This chapter presents the software radio concept for the realisation of reconfigurable wireless 

terminals and basestations. The chapter begins with a definition of software radio, followed 

by variants of the concept which differ by the level of reconfiguration provided by the 

architecture, and also the cognisance possessed by the radio terminal equipment. This is 

followed by a review of some of the hardware challenges particular for the receiver and 

includes the RF front-end and the analogue-to-digital conversion stage. Next, research 

projects such as the US Military SPEAKeasy project and the IST-TRUST are described 

giving different research views on software radio. This is followed by further aspects of 

software radio such as the reconfigurable baseband architecture, software download 

mechanisms for reprogramming wireless terminals, and security aspects that must be 

considered.

The picture of communications beyond third generation wireless, known as fourth generation 

or 4G wireless, is rapidly taking shape. This chapter describes some of the concepts regarded 

as defining what 4G wireless shall be, and some of the technologies that are crucial for 4G to 

be realised, such as reconfigurable terminals and mobile IP.

The final part of this chapter is an overview of receiver architectures suitable for software 

radio. Their architecture and suitability for reconfigurable receiver implementation are 

discussed.

20
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2.2 Software Radio

Most of today’s radios have all their radio functions hard-wired, in Application Specific 

Integrated Circuits (ASICs), or embedded on hardware with limited reconfigurability. The 

result of this is that the use of these transceivers is limited to the original systems they were 

designed for, with limited capability for upgrades. Their frequency bands, modulation 

schemes, coding, and channel bandwidths, amongst many other functions are fixed at the 

point of manufacture, and thus result in their inability for interoperation in different systems.

The present solution to this problem is achieved through multiband radios and multimode 

radios, enabling transceivers to operate in different frequency bands (e.g. the tri-band 

operation of GSM transceivers in say the 9(X), 18(X) and 1900MHz bands) and also in 

different systems (GSM/DECT dual mode terminals, GSMAVCDMA dual mode terminals, 

the addition of Bluetooth connectivity in cellular handsets, etc). These enhancements are the 

result of multiband antennas and RF conversion, although in many cases separate RF chains 

may be required, and often separate baseband processing is essential. This solution is limited 

by the increase in hardware required for multiband and multimode transceivers, thus leading 

to the concept known as Software Radio.

There are a number of definitions of software radio; however, the first definition was 

introduced by Joesph Mitola III in 1992 [1] as:

“A software radio is a set of Digital Signal Processing (DSP) primitives, a meta
level system for combining the primitives into communications systems functions 
(transmitter, channel model, receiver...) and a set o f target processors on which 
the software radio is hosted for real-time communications.'''

The ideal software radio consists of a power supply, an antenna, a multiband RF converter,

and a single chip containing analogue-to-digital and digital-to-analogue converters with an

on-chip general purpose processor and memory that perform the radio functions and required

interfaces. The ideal software radio architecture is presented in Figure 2.1. The placement of

the A/D and D/A converters as close to the antenna as possible and the definition of radio

functions in software, are the hallmarks of the software radio.

'‘Thus, although software radios use digital techniques, software-controlled 
digital radios are generally not software radios. The key difference is the total 
programmability of software radios, including programmable RF bands, channel 
access modes, and channel modulation," [2].
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stage(s) (Rx/Tx)

Programmable
processor(s)
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Figure 2.1: architecture of the ideal software radio

The above description of the ideal software radio is considered to be its canonical definition. 

However, the realisation of such a radio is unfeasible in the near future considering the state 

of technology at present. Some of the technical challenges associated with such architecture 

shall be described in subsequent sections; however, until the software radio becomes reality, a 

more realisable definition must exist. This is the role of the Software Defined Radio (SDR), 

defined as

“a radio in which the receive digitisation is performed at some stage 
downstream from the antenna, typically after wideband filtering, low noise 
amplification, and downconversion to a lower frequency in subsequent stages -  
with reverse processing occurring for the transmit digitisation. Digital signal 
processing in flexible and reconfigurable functional blocks defines the 
characteristics ofthe radio, " [3].

As the data conversion process occurs closer to the antenna, the software defined radio

approaches the ideal software radio architecture. More radio functions are thus defined in the

digital domain, enabling greater flexibility of the radio transceiver.

The above definitions imply that software radio technology is a physical layer enhancement to 

provide reconfigurable transceivers for multiband and multimode operation. However, this is 

not necessarily true and the reconfigurability can be applied to all layers of the radio stack 

from the physical layer, through the link layer and network layer, and up to the application 

layer. In fact this is essential, particularly in a multimode environment, where as well as 

physical layer differences between different systems, there are a large number of higher layer 

differences which need to be considered, including aspects such as radio resource 

management, transport protocols, network protocols and even end user applications.

The introduction of software radio will have many influences over every aspect of wireless 

communications, from manufacturer, to network operators, and ultimately to users of wireless 

technologies. From a military perspective, software defined radio is expected to be the driving 

force behind the cooperation of communications systems which have traditionally
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demonstrated the lack of interoperability, especially between different military organisations 

and between international forces.

It is expected that software radio will drive manufacturers to develop generic radio terminals 

which can then be customised for use in different wireless systems. Of course the same 

terminal can then be updated and reprogrammed as software updates become available and if 

the terminal requires modification for adapting to different systems. Network operators will 

have the opportunity to upgrade network components by installing new software updates, thus 

enabling improvement as technology matures or as standards are updated or extended without 

the need of expensive replacement options. Software radio will also allow quicker 

development and enhancement of services, allowing for greater service differentiation 

between operators, and more personalised services for the end user. Wireless technology users 

will benefit from requiring less mobile terminal equipment since a generic terminal can be 

adapted for use in a number of different systems, providing the radio hardware is capable of 

meeting the system requirements (bandwidth, carrier frequency, etc.). As mentioned before 

the availability of enhanced and personalised services will enhance the usability of wireless 

technology.

2.2.1 The Future of Software Radio

As technology advances the software radio is envisaged to become “intelligent”, thus able to 

adapt to different radio channels and environments in order to provide the best possible 

performance, enhanced spectral efficiency, or the most efficient means of service provision by 

adapting to the most suitable access technology. This is known as adaptive intelligent 

software radio or AI-SR. Another concept is cognitive radio, whereby a radio terminal may 

have a certain level of self-awareness by collecting information about its current status and 

the status of the network and channel quality.

The basic concept underlying such terminology is the ability of the radio to adapt to its 

environment by automatically (i.e. without human intervention) adapting its operational mode 

to achieve enhanced performance and efficiency [3]. The technologies utilised are artificial 

intelligence and real-time adaptive algorithms, which require significant computational 

power, collecting in real-time, data from a variety of sources including

■ the mobile network infrastructure

■ radio frequency bands available

■ air interface protocols
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■ user needs, applications

■ minimum performance requirements (which may be dictated by standards)

■ the propagation environment

■ the capabilities of the software radio platform

The enhancement of software radio terminals, transforms radio nodes from blind executors of 

predefined protocols to radio-domain-aware intelligent agents that search out ways to deliver 

the services the user wants even if the user does not know how to obtain them [4]. The 

advantages of cognitive radios are the potential for enhanced personalised services, location 

aware services, as well as optimised and efficient use of network resources, and the use of the 

most appropriate radio interface and protocols for the requested service and channel quality 

experienced by a mobile terminal.

2.3 Technical Challenges

As mentioned previously, there are a number of technical challenges that need to be addressed 

in order to realise a software radio solution. The key issues relevant to this discussion are that 

of the RF front-end, the ADC/DAC technology, and programmable hardware. The following 

concentrates mainly on issues regarding the receiver, and thus only addresses the ADC, 

however, similar issues surround the architecture of software radio transmitters.

2.3.1 RF-Front End

In order to develop a receiver capable of operation in a large number of wireless systems, it is 

essential to have a wideband RF front-end. Two problems arise when considering a wideband 

RF solution, namely; linearity across the passband and dynamic range requirements. The 

near-term, “not so elegant” solution is to implement banks of narrowband components (i.e. 

amplifiers and filters) each tuned to a specific frequency band, with consolidation of RF 

chains at IF or baseband. This of course, results in many analogue components, and most 

likely to cause problems with regards to size, weight and power consumption and dissipation. 

However, the different chains are not expected to be in operation simultaneously since they 

are switched, and this reduces the power consumption of the RF fi'ont-end [5]. The biggest 

disadvantage is the restriction of operation to the standards and frequency bands that the RF 

chains are designed to operate in.
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In order to minimise the number of components used in a multi-RF chain scheme, it is 

possible to re-use certain components common to all or some of the receive chains. Examples 

of these components are amplifiers, mixers, filters, VCOs etc. All the modules that can be 

common to all standards should ideally be reused. One relevant example is the multiple usage 

of the IQ demodulator if the IF frequencies are appropriate. These common function blocks 

must be transparent for the signals of the standards supported, therefore independent of signal 

type or modulation type. The challenge of this method is to design the common modules so 

that they fulfil the requirements of all the standards they are common to. Among others, this 

challenge refers to the signal bandwidth and/or dynamic range that have to be filtered, 

amplified and/or frequency converted according to the specifications of the individual 

standard [5].

Continuing the above progression towards reusing as many components as possible between 

receive chains, the ideal realisation of a multi-standard terminal is to implement a single RF 

front-end that fulfils the requirements of all the standards a terminal is designed to operate 

within. The idea of implementing two or more different receive paths is discarded. This 

multifunction approach of the front-end building blocks can lead to different front-end 

architectures from one standard to another (e.g. heterodyne for one standard and direct 

conversion for another one). This solution provides the most complicated method to unify two 

or more standards under the same physical front-end but also the most optimised one 

concerning the number of components needed for the front-end [5]. This concept is unlikely 

to be realised in the near future due to the severe technical challenge of designing RF front- 

end modules capable of meeting the requirements of many different standards, either by 

wideband structures and/or by adaptive or tuneable architectures.

The conventional method for performing multimode reception requires a different receive 

chain per standard, performing channel selection using analogue filtering [6]. However, the 

software defined radio concept utilises a single wideband front-end stage, whereby all 

received channels are filtered using a wideband analogue filter, bandlimiting the received set 

of signals prior to analogue-to-digital conversion and then channel selection is performed by 

filters that are implemented digitally in programmable hardware. This comparison of receiver 

architectures is illustrated in Figure 2.2. The wideband approach has a number of advantages 

since it is easier to design a wideband filter at RF compared to a narrowband solution due to 

the restriction of quality factor. Also, the need for tuneable filters is avoided, since these 

devices have very limited tuneability with regards to bandwidth and centre frequency, and the 

reduction of the overall number of front-end components. The problems associated with 

narrowband, multi-receive chain implementations, and the restrictions in integratability of RF
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filters, etc. can be overcome by direct conversion architectures, thus performing filtering and 

amplification processes at baseband.

•  Frequency  conversion
•  A nalogue channel selection

•  F requency  conversion
•  Anti-alias filtering

A nalogue ADC Digital

A nalogue ADC Digital

A nalogue ADC Digital

/ Software

I
A nalogue ADC Digital

Digital channel selection

Analogue channel

F requency

Digital channel 
filter . Analogue filter

7K

Frequency

(a) Conventional multihardware radio (b) Software-defined radio

Figure 2.2: Comparison of channel selection between 
conventional multihardware radio and SDR [6]

One of the problems associated with wideband RF front-ends is that of maintaining linearity 

across several megahertz of bandwidth. This is particularly important when considering linear 

modulation schemes like those used in WCDMA and many other wireless systems (e.g. 

802.11a). The problem is most apparent in devices such as RF amplifiers demonstrating low 

efficiency when attempting to operate linearly, thus nonlinearities can cause intermodulation 

distortion as well as non-uniform amplification across the passband. Phase shifts can also vary 

across the passband, thus causing issues such as phase imbalance if not carefully addressed. 

Predistortion is one method of achieving broadband linearization of RF power amplifiers [7].

2.3.1.1 Dynamic Range

The concept of increasing the bandwidth such that more channels and more frequency bands 

are accommodated gives rise to the issue of increased dynamic range requirement. The 

dynamic range is the power difference in dB of the largest received signal and the smallest 

received signal, or the sensitivity of the receiver. The sensitivity is defined as the smallest 

signal that can be received for a given SNR performance. The reason behind the increased
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dynamic range requirement is the increased power received by increasing the bandwidth such 

that a large number of signals can be simultaneously received. Another problem is that of 

increasing the hkelihood of receiving a large signal interférer which may saturate RF 

amplifiers and also mask out lower level desired signals. The requirement of large dynamic 

range for wideband RF stages also spills over to the ADC stage which shall be discussed later.

As well as increasing the dynamic range requirement, the wideband RF stage results in a more 

stringent adjacent channel selectivity requirement. This consequence is due to the extra 

channels and frequency bands that are received in order to maintain the flexibility of a 

multimode receiver with only a single receive chain.

The solution to maintaining reasonable dynamic range and adjacent channel selectivity 

requirements is to implement a bank of narrowband amplifiers and filters that span the desired 

bandwidth thus reducing the amount of power received by each device and the interference 

caused by adjacent channel signals. The obvious disadvantage is that the number of devices 

used is significantly greater than that in a single wideband RF stage implementation, thus 

increasing receiver costs, complexity and size.

2.3.2 ADC Issues

Conventional receiver architectures commonly implement analogue-to-digital conversion at 

baseband. This generally requires two ADC devices; one for the inphase path and another for 

the quadrature path. However, the demands placed on baseband implemented ADCs is not as 

severe as for ADC implemented at IF or higher frequencies, particularly when a narrowband 

or single channel solution is implemented. As the width of the passband increases, and the 

frequency at which digitisation is implemented increases, the demands placed on the ADC 

also increase. Since the software radio receiver needs to cope with a wideband signal, the 

ADC will be exposed to a large number of carriers coming from different sources. Because of 

fading, shadowing and the physical size of each cell, the carriers will be characterised by a 

dramatic difference in their RF power. It is the combination of this large number of carriers 

and the possible large difference in their RF power that accounts for the steep requirements of 

ADC [8]. A non-baseband deployment of ADCs is essential in most receiver architectures if a 

significant amount of radio functionality is to be encapsulated in the digital domain. This is 

not the case for the direct conversion architecture however, where the signal is heterodyned 

directly to baseband from RF. Kenington and Astier [9] give specifications for an ADC 

appropriate for use in the “ideal” software radio. The specifications derived are way in excess
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of those achievable with present technology. They do however, serve to illustrate what may 

be required in an “ideal” software radio receiver for a reasonable level of RF performance 

(i.e. reasonable resistance to blocking coupled with good sensitivity). The following is a 

presentation of the technical challenges and important ADC parameters that need to be 

considered for ADC implementation in a software radio.

2.3.2.1 ADC Performance Measurements

There are a number of methods by which ADC performance is measured and compared. 

Primarily software radio applications are concerned with the effective resolution (accuracy) in 

bits for a given sampling rate. However, factors such as power consumption are increasingly 

important. Another important parameter for comparing ADCs is their sampling speed, 

measured in samples per second. For cellular radio systems, and especially software radio 

architectures where the incoming analogue signal may be hundreds of mega-Hertz and up to 

several giga-Hertz, the speed of an ADC is very important. However, high-speed ADCs 

usually have degraded accuracy. The following is an overview of the common measurements 

used to compare ADC performance.

2.3.2.1.1 Limitations on Sampling Speed

For a given ADC technology, approximately one bit of resolution is lost for every doubling of 

the sampling (clock) rate. This is related to aperture jitter (uncertainty in the sampling 

process). Further discussion of aperture jitter is presented in Chapter 5. The sampling speed is 

limited by the ability of the comparators to make unambiguous decisions regarding the 

relative amplitude of the input voltage [10].

23,2,1,2 Dynamic Performance

Dynamic performance is very important for high-speed applications. Dynamic measurements 

include SNR (Signal-to-Noise Ratio) and SFDR (Spurious Free Dynamic Range).

SNR is defined as the ratio of the root mean square (rms) signal amplitude to the square root 

of the integral of the noise power spectrum over the frequency band of interest [10]. The noise 

spectrum contains contributions from all the error mechanisms present, including quantisation
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noise, circuit noise, aperture jitter, comparator ambiguity, and others. For an ideal ADC 

degraded only by quantisation noise, the SNR is

SNR (dB) = 6.02N +1.76. 2̂.1)

N  is the number of output bits, and only by increasing N, can the SNR be inq)roved.

The performance of an ADC is never ideal. Many error mechanisms are present as described 

above. These errors can be characterised using a white noise approximation. The same 

expression for SNR is then used to characterise ADC resolution, where N  is replaced by Neff, 

giving the effective number of bits. SNRbits refers to Neff and is given by

SNRbits = (SNR (dB) - 1.76)/6.02 2̂ 2)

A global ADC performance measure, P, is the product of the effective number of quantisation 

levels and the sample rate

n    'jSNRbits rr  Z .Jsamp (2.3)

SFDR is the ratio of the signal power of a sinusoidal input to the peak power of the largest 

spurious (non-signal) component in the ADC output spectrum [11]. The SFDR gives an 

indication of how well the ADC can detect a very small signal in the presence of a very large 

signal. The SFDR measurement is useful for applications when the desired signal bandwidth 

is smaller than the Nyquist bandwidth. In this scenario, a wide band of frequencies is digitised 

and results in a given SNR. The SNR is improved by using narrowband digital filtering on the 

entire band of frequencies. Most applications require > 70dB with 80dB SFDR being 

common. GSM is the most demanding existing system, requiring 91dB SFDR.

Resolution of the ADC is more appropriately derived from the SFDR compared to the SNR. 

SFDR is a critical ADC performance measure, especially in wideband digital receivers. 

Salkintzis et al. demonstrate that for a relatively moderate bandwidth of 1.6MHz (e.g., 8 GSM 

channels) and a sampling rate of 6.4MHz, the minimum ADC resolution based upon SFDR 

requirements is 19 bits [8]. This implies that scaling the ADC requirements to consider a 

wider-hand solution results in unreasonable demands placed upon the ADC performance that 

are currently beyond state-of-the-art solutions [12] [13].
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2.3.2. L3 Other Measures o f ADC Performance

Intermodulation Distortion (IMD) is an important measure for ADC performance for radio 

receivers [10]. This measurement concerns linearity, and occurs when two medium power 

signals mix and generate undesired in-band distortion. These products are usually required to 

be about 90 dB below the ADCs Full Scale Range (FSR). The challenge of preserving 

linearity in the ADC passband becomes increasingly difficult as the bandwidth increases since 

a larger number of signals are present, thus increasing the likelihood of IMD.

The analogue input bandwidth is important, since this indicates the largest frequency of the 

input signal that can be accepted by the ADC. The analogue bandwidth of a converter is 

proportional to the reciprocal of the square of the dimensions of the active devices used in the 

sample-and-hold [9]. For digitisation in the RF stage or IF stage, the analogue input 

bandwidth is required to be very large. This holds true, even if bandpass sampling is used 

since the ADC bandwidth must accommodate the whole signal that is to be sampled. The 

highest practical frequency at the analogue input is limited by the ADC’s bandwidth and the 

jitter of the ADC. The ideal software radio would digitise at RF, implying that the ADC 

would require an input bandwidth in excess of 2 GHz for systems such as IMT-2000, or 

variants of GSM, such as GSM-1800. How wide an ADC’s input bandwidth should be 

depends on the application and wave shape of the analogue signal to be digitised, since the 

shape of an analogue signal depends not only on its fundamental frequency, but also on the 

associated harmonics [13].

Thermal noise, aperture jitter, and comparator jitter are also measurements which are used to 

analyse ADC performance. Aperture jitter will be examined in detail in Chapter 5, since it has 

a detrimental effect on the performance of sampled systems. According to the data presented 

in [10], ADC operation is limited by thermal noise, aperture jitter and comparator ambiguity 

(as a function of sampling) as follows [10]:

• At sampling rate below 2MSPS, ADCs are limited by equivalent thermal noise 

associated with a ~2ki2 resistor.

• Between ~2MSPS and ~3GSPS, aperture jitter of ~0.5 -  2ps is the limiting factor.

• At the highest sampling rates, comparator ambiguity corresponding to a value of f j  

~50GHz limits performance (fj = unity-current-gain frequency of the device 

technology).
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Perhaps the most straightforward approach to relaxing the ADC requirements would be the 

division of the whole reception bandwidth into many subbands and the utilisation of many 

parallel ADCs, one for every subband. However, there are two main disadvantages with this 

methodology:

i) Cost -  strongly linear with the number of subbands

ii) Decomposition of the whole bandwidth into many fixed subbands would 

limit system flexibility

Another possible method of tackling the ADC challenge would be to control or suppress the 

signal’s dynamic range at the input of the ADC. This however, increases signal processing 

complexity and non-linear techniques could result in intermodulation distortion [8].

2.4 Software Radio Projects

Around the world, a number of research groups and institutions are extensively researching 

into and developing software radio solutions. The following is an overview of two main 

examples of these research projects, from the military and commercial arenas.

2.4.1 Overview of the SPEAKeasy -  Military Software Radio 
Program

The SPEAKeasy Multiband Multimode Radio (MBMMR) Program is a multi-phase research 

and development program funded by the U.S. Advanced Research Projects Agency (ARPA), 

and the Air Force Rome Laboratory [15]. Its purpose is to prove the concept of a 

programmable waveform MBMMR, in order to provide the U.S. military with secure 

communication, and a seamless connection of diverse radios [16].

Flexible communication systems are required during co-operative military operations to 

communicate with allies. In such military operations in the past, extra radios were necessary 

to guarantee an effective communication link. The proliferation of radios can become a 

significant logistical, as well as physical burden to military personnel [15]. SPEAKeasy has 

been developed to ensure the military can communicate with its latest allies and global 

support structure, deny interception by current enemies, and take advantage of the latest 

technologies. One important reason for the development of SPEAKeasy was to control 

military spending, by reducing the number of radio terminals that are required for various 

communications purposes. The SPEAKeasy solution is a combination of strategies, the key to 

which is waveform reconfigurability in modular, programmable signal processors through
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software implementation of waveforms and associated processing. Also, these terminals are 

readily reconfigurable and upgradable by changing software modules. This flexibility is an 

advantage in military circumstances where radios may operate over different bands and 

different ranges and to different command levels. Different waveform modulation types may 

be used as well as various methods of encryption and voice coding. The SPEAKeasy 

MBMMR is designed to operate in frequency bands from 2 to 2000 MHz in its basic 

configuration with any existing or future waveform [15]. Defined, open architectural 

interfaces are defined which allow constant upgrades and technology advances. The 

SPEAKeasy MBMMR can be programmed to the required radio configurations by changing 

the software modules from a library of standardised common modules. This allows 

SPEAKeasy to be configured to perform the functions of up to ten different military radios. 

The modular design also allows expansion for enhanced processing in the future; including 

advanced waveform coding techniques, fault tolerance and survivability. Maximum flexibility 

of the MBMMR requires software loading through a secure front panel, over-the-air 

download, or authorised user entry. This flexibility is a problem due to the sensitivity of 

military communications, hence managing software and security checks must be enhanced.

SPEAKeasy Phase 1 demonstrated successfully the concept of a programmable MBMMR for 

military purposes. It had the capability to replace up to 10 different military radios. To lower 

costs, SPEAKeasy Phase 2 emphasises COTS (Commercial Off The Shelf), modules and 

conunercial standards. Up to 70 % of SPEAKeasy Phase 2 is to be implemented in COTS 

components. An industry standard high-speed data and control bus will be used and the user 

interface shall be a commercial palm top computer with MS Windows [17].

The developments of SPEAKeasy both in hardware and software have been used by the JTRS 

(Joint Tactical Radio System) joint program office and the SDR (Software Defined Radio) 

Forum in support of standards processes. The JTRS is a military program to develop radios 

that are interoperable, affordable and scaleable. SPEAKeasy is a radio system that seems to 

meet the requirements of the JTRS. It is also JTRS compliant.
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2.4.2 SDR Forum

The SDR (Software Defined Radio) Forum, formally known as the MMITS (Modular 

Multifunction Information Transfer System) Forum was set up in 1996 to steer the 

development of standards for the Software Radio. The SDR Forum is an international, 

nonprofit organisation dedicated to promoting the development, deployment, and use of SDR 

technologies for advanced wireless systems. Its mission is to accelerate the proliferation of 

SDR technologies in wireless networks to support the needs of civil, commercial, and military 

market sectors [18]. The SDR Forum is made up of a number of different members, including 

service providers and wireless carriers, civil and military government, infrastructure/terminal 

and component manufacturers, and R&D organisations.

The different views from these members are taken into account in order to develop the SDR 

to suit the needs of everyone that requires an SDR. It then lays down guidelines for what 

industry must deliver to the various customers. The SDR Forum also works in partnership 

with other standards organisations.

The SDR Forum has proposed the following objectives [19]:

■ Accelerate development, deployment and the use of SDR systems

■ Work towards the adoption of an open architecture for advanced wireless systems

■ Establish requirements and definitions for internal and external systems, interfaces, 

modules, software and functionality that industry can use as guidelines

■ Promote the development of related standards and pursue industry-wide acceptance of 

these standards

■ Assist the wireless and supporting industries in understanding the value and benefits of 

SDRs.

The standardisation of an open system model for module level development must allow for 

the interoperation of different manufacturers’ modules within a device. It is important to 

understand what exactly is being standardised. If the standards are too restrictive, this may 

hinder competition and product development. On the other hand, if the guidelines are not 

clear about what is being standardised, this may lead to incompatibility problems and 

manufacturers developing proprietary standards and equipment. The SDR Forum is vital if the 

SDR is to be a world-wide commercial success.
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2.4.3 IST-TRUST

The European view of reconfigurable communications systems can be best demonstrated by 

the IST-TRUST project. The main objective was “to realise the user potential of 

reconfigurable radio systems” [20]. IST-TRUST (Transparent Reconfigurable Ubiquitous 

Terminal), considered both the needs and design of a reconfigurable terminal in the context of 

a composite radio access environment [21]. By considering user requirements, and the 

requirements of operators, content/service providers and manufacturers, the demands on the 

system concept and enabling technologies may be derived [22]. TRUST proposed to examine 

and develop all the aspects of a reconfigurable communications system to support 

reconfigurable terminals, from terminal hardware architectures to download mechanisms to 

the creation and provisioning of services.

As well as developing the technology required in order to realise the software radio concept, 

the project examines the “anthropological” aspects, such as the user requirements; the level of 

transparency that the terminal must be designed for and how much human intervention should 

be incorporated during downloads and upgrades, etc. The social and psychological issues 

regarding reconfigurable communications systems are also examined, including ownership of 

user information, the social acceptance of mobile device usage and the potential intrusion of 

privacy from location aware services. Various business models regarding services and 

downloads from multiple parties are also considered. Standardisation of equipment, download 

mechanisms and the structure of software modules are examined, and many issues regarding 

regulation such as spectrum usage, protection of digital content, type approval and the issue of 

“rogue” terminals are addressed. Related to these issues is the exceedingly important 

challenge of billing and security for software radio devices and download mechanisms [23].

2.5 Other Aspects of Reconfigurable Radio

The following is an overview of some important aspects of the reconfigurable radio. These 

include the reconfigurable baseband architecture, the method for software download to 

reconfigurable terminals and the requirements for security in reconfigurable terminals.



Chapter 2 -  Software Radio and Fourth Generation Wireless Communications 35

2.5.1 Reconfigurable Baseband

The current state of transceiver technology caters for limited reconfigurability, particularly at 

the baseband. However, the software radio will require extensive reconfigurability at 

baseband and beyond in order to configure a radio terminal (whether a mobile terminal or 

basestation) to operate within different systems or to provide technology updates. The key 

technologies for providing programmability, especially in the baseband are FPGA (field 

programmable gate array), DSP (digital signal processor), and the microprocessor. To some 

extent the ASIC (application specific integrated circuit) may also be useful in the 

progranunable baseband due to its high performance (high speed, lower power), however, it 

possesses limited reconfigurability. On the other hand the DSP is very flexible, allowing 

considerable programmability, but is significantly slower due to a lack of parallel processing. 

FPGAs can provide a solution for systems requiring both high performance and a high degree 

of function capability [3]. One of the trade-offs when considering the performance of FPGAs 

is the increased difficulty in programming and slower reconfigurability compared to a 

microprocessor or DSP, A combination of some or all of these devices is probably the best 

solution for a reconfigurable baseband implementation.

A number of proposed solutions for a reconfigurable baseband implementation for software 

radio are presented in the literature. A few examples of these are outlined here. As part of the 

IST-TRUST project, Mehta and Wesseling report on adaptive baseband subsystem in [21]. 

Both total reconfiguration of the baseband functions and partial reconfiguration are 

considered. The baseband architecture consists of a reconfigurable baseband management 

module controlling the active and shadow transmitter and receiver chains. A baseband 

software library is also implemented. Mehta et al describe the basic architectural solutions 

derived within the TRUST project, including the functionalities such as mode monitoring, 

mode switching, and software download, in addition to the aforementioned reconfigurable 

baseband architecture in [24].

Georganopoulos et al present an extension to the above mentioned work from the TRUST 

project in reference [25]. Their research concentrated on a terminal-centric view of software 

reconfigurable system architecture and a discussion of the enabling components and 

technologies. The entire radio protocol stack in IP-based radio access networks is considered 

for reconfiguration and the use of middleware and object oriented implementation is 

examined. Some of the enabling technologies for reconfigurable terminals include flexible 

protocol stacks, baseband and RF architecture based on a set of heterogeneous processors.
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flexible linear RF and digital IF. Terminal reconfiguration management and the use of 

middleware for the communication between heterogeneous platforms are also described.

Other examples of reconfigurable baseband are presented in [26] by Baines and Pulley and by 

Glossner et al. in [27]. Reference [26] provides a structure that considers all the various cost 

drivers and integrates them to allow a quantitative model to be constructed reflecting the total 

cost of a given development. The analysis is based upon a standard 3G WCDMA basestation, 

and focuses on the baseband signal processing, including chip rate, symbol rate, and baseband 

control functionality. The authors conclude that reconfigurable equipment deployed in the 

field via the implementation of heterogeneous massively paralleled devices, resulting in 

scalability, cost-effectiveness and ease of development, is vital for the successful rollout of 

3G services around the world. Reference [27] discusses a broadband solution for an SDR 

system and describes a 2Mbit/s WCDMA design with GSM/GPRS and 802.11b capability 

that executes all physical layer processing completely in software. Their solution is 

programmed in C and executed on a multi-threaded processor specifically designed to reduce 

power consumption, in real time.

2.5.2 Software Download

The increased amount of software installed in wireless devices includes both application 

software and operational software, such as the radio software used to implement software- 

defined radio capabilities. A resulting need is to be able to upgrade these wireless devices 

through software download in order to incorporate new capabilities and fix software 

deficiencies [28].

“The following four areas are key potential arguments for the manufacturing of terminals and 

their integrated circuit platforms that can be reconfigured by downloading new software [3]:

■ “Reduction in the number of different models -  reconfiguration of terminals should allow 

fewer terminal variants to have to be manufactured to support different technical 

standards. This allows the large scale manufacture of terminals, leading to lower unit 

costs.

■ Last minute or deferred customisation -  the use of downloading means that the final 

configuration of the terminal can be made even after deployment, so increasing the 

functionality of a product and reducing the likelihood of product recalls or returns. It is 

also possible to market the late customisation of a product to end users, who may see the



Chapter 2 -  Software Radio and Fourth Generation Wireless Communications 37

advantages of being able to download software to the terminal to customise the operation 

of that terminal to match their personal requirements.

■ Running application -  end user application such as games, productivity applications, etc., 

are the first of the download applications already running on today’s terminals.

■ Open platform -  if an open platform is introduced, then third party software development 

can develop innovative applications for the terminal, which should increase the appeal of 

the terminal to the end user, without the direct costs to the manufacturer of employing 

such staff.

The disadvantages of software download include the difficult task of managing different 

versions of software in the different terminals deployed in the field, as well as the problem of 

ensuring robustness in all user environments.”

The motivation for work in the area of software download to commercial wireless devices is 

[28]:

■ The need to upgrade wireless devices to provide additional capabilities and services

■ The need to correct software bugs or deficiencies in the software existing in the wireless 

device

■ The need to roam from region to region with different air interface standards

There are a number of methods available for the software download mechanism. These 

include the use of Smart cards, SIM cards, memory cards such as MultiMedia and SD cards. 

Other alternative methods are software download via PC, either through USB or Bluetooth 

connection, or via software updates available at the point-of-sale. However, the most popular 

method being pushed for by a number of bodies, such as the SDR Forum, various projects 

such as IST-TRUST, with the support from standards organisations such as the ITU and 

wireless technology companies is over-the-air (OTA) download. The terminal upgrade 

process as defined in the IST-TRUST project in shown in Figure 2.3 [29].
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Figure 2.3: Terminal upgrade process; from [29]

OTA is a key enabler for a terminal device incorporating radio reconfigurable functionality to 

be useful in the marketplace. The combination of SDR and OTA download to SDR-capable 

devices [28]:

■ Is advantageous in terms of economics and technology;

■ Has a large economic potential from the perspective of both operators and manufacturers;

■ Has a large potential to improve customer satisfaction with commercial wireless services 

Table 2.1 provides high-level requirements for OTA software download from two 

perspectives: the operator’s and the manufacturers’. Some companies in the industry have 

individually developed proprietary approaches to OTA download of selected aspects of
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operational software. Certain operators and service providers have either deployed this 

capability or are asking for it in procurement inquiries. The download of application software 

and service parameter updates are already available for 20  and 30  cellular handsets. 

However, the real inroad will be the ability to progress to more full-featured operational and 

radio software download and reconfigurability accomplished through the standards efforts 

currently underway.

Table 2.1: Motivation for OTA software download to commercial wireless devices; from [28]

O perator’s requirements W ireless m anufacturers’ requirem ents

An easy fix for product recalls due to 
software difficulties in the terminal 
devices (applications and radio)
Provision for mass incremental product 
enhancements and improvements for all 
types of software including radio 
software, and other operational software 
such as operating systems and drivers as 
well as for applications 
Facilitate service provision over 
heterogeneous networks to allow for 
adaptation to regional variations in 
unlicensed bands
Leverage existing developments and 
investments in OTA download services

Implementation in term inals that provide:
Common design platforms over a range 
of devices
Customisability and flexibility at time of 
manufacture
Post-manufacture updatability for 
product improvements 
Remote diagnostics and bug fixes 
Ability to meet operator/service provider 
needs in a cost-effective manner

Assurance that the m anufacturer’s
domain will not be encroached:
■ Autonomous areas for radio and user 

applications
■ The manufacturer retains ownership 

rights to the radio hardware and software 
despite platform flexibility and 
adaptability

■ Process of download is acceptable as an 
industry standard, but payload is task-, 
manufacture-, and device-specific

Leverage existing developm ents and
investments in OTA download services

2.5.3 Security

Related to the subject of software download is the important issue of security. One of the 

main challenges facing reconfigurability is in understanding the security requirements and 

potential threats that the heterogeneity in the access networks introduces, encompassing 

networks on the scale of conventional cellular networks down to personal networks [30].

Reconfigurability of radio terminals intrinsically provides the possibility of unintentionally 

and deliberately corrupting the radio environment. To prevent such situations, reconfigurable
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systems will require security policies and a security entity, able to cope with a number of 

threats, including [30]:

■ Unauthorised interception of data (the user may wish to keep the precise configuration of 

its terminal private, and the transferred software may itself be confidential);

■ Mahcious modification to data (unauthorised changes to software could cause a terminal 

to be rendered inoperable);

■ Impersonation of terminal or network (a malicious terminal impersonator may be able to 

persuade a terminal to use defective software).

To meet these security threats, a number of security services are required:

■ Confidentiality (to prevent unlawful interception);

■ Integrity (to prevent ilicit modification);

■ Origin authentication (to detect impersonation).

Gultchev et al present an overview of the security requirements and implementation of 

security techniques necessary in securing reconfigurable terminals in [30]. They present the 

concept of a reconfiguration management architecture (RMA) and the tasks performed by the 

security manager within the RMA.

In reference [31], Yeun and Famham present a combination of symmetric and asynunetric 

cryptography to provide secure software download for reconfigurable mobile equipment using 

Public Key Infrastructure (PKI) technology to transport a symmetric session key. Such 

approach provides the advantages of enabling broadcast to multiple mobile terminals and 

providing anonymous software download. New anonymous software download techniques, 

based on this solution, enable secure software download for each terminal/client request such 

as downloading free software, tickets or coupons. This novel solution is able to contribute to 

the 3GPP MExE (Mobile Station Application Execution Environment) standard for future 

programmable mobile user equipment.
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2.6 Fourth Generation

2.6.1 Introduction

Wireless communications beyond 30  is expected to revolutionise the way in which wireless 

services are delivered. In the beginning of wireless communications, the transition from IG to 

20  cellular was defined by the transition of technology from analogue transmission to digital 

transmission, where the primary service was voice with allowances for very low data rate 

services. The evolution to 30, including both cellular and WLAN systems, was necessary in 

order to provide increased network capacity and provision of multimedia services ranging 

from video and pictures, to data and voice. As well as offering much higher data rates, by 

employing enhanced modulation techniques such as OFDM, and multicarrier CDMA, systems 

beyond 30 are expected to deliver personalised services via a seamless integration of 

heterogeneous access methods. In the sections below we describe the visions of 40  systems 

and the importance of software radio in ensuring that the services can be delivered anytime, 

anywhere, using any terminal and by the most efficient means.

2.6.2 4G -  Anytime, Anywhere

Fourth generation systems will not only be an evolution of technology and services, leading to 

higher data rates, but also a seamless integration of existing wireless technologies and 

services. It is envisaged that the new radio access will support up to approximately lOOMbit/s 

peak data rate for high mobility and up to approximately 1 Obit/s for low mobility. These data 

rates will be shared among all active users connected to the same radio resource [32]. In 

addition to these enhanced data rates, 40  is expected to be an end-to-end IP (internet 

protocol) based solution from user terminal (whether it be user interactive, or machine-to- 

machine) right through the network. An all IP solution would increase the convergence 

between computing and telecommunications and results in internet access together with the 

advantages of mobile communications. The IST-BRAIN (Broadband Radio Access for IP- 

Based Networks) project aims to contribute to this convergence by specifying an all-IP 

architecture including cellular radio systems, fixed networks, and wireless LANs [33]. One of 

the main criteria for 40  is that the user will be optimally connected anytime and anywhere. 

This means that not only services will be personalised to the terminal that the user is currently 

using, but also the service will be delivered by the most efficient access method, where 

efficiency is measured by various metrics such as QoS, channel quality, most appropriate
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access method and cost. The concept of always being best connected is also termed 

“ultraconnectivity” [34].

The integration of heterogeneous access networks needs very complicated management of 

communications sessions, requiring not only seamless horizontal handover for mobile 

terminals on the move from cell to cell or from hotspot to hotspot, but also seamless vertical 

handover between different wireless systems. This is illustrated in Figure 2.4.
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Figure 2.4: Layered structure of seamless future network; from [35]

Ubiquitous communications providing an array of services anywhere and anytime leads to the 

concept of being “always best connected”. The Always Best Connected (ABC) concept 

allows connectivity to applications using the devices and access technologies that best suit the 

needs, thereby combining the features of access technologies such as DSL, Bluetooth, and 

WLAN, with cellular systems to provide an enhanced user experience for 2.5G, 3G and 

beyond [36]. An ABC scenario, where a person is allowed to choose the best available access 

networks and devices at any point in time, generates great complexity and a number of 

requirements, not only for the technical solutions but also in terms of business relationships 

between operators and service providers and in subscription handling.
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Another key technology envisaged to be integrated in to 4G wireless is mobile ad-hoc 

communications. Mobile terminals communicate with each other without the presence of a 

fixed core backbone network and ad-hoc networks or communities can be set up anywhere 

and at anytime. Communications between mobile terminals is usually performed by hopping 

from one terminal to another, depending on various routing algorithms. Some of the main 

challenges faced in mobile ad-hoc networking are:

■ efficient battery usage, since a mobile terminal being used as a routing terminal, may 

require more power efficient routing algorithms, reducing the number of hops made for 

transmission;

■ network and terminal security, and protection against uninvited network participants;

■ translation of transmission and reception formats between heterogeneous terminals, 

allowing heterogeneous participants to the mobile ad-hoc network, and most likely 

requiring dynamic, “on the fly” reconfiguration of terminals.

There is also the challenge of communications between different mobile ad-hoc networks and 

gateways to the core networks, cellular systems or the internet. It is envisaged that IP 

(especially IPv6), mesh networking, and self-organising sensor networks shall be key 

technologies in the development of mobile ad-hoc networks [37], and many of these networks 

shall be primarily for machine-to-machine communications.

2.6.3 User Expectations

In addition to the integration of heterogeneous wireless systems, 40  will finally put the user 

in control, as they will be able to decide at every occasion (application), and for every 

environment (mobility, coverage), the right system, and even the right terminal. In addition, 

40  aims to provide personalised service irrespective of the underlying network, and to make 

the best use of the scarce spectrum by directing each data stream in a communication session 

to the most appropriate (i.e., efficient) network [38]. Location based services, mobile agents 

and the concept of each user having a personal profile available to service and content 

providers will lead towards more personalised services and communications features. 

Concepts such as the cognitive radio are indispensable in the quest for the personalisation of 

services to each user. Mobile users will expect seamless global roaming across these different 

wireless networks and ubiquitous access to personalised applications and rich content via a 

universal and user-friendly interface [39].
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User expectations are continually increasing with regard to the variety of services and 

applications. User expectations are stretching from a simple voice-oriented call to dynamic 

multimedia data services. In particular, users will expect more bandwidth and higher data 

rates required for data and multimedia applications. Multimedia services, including e-mail, 

file transfers, messaging and distribution services are ranging from a non-realtime download 

to a real-time conununication. Multimedia services will dominate the traffic. The user will 

expect ubiquitous services that are available across a range of devices using a single 

subscription and a single identity. It is important to cover a wide range of teleconununications 

service areas covering vehicular environments as well as local area (indoor offices, homes and 

business premises). Divergence of philosophies and technologies provides a wide range of 

devices and users will expect to a use a single number or address across the diverse devices

[40].

2.6.4 Reconfigurability

The seamless integration of a multitude of wireless access methods and the concept of 

dynamic spectrum allocation as well as adaptive resource management requires considerable 

levels of flexibility from networks and mobile terminals. For users to be able to conununicate 

and use services regardless of the terminal type, services must be able to adapt to the terminal 

being used. It is envisaged that the user will also be able to receive services transparently 

through a multitude of access methods, either selected by the network or with some user 

intervention, depending on a number of performance and price criteria resulting in the user 

being “always best connected”. This requires the user mobile terminal to be able to 

reconfigure itself to operate with any access method being utilised to transfer services and 

data. Software radio and the concept of reconfigurable radio systems is essential for the 

interoperability of heterogeneous networks, requiring reconfigurability of both mobile 

terminals and network architecture throughout all layers of the protocol stack. Reconfigurable 

radio is seen as the engine for integration of heterogeneous access networks whilst IP is seen 

as the integrating mechanism as illustrated in Figure 2.5 [38].



Chapter 2 -  Software Radio and Fourth Generation Wireless Communications 45

S-U M Ts'^B roadban^ F O  U  f t h
S a te llite  T DVB-S )  f  Body-LAN 1 personal Area

High A ltitu d e  P la tfo rm '--^  V J d  I d  d l l U l  I Netoorks
DVB-T

Bluetooth

dab ) (  EDOe ' '_____ ____
w - L A N  A rea N e tw o rk s

B roa d ca stin g  Ç  ^ p r s  UMTS-h-
'  _ '  MWS ) IR S:; r

^  y ^  ^  , «BB40 ,
xMDS j  Fixed W ireless A ccess  

Q u a si-C e llu la r  W ireless L ocal Loop

Figure 2.5: All encompassing, integrated perspective, from [38]

2.6.5 Flexible Frequency Allocation

Organisations such as the ITU-R and FCC manage the radio spectrum worldwide, allocating 

bands for different systems, and defining the interference permissible via both inter- and intra

band mechanisms. There are calls for the opening up of available spectrum to be treated as a 

shared resource and allocated on demand, rather than allocated for specific systems or 

organisations.

The demand for more spectrum will continue to rise as new technologies, systems and 

services are deployed and this demand is expected to rise in the future beyond 30. However, 

much more efficient use of the spectrum across many bands and technologies is possible. 

Spectrum that is not being used effectively, at any frequency, geographical area and time, is 

wasted. Along with spectrum sharing, dynamic spectrum allocation\ assignment, and 

utilisation is beginning to be considered by government, industry, and market analysts as a 

possibility for achieving higher total spectral efficiencies and provide better QoS. The concept 

of having a spectral resource allocated, assigned, or used in the ways other than statically are 

under investigation in the United States, Europe and Asia. Advances in understanding spectral 

needs and usage, along with physical, MAC/1 ink, and network layer approaches to optimise 

the use of spectrum and including the processing resources to control them, are needed to 

provided the right level of services and QoS. Regulatory and system changes would clearly be 

necessary, and effective economic inducements to it will in the end determine whether the 

service providers and the marketplace accept this concept [34].

* Within a single network the concept of dynamic spectrum allocation is sim ilar to that o f dynamic 
channel allocation.
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The technical means to assign dynamically and better utilise the radio spectrum involves:

■ highly adaptive modulation and coding techniques

■ multidimensional/hybrid multiple access techniques

■ a spectrum- and resource-aware MAC/link layer

■ flexible networking

■ spectrum awareness and multilayer resource management

Another method of sharing the scarce resource of spectrum is known as spectrum pooling. 

The goal of this concept is to enable secondary utilisation of already licensed frequency bands 

without sacrificing the transmission quality of the license owner or requiring any new 

hardware to the original licensed system. Spectrum pooling basically represents the ideal of 

merging spectral ranges from different spectrum owners (military, trunk radio, etc.) into a 

common pool from which users can temporarily rent spectral resources during idle periods of 

licensed owners.

This approach kills two birds with one stone. Rental users obtain access to spectrum ranges 

they have not yet been allowed to use and the actual license owners can tap new sources of 

revenue for a resource they have not been using intensively anyway. The future will show 

whether this idea will be accepted by the international regulatory authorities and by legislators

[41].

2.7 Common Receiver Architectures

This section describes some of the commonly used receiver architectures in wireless 

communications transceivers and systems. The architectures described include the super 

heterodyne, direct conversion, low-IF, and bandpass sampling. The advantages and 

disadvantages of each receiver architecture is presented, together with a schematic of typical 

receiver structure.

2.7.1 Superheterodyne

The majority of wireless receivers use the superheterodyne architecture due to its high 

performance. The superheterodyne receiver demonstrates superior sensitivity and selectivity. 

This is achieved by appropriately choosing the frequency of the local oscillator used to 

heterodyne the signal from RF down to an IF such that the image signal produced is located
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out-of-band. A large IF results in poor selectivity but good sensitivity; however, a small IF 

results in good selectivity but poor sensitivity [42]. Therefore, an engineering trade-off exists. 

The image signal is located at 2xIF and the RF filter shown in Figure 2.6 acts as an image 

rejection filter. A large IF ensures the image signal remains outside of the band of interest and 

is attenuated by the image rejection filter. The IF bandpass filter is traditionally used as a 

channel select filter, and therefore increased selectivity is achieved at lower IFs.

The architecture shown in Figure 2.6 is a single conversion heterodyne receiver. Additional 

RF and IF amplifiers are often included as well as further RF filtering which is usually 

implemented to provide further bandlimiting of the received spectrum, attenuation of receiver 

spurious responses and suppression of LO energy leaking back in to the antenna. Also, the 

attenuation of 2“*̂ order harmonics originating in the RF amplifier can be achieved with RF 

filtering [43]. Commonly, a double conversion or even 3-stage conversion architecture is 

employed in order to optimise the sensitivity and selectivity performance of the receiver, 

where amplification and filtering occurs at each stage in smaller fractions, therefore enabling 

greater control of the overall receiver performance. In these cases, further image signals are 

produced due to the increased number of IF stages and mixing. Therefore, the IF filter is also 

responsible for the suppression of these images, as well as adjacent channel selectivity.

The superheterodyne receiver exhibits superior performance in comparison to other 

architectures, however, it requires a large number of bulky filter components that are difficult 

to integrate since they are often crystal, ceramic or SAW devices, in addition to the 

requirement of several mixing stages. Therefore, this architecture is generally unsuitable for 

single chip solutions.
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Figure 2.6: Schematic of typical superheterodyne receiver architecture
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2.7.2 Direct Conversion

The superheterodyne receiver architecture downconverts a received RF signal to baseband 

using at least one intermediate stage. However, it is possible to translate an RF signal to 

baseband in one operation. This is known as direct conversion and is shown in Figure 2.7. 

The architecture is also known as zero-IF since the intermediate frequency has been reduced 

to OHz, and sometimes referred to as homodyne conversion. The local oscillator translates the 

centre of the desired channel to OHz, and the quadrature arrangement of the mixers and LO 

ensures that both the inphase and the quadrature components are preserved. The lowpass 

filters may be used as channel select filters, or in the case of digital channel selection, the 

analogue filters may be used for coarse band select filtering. Two ADC devices are necessary; 

however, they operate at baseband and therefore lower sampling rates and smaller bandwidths 

are required in comparison to sampling at IF (as in the bandpass sampling receiver).

Since there is no image due to the zero-IF arrangement, the front-end RF bandpass filter can 

be omitted from the architecture. However, it is usually required in order to suppress strong 

out-of-band signals that may create large intermodulation distortion in the front-end prior to 

baseband channel selection and to avoid harmonic downconversion [44]. Usually the RF filter 

is implemented as an off-chip device with the rest of the receiver front-end integrated as a 

single chip device. The high integratability of the direct conversion receiver architecture 

makes it particularly favourable for small devices such as pagers [45], cellular handsets [46], 

and Bluetooth devices [47].

The direct conversion approach to receiver architecture for wireless systems has its own 

problems and design issues. These issues are:

■ LO leakage

Energy from the LO radiates out of the antenna due to the finite reverse 

isolation of the mixers and LNA, resulting in in-band interference to other 

nearby receivers tuned to the same frequency/band [44]. This spurious LO 

emission can be larger than the desired signal and thus block the signal of 

other receivers. This problem is usually avoided in superheterodyne receivers 

since the LO usually falls outside the reception band [48].

■ DC offset

May occur due to the “self-mixing” of LO leakage signals reflected off 

external objects or interférer signals leaking in to the LO port. These signals 

may be considerably larger than the desired signal, thus causing saturation, 

and are usually larger than thermal noise and flicker noise [44]. The “self-
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mixing” signals can be time varying with LO leakage reflecting from 

different objects, etc. DC offset removal or cancellation is necessary to 

preserve SNR.

■ 1/Q mismatch

Errors in the 90° phase shift of the LO, and mismatches between the 

amplitudes of the inphase and quadrature signals result in corruption of the 

signal constellation, and thus result in increased BER [48].

■ Even order distortion

Typical RF receivers are usually susceptible to odd-order intermodulation 

effects. However, direct conversion is also affected by even-order distortion. 

It is caused by “self-mixing” effects that result from the squaring action in the 

mixer. Other second-order nonlinearities result from the second harmonic of 

the desired RF signal, which is converted to baseband if mixed with the 

second harmonic of the LO output [49].

■ Flicker noise

Also known as 1// noise and is particularly problematic in semiconductor 

(especially MOS) devices. The flicker noise primarily affects the signal once 

it is downconverted to baseband, where it can be a substantial fraction of the 

signal power (since the signal is typically of the order of microvolts after 

mixing to baseband), thus causing considerable distortion. In a 

superheterodyne architecture, 1// noise is negligible since the signal is 

substantially amplified at IF [50].

received RF 
signal

LNA

Inphase

further baseband 
processing

LO

Quadrature

ti/2

ADC

ADC

Figure 2.7: schematic of typical direct conversion receiver architecture
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2,7.3 Low-IF

Many of the problems associated with the direct conversion architecture can be alleviated by 

using the low-IF scheme. Instead of mixing the RF signal directly to baseband, the received 

signal is downconverted to a low intermediate frequency. The DC offset problem is removed, 

however the other problems associated with the direct conversion such as LO leakage, FQ 

mismatch, and even order distortion still remain. The problem of flicker noise is also reduced 

due to the capability of amplifying at low-IF prior to downconversion to baseband.

There is however, the problem of image signals, reintroduced due to the non-zero IF. With 

direct conversion image suppression is achieved through phase cancellation between FQ 

channels. However, due to insufficient balance in the phase and amplitude between FQ 

mixers, image suppression is limited to the order of 30 to 40dB. With low-IF, the total image 

rejection ratio is of the order of 70 to 80dB, and the advantages achieved by using the low- 

pass filters and baseband ADCs are retained [51]. Image rejection techniques such as the use 

of Hartley or Weaver architectures is thus necessary and can be implemented in analogue 

components prior to the ADCs or digitally when implemented subsequent to the ADCs. The 

low-EF receiver also lends itself well to integration and is ideal for single chip solutions. A 

typical low-IF with digitally implemented image-rejection is presented in Figure 2.8.

COS(2jtfL02t)

received RF 
signal______ LNA

LOI
ti/2

ADC

ADC

inphase

sin(27rfL02t) further baseband 
  processing ^

quadrature 
—►

C0S(2ltfL02t)

Figure 2.8: schematic of typical low-IF receiver architecture; from [42]



Chapter 2 -  Software Radio and Fourth Generation Wireless Communications 51

2.7.4 Bandpass Sampling

All the above mentioned receiver architectures utilise analogue mixers for heterodyning a 

received signal from RF down to lower frequencies such as an IF or even baseband. The 

problem with analogue components and in particular mixers is that they can be expensive to 

implement and difficult to design and have limited tuning capabilities. Also, mixers may 

contribute to performance degradation by introducing harmonics and spurs, non-linearities, 

and I/Q mismatch.

On the other hand, ADC technology continues to improve, with sampling rates, resolution and 

bandwidth increasing, together with decreased power consumption. This enables the 

digitisation to be shifted from the traditional baseband position to IF, thus enabling a number 

of functions to be implemented digitally. These include quadrature demodulation and digital 

filtering for channel selection. When considering the signal at IF (or indeed at RF when ADC 

technology matures enough to implement direct digitisation of an RF signal) as a bandpass 

signal, and exploiting the aliasing that arises from sampling below the Nyquist rate, it is 

possible to translate the sampled signal down to a lower frequency without the use of mixers. 

The shifted signal is in fact a replica of the original signal arising from the sampling process. 

The structure of a typical bandpass sampling receiver is shown below in Figure 2.9 and this is 

the choice of architecture that is studied in greater detail within this thesis. The reason for 

choosing bandpass sampling over the other receiver types is the increased flexibility provided 

by digitising the signal as early as possible in the receive chain, thus encapsulating as many 

radio functions as possible within the digital domain. In addition to the decrease in analogue 

component count, bandpass sampling does not suffer from degradations such as even-order 

distortion and I/Q mismatch (since I/Q conversion is undertaken digitally). Also, the ADC 

function can be implemented as a single device at IF, or if 2°  ̂order sampling is utilised (see 

Chapter 3 for further clarification), two devices can be used, although this can result in greater 

power consumption, and overall increase of physical size of the front-end receiver.

The technical challenges in a bandpass sampling receiver are the requirement of a highly 

selective bandpass filter at IF and a high performance ADC with a large analogue input 

bandwidth capable of processing IF signals. Other ADC issues are also apparent such as 

dynamic range, and power consumption. Chapter 3 reviews the bandpass sampling theory and 

literature that contributes to variations on the sampling theory, applications, practical 

considerations and the implementation of bandpass sampling devices. Chapters 4, 5 and 6 

present the author’s investigations into the performance of bandpass sampling receiver front- 

ends.
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Figure 2.9: schematic of typical bandpass sampling receiver architecture

2.8 Summary

This chapter introduces the concept of software radio in its many architectural guises ranging 

from the canonical definition of performing data conversion as close to the antenna as 

possible to the software defined radio which performs data conversion at IF and the extension 

of reconfigurability beyond the physical layer. Reconfigurability can be extended to all layers 

of the radio protocol stack and to all aspects of mobile terminal and network including 

applications and services. The future of software radio is expected to enable a terminal to 

have self-awareness capabilities by collecting information about its current status and the 

status of the network and channel quality.

Some of the technical challenges regarding software radio receivers have been discussed in 

this chapter. These include issues regarding the RF front-end such as dynamic range and 

linearity, especially for wideband solutions. ADC and other related performance issues are 

examined, including dynamic range, analogue input bandwidth (important for IF sampling 

solutions) and the limitations placed on performance by aperture jitter.

Around the world many research groups are examining the feasibility of software radio and 

rapidly addressing the technical and bureaucratic regulatory issues regarding the realisation of 

reconfigurable radios. This chapter briefly described some examples of software radio 

projects from both military and commercial perspectives. These projects were the U.S.
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military SPEAKeasy program to provide the U.S. military with secure communications and a 

seamless connection over diverse radios; the IST-TRUST (Transparent Reconfigurable 

Ubiquitous Terminal) that proposed to examine and develop all the aspects of a 

reconfigurable communications system to support reconfigurable terminals from terminal 

hardware architectures through download mechanisms to creation and provisioning of 

services. The SDR Forum and its objectives are also outlined. The SDR Forum is dedicated to 

promoting the development, deployment and use of software radio technologies in advanced 

wireless networks.

Other aspects of the software radio concept such as reconfigurable baseband, software 

download methods and security have been presented in this chapter. It can be concluded that 

the architecture of the reconfigurable baseband may consist of a combination of different 

programmable devices such as FPGA, DSP and microprocessors. The preferred download 

mechanism for wireless transceivers is the over-the-air download method, which is already 

being implemented for 20 and 30 services, particularly for the download of application 

software and configuration parameters. Connected to the necessity of downloading software 

for terminal reconfiguration is the crucial aspect of security for the network, mobile terminals, 

and the download channel during all stages of download and reconfiguration and in particular, 

protection from unauthorised software, protection of customer data and malicious attacks 

from unauthorised parties.

Reconfigurability of wireless equipment is considered to be essential for the success of fourth 

generation wireless systems. It is envisaged that fourth generation wireless will not only 

consist of an evolution to much higher data rates, but also an evolution of services and service 

provision, and a seamless integration of existing heterogeneous wireless access networks. 

Another exceedingly important technology to enable this integration is mobile IP, 

implemented throughout the core networks and extended right up to customer mobile 

terminals. This chapter highlights many aspects of the 40  vision, and in particular 

concentrates on the concept of ubiquitous communications anywhere and anytime, the 

expectations of the user, and user-centric development of systems and services, the 

importance of reconfigurability and the revolution in spectrum management such as dynamic 

spectrum allocation and spectrum pooling.

Finally a description of common wireless receiver architectures has been presented. These are 

the superheterodyne, direct conversion, low-IF, and bandpass sampling. Any of these receiver 

architectures is suitable for software radio implementation; however, they offer different 

levels of reconfigurability. The superheterodyne receiver architecture is the least suitable
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method due to the large number of analogue components necessary, and baseband 

digitisation, however, reconfigurable baseband can be realised. Direct conversion and low-IF 

are both strong candidates for software radio receiver architectures and are also highly 

integratable, lending themselves well to single chip solutions. However, the most suitable 

architecture is the bandpass sampling method, implementing digitisation of the received 

signal at IF, and thus resulting in more of the receiver functions captured in the digital 

domain.

The following chapter concentrates on the bandpass sampling method of receiving and 

digitising wireless signals. It presents the bandpass sampling theorem and its modifications 

and extensions and examines the practical considerations for implementing bandpass 

sampling. Applications of bandpass sampling in wireless systems and examples of bandpass 

sampling components are also presented.



Chapter 3 

Bandpass Sampling Concepts and ADCs

3.1 Introduction

This chapter presents the sampling theorem with extension towards bandpass sampling. The 

bandpass sampling theorem, its modifications and variants are discussed in detail together 

with the literature that contributes to this area. The applications of bandpass sampling, 

particularly in wireless systems, practical considerations of bandpass sampling and the 

implementation of bandpass sampling components such as track-and-hold devices and 

bandpass sigma-delta modulators are also presented.

The second part of this chapter presents an overview of analogue-to-digital converters 

(ADCs) and the ADC architectures most suitable for use in wireless systems. State-of-the-art 

ADCs are usually fabricated with a pipelined architecture, however, sigma-delta converters, 

and in particular, their bandpass variants, are rapidly attaining the performance required for 

current and future wireless systems. The advantage of these converters is their 

implementation at RF or IF together with high resolution and low power consumption thus 

they are highly suitable for multimode transceivers, and in particular software radio 

implementation where it is desirable to implement radio functions in the digital domain.

55
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3.1 Sampling Theorem

The sampling process is essential to the realm of digital communications. Analogue

continuous waveforms are sampled in the time domain in order to generate a signal which is

discrete in time.

The sampling of a time-continuous signal can be carried out by multiplying the signal with an 

impulse train as defined below [52].

x A 0 = 4 0 4 )  (3.1)

s(t) is the impulse train, defined as

n=—oo

Therefore,

xAt)= f^x{nr,)S(t-nTA
oo

And in the frequency domain.

xAf)=jr S^(/+"/J
f  n=-°o

The sampling theorem for strictly bandlimited signals of finite energy can be expressed in two 

equivalent parts: [53]

1. A bandlimited signal of finite energy, which has no frequency components higher than B 

Hertz, can be completely described by specifying the values of the signal at instants of 

time separated by 1/2B seconds.
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2. A bandlimited signal of finite energy, which has no frequency components higher than B 

Hertz, may be completely recovered from a knowledge of its samples taken at the rate of 

2B samples per second.

The original signal can be recovered by using the interpolation function g(t) as shown below 

in (3.6), providing that the above conditions are satisfied.

(3.«)
2imt

The signal recovered is then

sin2nB {t-nT ,) (3.8)

When the minimum sampling rate is used, Fs = 2B, which is referred to as the Nyquist rate, 

and the reconstruction formula is presented as [54]

n sin 27iB{t-n/2B) (3 9̂ )

When the sampling theorem is compromised, and the sampling rate is insufficient such that 

Fs < 2B, the phenomenon known as aliasing occurs. Aliasing is a term used to describe the 

overlap of the spectral copies that occur due to the sampling process. In the time domain, the 

insufficient number of samples taken results in ambiguity during the recovery process by 

interpolation. Therefore, it is not possible to recover perfectly the original signal and signal 

distortion is evident.

In the frequency domain, there is periodic repetition of the signal spectrum as described by 

(3.5). The rephcas of the signal spectrum occur with a period of Fs, the sampling frequency. If 

Fs < 2B, the replicas of the signal Xs(f) overlap. Overlap occurs within the fundamental 

frequency range -Fs /2  < F <F s /2 .  Fs/2  is denoted the folding frequency since Fs /2  is the 

highest frequency that can be represented uniquely with a sampling rate Fs, and any frequency
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above Fs /2 is mapped (folded) to the equivalent frequency below Fs /2, which can be 

considered a point of reflection [54].

It is necessary to bandlimit the signal to be sampled with a sampling rate of Fs, such that the 

bandwidth of the signal does not exceed Fs/2. This is done using anti-aliasing filters. Ideally 

no frequency components would exist at frequencies greater than Fs/2 Hertz, however, when 

considering practical anti-aliasing filters to perform the bandlimiting operation, energy 

existing at frequencies greater than F,/2 should be attenuated sufficiently such that it does not 

cause significant signal distortion when folded, or aliased in to the fundamental pass band of 

the sampled signal.

The following section considers the extension of the sampling theorem for bandpass signals, 

since the sampling theorem generally considers lowpass, or baseband signals. Bandpass 

sampling, as will be shown, offers an efficient method of sampling bandpass signals without 

the constraint of the sampling rate being twice the maximum signal frequency.

3.2 Bandpass Sampling

In this section, the theory of bandpass sampling will be described. Bandpass sampling is an 

extension of the conventional sampling theorem applicable to bandpass signals, centred on a 

carrier frequency/c (where/c = 0 would obviously be the baseband case). Bandpass sampling 

is often referred to as sub-Nyquist sampling since sampling frequencies used are below the 

Nyquist rate, i.e. F, < 2 / ^ ;  IF sampling since sampling is performed at an intermediate 

frequency or RF, where the signal is in bandpass form and not at dc. Undersampling is also 

another term used to describe bandpass sampling.

3.2.1 Bandpass Sampling Theory

Many different areas of bandpass sampling have been covered in the literature including 

extensions and modifications of the theory. This section includes a study of the literature 

regarding bandpass sampling and the modifications to the bandpass sampling theory to 

include such considerations as nonlinear systems and non-uniform sampling schemes.

As mentioned above, a bandpass signal centred on a carrier frequency/c, with a bandwidth B 

can be reconstructed from its samples providing that the sampling rate is at least twice the
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signal bandwidth > 2B). However, as discussed in [55] the minimum sampling rate of 2B

Hertz is only applicable when the signal is integer band positioned. This means that the band

is located at an integral number of bandwidths from the origin, i.e./^ = c(fu - / J ,  c = 0, +1, 

+2, and c = 0 is the lowpass case. f i  a n d a r e  the lower and upper frequencies of the 

bandlimited bandpass signal, hence the bandwidth B = fu-A -

It should be mentioned that the minimum sampling rate is a theoretical one which is only 

applicable if there is no signal component at the frequencies A  and /(/, analogous to the 

lowpass case where the equa l i ty> 2Aax can hold only if there is no signal component difmax- 

Any engineering imperfections in an implementation would cause aliasing if the minimum 

sampling rate were to be employed.

Vaughan et al. give an overview of interpolation for signal recovery before presenting the 

conditions required for acceptable sampling rates for uniform sampling [55]. Since bandpass 

sampling causes intentional aliasing of the signal such that spectral copies reside around 

multiples of the sampling rate, which is often considerably less than the carrier frequency of 

the signal, it is important that these copies of the signal spectrum do not overlap, thus causing 

signal distortion due to aliasing. The conditions for acceptable uniform sampling rates can be 

written as:

?iL l < f  (3.10)
—  J S  —  1n n - \

where n is an integer given by

l< n < L l
B

(3.11)

The notation [xj denotes the largest integer < x.

A similar analysis is presented by Xiangwei in [56]. These expressions lead to Figure 3.1, 

which shows the allowed and disallowed uniform sampling rates versus band position.
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Figure 3.1: the allowed (white areas) and disallowed (shaded areas) uniform sampling rates 
versus band position The right hand ordinate is the total guard-hand (sum of upper and lower

guard-hands [4]

Sampling at non-minimum rates is equivalent to augmenting a signal with a guard-band. 

Guard-bands are used to prevent aliasing of the signal and the trade off between guard-band 

width and the precision required of the sampling rate are presented in [55]. Interpolation in 

second-order sampling is described for various numbers of bits defining the interpolation 

filter coefficients, and the number of these coefficients. The implementation of the interpolant 

for recovery of the sampled signal is an FIR filter. Integer or half integer band positioning is 

preferred as this simplifies the interpolant and gives rise to the potential of applying 

quadrature sampling (a special case of second-order sampling). The authors also include 

information on the effect of noise in bandpass sampling systems compared with conventional 

heterodyning systems and present some analysis on anti-aliasing filters for bandpass 

sampling.

Akos et al. present a mathematical relationship in [57] describing the translation of the carrier 

frequency Fc to the resulting IF F if as a function of sampling frequency Fs as shown in (3.12).

i f  ybc
F J 2

IS
even, F,f = rem(F ,̂ F, ) 
odd , F /f = F ,

(3.12)
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The function fix(x) is the truncated portion of argument x and rem(a, b) is the remainder after 

division of a and b. (3.12) provides a means of calculating the IF resulting from the bandpass 

sampling process. Constraints to ensure that the entire information bandwidth BWi is 

translated within the resulting sampled bandwidth of [0, Fs/2] are presented in (3.13) and 

(3.14) [57]. If the constraints are not met, portion of the information bandwidth of the signal 

can fold on top of itself, creating interference.

BWj (3.13)

(3.14)

3.2.2 Spectral Placement

When bandpass sampling is used for downconverting a bandpass signal to a lower IF, the 

resulting spectrum can be either of normal spectral placement, where the positive spectrum of 

the bandpass signal is placed in the lowest positive part, or of inverse spectral placement, 

where the positive spectrum is placed in the lowest negative part, as discussed by Liu et al in 

[58] and shown in Figure 3.2. Adjacent copies of the signal spectrum are mirror images of 

each other, hence the reason for considering inverse spectral placement. The inverse spectral 

placement is necessary in some practical situations, for example, when the bandpass signal 

possesses the inverse spectral structure after processing in an IF stage.

0
(a)

cOc-ncooO -cog + neoo
(b)
à\Fs(o>̂

-coc + ncûoO CÛC - ncoo coc

(c)

frequency

frequency

frequency

Figure 3.2: spectrum of signals, (a) bandpass signal, (b) Sampled signal of normal spectral 
placement, (c) Sampled signal of inverse spectral placement [58]
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The allowed sampling rates for bandpass sampling are modified such that either positive 

spectral placement or negative spectral placement occur and these modified expressions are 

presented in (3.15) and (3.16) where œ = 2;r/and cDc, cOb, % are the carrier frequency, signal 

bandwidth and sampling rate, respectively [58].

l[û)c +COb) ^ coB
SCOs s  — -------

2n + l n

n " 2 % - l
(3.16)

Robust sampling frequencies based upon the guard-band discussion in [55] are also presented 

in [58]. Other topics regarding the modified first-order bandpass sampling theory are 

presented. These relate to applications such as phase-difference extraction, effect of time 

delay, and the effect of the sampling stability. This analysis is useful when considering the 

case of delayed sampling, which may occur when sampling several bandpass signals using 

one A/D or obtaining the desired phase shift for beamforming by controlling the sampling 

delay.

3.2.3 Mixer-Free Quadrature Demodulation

In [59] and [60], the authors take the idea of an all digital quadrature receiver one step further 

by eliminating the Numerically Controlled Oscillator (NCO) and mixers. This is achieved by 

selecting the sampling frequency to be an “optimum sampling frequency” as determined by

(3.10), (3.11) and (3.17). The optimum sampling f r e q u e n c y i s  optimum with regards to 

the design of the transition width of the lowpass filters shown in Figure 3.3 and is also the 

mixer-free sampling frequency.
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The mixer-free downconversion is enabled by this sampling frequency since the inphase and 

quadrature outputs of the NCO in Figure 3.3 are

cos[2;ÿ*o nj / ,  + ^] = cos[(2m -  l)n ;r/2  + ^] (3.18)

and

sin[2;ÿ’o nj / ,  + ^] = sin [(2m -  l)n ;r/2  + ^ ] , (3.19)

respectively.

For n = 0 ,1, 2, 3. ..., the values of (3.18) and (3.19) are 1, 0, -1, 0, ... and 0,

0, ( - ir , ..., respectively, when 0. A  similar case can be obtained when ^ = 71/4,

eliminating the zero value and weighting the NCO outputs by 1/V 2 as shown in Figure 3.4. 

In either case, the NCO outputs are formed by -1, 1, and 0, thus the NCO and mixers can be 

replaced by simple logic circuits , hence the term “mixer-free demodulation”. It is worth 

noting, the IF that the signal is downconverted to when the mixer-free sampling frequency 

is used, is one quarter of the sampling frequency. Spectral placement must still be considered 

and for even values of m, inverse spectral placement will occur.

A/D NCO

Mixer

Mixer

l(n)

Q(n)

Figure 3.3: all digital quadrature demodulator [59]
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Q(n)

=  0

l(n)

0(n)

A/D

A/D

0  =  71/4

Figure 3.4: mixer-free digital quadrature demodulators based on first-order (uniform) sampling 
for 0 and ti/4 - without decimation [59]

The authors in [59] and [60], then describe mixer-free quadrature demodulators with even and 

odd decimation to obtain I and Q channels, and extend this technique to develop quadrature 

demodulators based on second-order sampling, using one ADC or two ADCs. Mixer-free 

quadrature demodulation based on first-order sampling is a special case that is based on 

second-order sampling. More sampling frequencies are available for a given bandpass signal 

when using second-order sampling compared to using first order sampling, giving designers a 

higher degree of freedom in selecting suitable sampling frequencies. Second order sampling is 

discussed in the next section.

3.2.4 Frequency Shifting and Non-Uniform Sampling

In [61], Coulson et al present a frequency shifting technique that uses a digital filter to 

interpolate a bandpass sampled signal at a lowpass position. A brief description of first-order 

sampling is given which mentions that the ideal bandpass interpolant is a perfect low-pass 

filter of two-sided bandwidth B, given that the complex lowpass signal is bandlimited to 

-B/2 < f<  B/2, and integer band positioning [55] is used. A phase shift occurs as a result of 

the sampling process, due to the relative phasing of the sampling stream and the modulation 

carrier.
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Second-order sampling is an interleaving of two first-order sample streams which have a time 

separation, k. The second-order sampling process on a bandpass signal r(t) can be explained 

by (3.20) [61].

P=- B
t -  — - k  

B\
(3.20)

Digital signal processor implemented interpolants are developed for reconstruction of the 

original signal. The interpolants for both sample streams, A and B, are scaled in amplitude 

such that the negative frequency components will cancel. The digital filter implementation of 

the interpolant is sampled at sub-Nyquist rates, but this results in aliasing of the filter 

spectrum. However, since the positive and negative frequency components of the amplitude 

spectrum of the interpolant are identical, it is possible to sample the interpolant at B, half the 

Nyquist frequency, without changing its frequency response. Time-alignment must be 

preserved as the signal is shifted to baseband. This requires additional complex time- 

interpolation for one of the sample streams. Half-integer band positioning removes the need 

for additional frequency-shifting, and quadrature sampling, a special case of second-order 

sampling can be used to simplify time alignment. This is due to the post-interpolation sample 

streams being already time-aligned. Quadrature sampling is a special case of second order 

sampling for which the sample streams’ separation isk  = (2a ±  l)/(4fc) for an integer a. The 

two sample streams are spaced in time by an odd number of quarter-cycles of/c, and the 

inphase and quadrature component of the signal are sampled directly.

Coulson et al present a signal combination technique, based on spectral replication in [62] 

and [63]. This is an extension of the ideas presented in [61]. The technique uses second-order 

bandpass sampling to provide some phase control over the component signals. This technique 

is established for three applications: diversity antenna combination, interception of slow 

frequency hopping spread spectrum and a switchable beam-linear antenna array. If a bandpass 

signal and its replica (placed at a different carrier frequency) are summed and sampled, the 

individual signals cannot be retrieved, since they are combined by the sampling process. The 

original signal can be reconstructed from the second-order samples at any integer 

bandposition by interpolation. Thus, second-order sampling and interpolation can be used 

both to frequency shift and to phase shift a bandpass signal. The second-order interpolants 

phase shift the two sample streams, such that the replicas of the negative frequency 

components in one of the sample streams will cancel with their counterparts in the other
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sample stream. As the sampling rate is increased, the requirements for the second-order 

interpolants are eased.

Coulson continues to work on bandpass sampling in [64], developing the ideas presented in 

[62] [63] and [61] towards Nth order nonuniform sampling. Nonuniform sampling occurs 

when the time interval between successive samples is not constant for all samples. The 

simplest case of nonuniform sampling is where two uniform sample streams of sample 

separation T are interleaved, with time offset k < T. For nonuniform sampling, the average 

sample rate is defined as the sum of the individual uniform sampling rates, and the number of 

interleaved uniform sampling streams, N, defines the order of sampling. Coulson reviews the 

literature on second-order sampling and addresses the issue of bandposition for higher order 

sampling schemes. From his review, it is clear that no restriction is placed on bandposition for 

minimum rate sampling for any even orders of sampling. Clarifying the work presented in 

[62][63] and [61], the author describes that reconstruction of a bandpass signal at a 

bandposition other than the original, thereby frequency-shifting of the signal is possible by 

interpolation and by also using quadrature sampling. An arbitrary phase shift can be 

introduced during interpolation, which is important for signal combination. Nth order 

sampling is described by (3.21) and (3.22), both of which are equivalent, but with different 

implementations.

N-l

i=0 p=-oo
t - p - f — k,

Js

(3.21)

N-l f  N  ^  (3.22)

1 = 0  p=-
t — p  —

f s ,

The author then discusses interpolants for Nth order bandpass sampling, which introduce 

phase shifting for each sample stream, such that, upon summation of all post-interpolation 

sample streams, all unwanted replicas sum to zero, hence preventing aliasing in the 

reconstructed signal. Extensive analysis of interpolants for Nth order nonuniform bandpass 

sampling is given, including digital implementation, and the effects of finite-length filters

In [65], the author discusses second-order bandpass sampling, however at above minimum 

sample rates, with the inclusion of guard-bands. The author concludes that increasing the
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sampling rate to above the minimum rate simplifies the interpolation functions when 

compared to the second-order sampling studies undertaken by Kohlenberg in 1953 .̂

Nonuniform sampling is also discussed in reference [66], where the authors develop 

algorithms for the reconstruction of a signal from its nonimiform samples. A comparison of 

the reconstruction accuracy, computational complexity and hardware implementation is 

presented.

3.2.5 Bandpass Sampling for Nonlinear Systems

Tseng develops sampling criteria for nonlinear systems with a bandpass input in [67] and 

[68]. Nonlinear systems with up to third order non-linearity are considered, and some 

conditions are derived for bandpass sampling in higher order nonlinear systems. The paper 

starts with a discussion of spectral spreading in nonlinear systems, which in general, would 

require larger sampling frequencies due to the increased bandwidth of the signal at the output 

of a nonlinear system. Bandpass sampling for a nonlinear system is discussed and the author 

mentions that the spectral spreading effects on a bandpass signal may occupy multiple 

frequency bands and that the bandpass sampling theorem cannot be directly applied to the 

output of a nonlinear system.

In these papers, (3.10) is rephrased as

2QB ^  ^  2 j Q - l ) B  (3.23)
n n - l

Where Q = ff/B.

Bandpass sampling is then considered for a second-order nonlinear system where the spectral 

spreading of a bandpass system is illustrated in Figure 3.5.

 ̂A. Kohlenberg, “Exact interpolation of band-limited functions,” J. Appl. Phys., vol. 24, no. 12, pp. 
1432-1436, Dec. 1953.
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Figure 3.5: spectra of (a) input and (b) output signals of a quadratically nonlinear system [68]

The original signal and the intermodulation products should not be allowed to overlap during 

the sampling process, otherwise aliasing will occur. A number of cases are analysed for 

different positions of the bandpass signal and its intermodulation products due to 

nonlinearities. The allowed sampling rates for each of these cases is determined and presented 

as a modification to (3.23). Requirements for no spectral overlap are also presented. The 

analysis is then repeated for third-order nonlinear systems, and a number of different cases are 

presented for different positions of the bandpass signal and intermodulation products and their 

replicas due to sampling. This analysis is then further extended to define criteria for sampling 

the outputs of k‘*’-order nonlinear systems. Simulated results for a third-order system are 

presented and verify the correctness of the derived criteria. The resulting sampled bandwidth 

contains all the spectral components of the output of the nonlinear system, and hence can be 

used to determine the frequency domain Volterra kernels for spectral component estimation.

3.2.6 Other Modifications and Extensions to Bandpass Sampiing 
Theory

Xia and Zhou present a method of multiple frequency detection in undersampled waveforms 

in [69]. They show that a single frequency /  can be detected in a “single frequency complex 

valued waveform” x{t) if x(t) is sampled at a sampling f r e q u e n c y > / ,  and then an N point 

DPT with N >fs is implemented, resulting in a single peak in the DFT domain. This concept 

is developed further in the paper towards the detection of multiple frequencies from 

undersampled complex valued waveforms by also using multiple DFTs for undersampled 

waveforms with different sampling rates. The authors show that given the sizes of these DFTs 

(or sampling rates) and the number of multiple frequencies, they can provide a range of the 

detectable frequencies. Also presented is that the maximal range of the detectable frequencies
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is the least common multiple of these multiple rates assuming such rates are larger than twice 

of the maximal distance between the multiple frequencies.

J. Wojtiuk presents a communications systems example in [70] to highlight the advantages of 

using randomised bandpass sampling for the recovery of the complex envelope from a 

modulated carrier signal. A description of the minimum sampling rate restrictions of 

conventional uniform bandpass sampling is given followed by mentioning that for 

nonuniform sampling, stable reconstruction of any bandlimited signal is possible if the 

average sampling rate (the sum of the uniform sampling rates of each of the streams) exceeds 

the Nyquist-Landau rate. Randomised sampling together with appropriate switched or tuned 

groupband filtering can result in simplified design with great potential for miniaturisation for 

the case of wideband multi-mode radios.

A description of additive random sampling is given where each member of a randomly 

sampled space set { t j  is given by tk = tk-i + where % are independent identically 

distributed random variables with a common probability density function p(r). The mean 

intersample spacing is given by T = E[T]J and the mean sampling rate is /? = 1/T. 

Reconstruction of the sampled signal is described and an example if the application of 

randomised bandpass sampling is given. The system which was analysed has high SNR 

performance, and in a communications context error free demodulation of the carrier signals 

by randomised bandpass sampling is possible, without the restrictions on sampling rate 

imposed by uniform sampling.

Wong and Ng present bandpass sampling for downconversion in software radio in [71]. They 

present a modified interpretation to the graph of allowable sampling frequencies [55], 

showing that the position and guard bands of a downconverted bandpass signal are highly 

related to the order of the valid sampling range, called “wedge order”. The graphical approach 

to bandpass sampling is reviewed and modified according to the guard band definition given 

in the paper. A computationally efficient algorithm for determining sampling rates for 

downconverting multiple bandpass signals without causing aliasing of the signals is 

presented. This is an extension of the concepts presented in [57] and uses the GPS example to 

demonstrate the algorithm. To utihse fully a sampled bandwidth, or if the sampling frequency 

of a system is fixed, conditions for the placement of multiple bandpass signals are defined. 

The direct downconversion of multiple RF signals using bandpass sampling is also dealt with 

in [72]. The author comments how the determination of valid sampling frequencies using the 

approach demonstrated in [57] could be a computationally exhaustive process. In the
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proposed method, all possible orders of spectral replicas in the spectrum of the sampled signal 

are initially determined. Constraints to prevent aliasing are described and the analysis 

required for determining the appropriate range of sampling frequencies for the different 

positions of two RF frequencies is presented. Computer simulations using two GSM signals 

are also presented. The efficient algorithms presented to obtain valid sampling frequencies for 

the downconversion of two signals can be extended towards three or more signals, and 

implementation on a microprocessor is made straightforward due to the simplicity of the 

method.

Reference [73] discusses methods to recover bandlimited signals that are sampled at sub- 

Nyquist rates by using novel reconstruction networks that are more complex that a simple 

lowpass filter. Mathematical analysis for the recovery of analogue signals using implse and 

finite pulses width sampling is presented. Prototype sub-Nyquist sampling systems are 

presented and results support their analysis, proving that sub-Nyquist sampled signals can be 

practically recovered.

3.3 Applications of Bandpass Sampling

3.3.1 Introduction

Bandpass sampling has been considered for many real wireless systems due to its advantages 

of reduced sampling rates, and downconversion without the use of mixers or conventional 

heterodyning techniques. Furthermore, bandpass sampling allows for sampling to be 

implemented closer to the antenna within the receiver chain, thus encapsulating more radio 

functions in the digital domain where enhanced digital signal processing can be preformed, as 

desired by the software radio concept. This in turn avoids the problems associated with many 

analogue components; however, other technical challenges are introduced, such as the need 

for high performance analogue to digital conversion, careful IF selection and bandpass filter 

design. Extensive work has been presented on the application of bandpass sampling for GPS 

(Global Positioning System) and other global positioning/navigation systems, where, to date, 

most of the bandpass sampling applications are found.
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3.3.2 Bandpass Sampling for GPS

The implementation of bandpass sampling in receivers operating in GPS and other global 

positioning systems has been investigated extensively by Akos, et al [74] [75] [57] [76] In [74] 

and [75], a GPS receiver front end operating in the GPS Ll band is implemented. A 2MHz 

GPS signal centred on 1.57542GHz is used in the investigation. The bandpass sampling 

architecture, defined as direct digitisation in the paper, is compared to a more traditional 

downconversion architecture where the received signal is mixed down to an IF and then 

digitised. A digital scope is used as the ADC. This choice of equipment limits the choice of 

sampling frequencies possible and therefore will not allow downconversion to the most 

desirable IF. However, the two receiver architectures are tested with continuous wave and real 

GPS signals, with the conclusion that there is no difference in performance, both theoretically 

and experimentally. The direct digitisation receiver requires more stringent filter and ADC 

requirements, whereas the downconversion method needs a mixer and local oscillator.

In [75], Akos and Tsui discuss the issues of gain, sensitivity and dynamic range for a generic 

receiver, and for a bandpass sampling receiver. In particular, they mention the arrangement of 

amplifiers and filters at RF for a bandpass sampling receiver compared to the distribution of 

these components in various stages of a conventional superheterodyne architecture. The 

authors describe the advantages of using a bandpass sampling architecture for receiving GPS 

signals since there is a significant reduction in analogue components. However, they also 

mention the difficulties in sampling at RF due to various limitations placed on the system by 

ADC specifications and practical RF filters. Their description of the sampling process aided 

by diagrams, as shown in Figure 3.6, depicting aliasing triangles centred around multiples of 

the folding frequency (fs/2) is very helpful and the expressions relating carrier frequency and 

sampling rate to the IF are very useful for determining an appropriate sampling frequency. 

These have been discussed in section 3.2.1. Once again they present the comparison of 

bandpass sampling to a superheterodyne receiver architecture for CW and real GPS signals.

Akos et al continue to investigate bandpass sampling for global positioning systems in [57]. 

In this paper the authors develop an architecture for receiving signals from the GPS-SPS, and 

also from the Russian GLONASS system using a single sampling rate. In [77], which is 

discussed in more detail later, the sampling rate was chosen such that it was large enough to 

accommodate two signals, 400MHz apart. However, in [57], the sampling rate is chosen 

based upon the bandwidths of two (or more) signals, hence significantly reducing the 

sampling frequency. Expressions are developed to ensure that aliasing of the signals does not
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occur, thus preventing the overlap of distinct signals in the spectrum. The approach taken by 

Akos et al. allows any number of RF signals to be digitised directly using the minimum 

allowable sampling frequency and is discussed in section 3.2.1 along with other proposals for 

the sampling of multiple signals or frequency bands. Figure 3.6 shows the receiver front-end 

and associated frequency spectrum for sampling two distinct RF signals. The minimum 

sampling rate is the sum of the bandwidths of all the desired signals; however, to satisfy the 

constraints to prevent overlap of the signals when aliased down to the resultant sampled 

bandwidth, the sampling rate may need to be increased considerably. The paper then 

describes experimental results for the performance of the GPS-SPS and GLONASS bandpass 

sampling receiver, where the two distinct spectrums are aliased to adjacent bands via 

bandpass sampling, using a sampling rate of 15.402MHz.

In [76], Thor and Akos describe the design of a multiple frequency GPS receiver prototype. 

They use a flash ADC with 2.2GHz analogue input bandwidth that is capable of 1 giga 

samples per second (GSPS) conversion rate with 8-bit resolution, but this high performance 

comes at the expense of high power consumption and high cost. The received signals are then 

processed by FPGA connected to a PC. Testing the receiver with a single L l signal and also 

with multiple signals, one at Ll and one at L3, sampled at 73.45MHz, showed that it was 

successfully used to capture data. Some problems with capturing L3 data were incurred, but 

the investigation definitely shows much promise in using this bandpass sampling architecture 

for multiple receiver GNSS (Global Navigation Satellite System) receiver design.

Receiver Front End

filter 1

LNA

ADC

filter 2

Associated Frequency Domain Representation

Sampie at signai 1

signai 1 signal 2

Figure 3.6: Bandpass sampling of multiple signals [57]
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The work by Tsui and Akos [74] builds upon the architecture described by Brown and Wolt in 

[77], where they discuss an all digital receiver for GPS and other spread-spectrum 

applications. In this paper the authors give a history of GPS receiver design from analogue 

receivers which evolved towards digital receivers which digitise the I/Q signals of the Ll and 

L2 frequencies after IF downconversion. The architecture proposed in the paper as the 

Advanced GPS receiver, which directly samples the L-band signals using a high-speed A/D 

converter. Since the Ll and L2 signals are spaced 400MHz apart, the sampling frequency 

used is 800 MHz and 1-bit sampling is employed, whereas Tsui and Akos use a 5MHz 

sampling frequency, with 8-bit resolution to digitise an Ll signal [74].

Reference [77] also studies the effects of sampler aperture jitter. Sample time jitter from 

metastability effects transforms into additive amplitude noise. The authors describe a loss 

factor due to timing jitter which is a ratio of the total noise power to the ideal noise power and 

present a set of curves showing the correlation loss due to sampler jitter and its effect at the 

Ll and L2 frequencies in the range of measured jitter. At higher frequencies, the effects of 

jitter become worse; correlation loss is worse at higher frequencies and especially for larger 

variances of aperture jitter. The paper describes the ability for the advanced GPS receiver to 

be configured using software so that it can be used in a number of different applications 

including space, military and commercial.

3.3.3 Bandpass Sampling in Other Systems

Reference [78] applies the bandpass sampling technique to direct digitisation for multi-band 

CDMA systems: digital cellular, PCS and IMT-2000 (TDD). Generic receiver architecture for 

the conventional CDMA mobile station is described and compared to architectures for 

software radio based multi-band systems. Computer simulation examines the feasibility of 

direct digitisation for software radio based multi-band CDMA systems and the minimum 

sampling rate is found to be dependent on the sum of the information bandwidths of interest 

in addition to the carrier frequency and the frequency spacing between non-adjacent bands. 

This is consistent with the contributions presented in [57].

Makowitz et al apply bandpass sampling techniques to the DVB-T receivers in [79]. They 

discuss the trend of modem receivers to reduce the number of front-end analogue components 

with digitisation of received signals occurring closer to the antenna, resembling the properties 

desired by software radio receivers. I/Q separation using a Hilbert filter and quadrature
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sampling is described. This approach significantly reduces the complexity of signal 

processing since the NCO and mixer arrangement used for conventional quadrature 

downconversion can be replaced by logic circuits as discussed in [59]. This is coupled with 

bandpass sampling at the first IF stage, reducing the complexity of the tuner by eliminating 

many IF components. However, this arrangement for DVB tuners reduces the flexibility in the 

selection of the IF, limited by surface acoustic wave (SAW) filter availability.

Wu and Li describe the application of IF sampling direct digital synthesis (DDS) digital radar 

receivers in [80]. The use of these techniques for radar receivers allows for improved 

processing accuracy of the system, a flexible interface with radar control centre (convenient 

control of system parameters similar to the reconfigurable software radio terminal), and 

elimination of many of the problems associated with analogue components such as 

temperature and age related performance drift. Digital techniques enhance the radar 

performance by offering enhanced features such as anti-jam, high resolution, and enhanced 

processing techniques. The authors describe how the implementation of DDS in the radar 

receiver enhances performance by making it possible to generate many of the complex signals 

and waveforms associated with modem high performance radar systems. High spectral purity 

together with wide bandwidth are the main challenges of DDS design. The authors discuss the 

use of IF sampling for radar technology, concluding that as ADC technology improves 

sampling at higher carrier frequencies will become possible and this architecture for radar 

receivers will evolve rapidly in the future as technology matures. The trend in modem radar 

systems is towards the application of digital signal processing techniques, which give much 

higher precision and stability.

Liu et al. present a simplified digital beamforming method by means of the delayed first order 

bandpass sampling in [81]. Beamforming is the weighted sum of the outputs of spatially 

scattered arrays. The required beam is formed by delicately controlling a set of weighting 

coefficients. Antenna pattem can be controlled by complex weighting, which can be divided 

into two parts; amplitude weighting and phase shifting. The paper presents a phase shifting 

method based on the delayed first-order bandpass sampling. The authors summarise previous 

results on spectral arrangement which are also presented in [58], and then proceed to apply 

this to beamforming. Phase-shifting can be realised by controlling the sampling delay. 

Simulated results are presented. Reference [63] uses a phase shift introduced by interpolants 

for second-order sampling whereas in [81] first-order sampling is used and the phase shifting 

is controlled by sampling delay.



Chapter 3 -  Bandpass Sampling Concepts and ADCs 75

3.4 Practical Considerations

Practical considerations for implementing bandpass sampling in practical systems are 

considered in this section. The main issues are that of frequency instabilities, front-end filters 

and jitter.

3.4.1 Frequency Instabilities

Qi et al. modify the uniform bandpass sampling theorem to cope with 

instability and carrier frequency variations in [82]. The problem they 

variation of the sampling frequency away from the operating point due to 

the sampling frequency away from the allowed region (where sampling 

region will not cause aliasing of the signal) , thus causing aliasing. The 

determined by (3.24), which is identical to (3.10), and n is obtained in

(3.11).

f  < l L z l
n ’ n - l

sampling frequency 

address is that any 

instability, may pull 

rates chosen in this 

allowed regions are 

the same way as in

(3.24)

2A,

2B

(n-0.5)B

Figure 3.7: operation region in nth wedge [82]

Figure 3.7 shows the nth wedge of alias free sampling frequencies as confined by

(i) f s  = (2fe-B)/ (n- l)

(ii) f s  =  ( 2 f e  + B)/n
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showing the deviations of sampling frequency and carrier frequency due to uncertainties as As 

and Ac respectively. The authors show that for a given fc and Ac and a given relative precision 

of the oscillator, the minimum sampling frequency can be obtained by using large n values 

and by taking into account these uncertainties. The sampling frequency tolerances can be 

slightly relaxed if tolerance to the carrier frequency is maximised, and a minimum guard band 

is satisfied. The dotted rectangle in Figure 3.7 defines the tolerances for carrier frequency 

variations providing a guard band is implemented.

The authors mention that using a carrier frequency related by

J ( y + l / 4 ) / j  y = ( n - l ) / 2  fo rn o d d

\ { j  - 1 / 4)/ j J  = n ! 2 fo r  n even

Defining the carrier frequency as in (3.25) allows for a multiplier-less implementation of a 

quadrature demodulator as discussed in [59].

Similar ideas are presented in [83] in which the normal and inverse placement of the signal is 

described as discussed in [58], followed by a presentation of bandpass sampling with 

frequency instability and the tolerable sampling range for normal signal placement. The 

analysis for taking in to account frequency instabilities and refining the range of sampling 

frequency available is similar to that of [82].

3.4.2 Effects of IF Filters in Bandpass Sampiing Systems

Reference [84] is a good discussion on the effects of IF filters in bandpass sampling digital 

demodulators. The authors, Sabel and Tran, introduce their model which samples the received 

signal at IF using undersampling, and the resulting sampled signal is converted to baseband 

using a complex exponential local oscillator signal. The authors investigate the effect of 

sampling on the noise density in the passband, taking in to account the effect of the front-end 

bandpass filter. Experimental investigation using a SAW filter and a Butterworth/SAW 

cascade arrangement are presented and discussion on the noise folded in to the passband is 

given. They conclude that although the SAW filter alone has poor out-of-band attenuation, the 

noise folded in to the passband will not significantly affect the performance of transmission 

schemes using constellation up to 16QAM. For more complicated modulation schemes, a 

filter arrangement similar to the Butterworth/SAW cascade would be required. In addition, the 

paper presents an analysis of how the total noise density affects the bit error rate, taking in to 

consideration the signal distortion produced by the bandpass filter.
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Vaughan et al consider noise and the importance of filtering in bandpass sampled systems 

[55]. The authors present the signal distortion ratio (SDR) as a useful metric for setting filter 

requirements. SDR is defined as the ratio of the mean-square aliasing error to the total signal 

power passed through the filter, assuming that the signal power at the filter input is constant 

across the spectrum.

Brinegar and Naishadham [85] build upon the contribution by Akos et a l [57] by designing 

an RF filter to replace the approach of using a power divider after the pre-amplification stage 

to split the received signal in to GPS and GLONASS channels with separate filtering in each 

branch and recombined outputs prior to the ADC. The method proposed is to use a single 

filter which passes both the GPS and GLONASS bands, followed in series by a bandstop filter 

that attenuates the out-of-band frequencies between the GPS and GLONASS bands. This 

alternative solution avoids the undesirable losses in the power divider and separate bandpass 

filters.

The subject of filtering in bandpass sampling systems is addressed in chapter 4.

3.4.3 Jitter

The issue of jitter has been addressed in much of the literature on bandpass sampling. In [86], 

the requirements for wideband bandpass sampling are examined. The authors show that the 

requirements for quantisation and jitter noise are dependent on the bandwidth and filter type 

of the analogue front-end, as well as on the sampling rate. In this work, wideband sampling 

for the GSM case is described, where channelisation filtering must occur in the digital 

domain. The requirements for dynamic range performance are described, and depending on 

the sampling rate and attenuation provided by the IF filter, these requirements can vary. Jitter 

noise in sample-and-hold circuits is explained and quantified, and the maximum tolerable 

timing error for a wideband GSM receiver is determined. Analysis of IF filters and dynamic 

range requirements shows that the analogue filter bandwidth affects drastically the dynamic 

range performance of the ADC and standard deviation of the timing jitter. The dynamic range 

and jitter requirements can be relaxed for a dual-mode GSM/IS-95 receiver in comparison to a 

dual-mode GSM/UMTS case.
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References [87] and [88] present analysis of aperture jitter in IF-sampled CDMA receivers. In 

[87], Mollenkopf describes a method for quantifying the SNR degradation due to aperture 

jitter in IF-sampling receivers, given the statistics of the input signal. A phasor representation 

of the sampled signal is presented and a statistical analysis for the effect of aperture jitter on 

SNR is developed. Stewart considers an IS-95 receiver employing IF sampling in [88]. The 

effect of sample clock jitter on the ADC output SNR for narrowband signals is discussed and 

the usefulness of this analysis to spread spectrum signals is described. The model for analysis 

in the paper is described together with extensive analysis of the effect of jitter, particularly in 

the despreading process. In addition, the work in [88] shows that as the bandwidth of the 

sample clock phase noise approaches the chip rate, maximum SNR degradation occurs.

3.4.4 Other Practical Considerations

In reference [89], the relationship between the performance of bandpass sampling ADCs and 

the requirements of a digital-IF WCDMA basestation receiver is presented. The ADC is 

analysed in terms of SNR, SFDR (Spurious Free Dynamic Range), the effect of clock jitter 

and receiver linearity, plus the relationship between the receiver IF and the ADC sampling 

frequency. However, a trade-off between the receiver sensitivity and the requirements of an 

ADC can be utilized if a tolerable ADC SNR loss is allowed. Furthermore, receiver sensitivity 

is affected by basestation parameters such as capacity and cell coverage, and noise generated 

by a multiuser, multichannel application also leads to further sensitivity degradation. 

Therefore, the ADC requirements for IF-digitisation, in a WCDMA system are much tighter.

Wymeersch and Moeneclaey present an all digital multirate receiver with nonsynchronised IF 

sampling and digital timing correction in [90]. The propsed IF-sampling receiver performs 

timing correction via sample rate conversion prior to matched filtering, thus reducing the 

complexity of the matched filter. However, this advantage is at the cost of increased aliasing. 

The authors suggest that careful selection of the oversampling factor and sampling rate can 

keep aliasing terms outside of the matched filter bandwidth.
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3.5 Implementation of Bandpass Sampling Components

The literature covers implementation aspects of sample-and-hold or track-and-hold circuits, as 

well as digital down converters, and ADCs suitable for bandpass sampling, especially sigma- 

delta modulators. The practical aspects of implementation are discussed, and associated 

performance is compared to conventional superheterodyne receiver implementations. The 

main advantage of bandpass sampling is in the reduction of the count of analogue components 

such as mixers and oscillators which can have temperature and age related performance with 

poor repeatability of performance from component to component.

3.5.1 Track and Hold Components

Vasseaux et al. present papers on a track-and-hold mixer and a track-and-hold automatic gain 

control (AGC) suitable for downconversion by subsampling in [91] and [92] respectively. A 

major difficulty in sampling at RF is to realise a track-and-hold fast enough to track high 

speed signals. The authors present CMOS circuits which can track a signal as high as 

900MHz with a sampling frequency of 25MHz. They consider noise sampling and aperture 

jitter in their investigation and also present simulation and test results.

Cijvat et al. also present a CMOS fabricated circuit for track-and-hold [93]. However the 

operation of this circuit is at 1.8GHz. Two Integrated Circuits (ICs) are developed; one with 

the subsampling mixer as a stand-alone component, and another features a 10-bit pipelined 

A/D converter integrated with the mixer. The latter has inferior performance due to increase 

harmonic distortion and coupled noise.

3.5.2 IF Sampling Circuits

Levantino et al. present a circuit design for a CMOS IF sampling circuit with reduced aliasing 

for wireless applications, in particular GSM receivers in [94], [95] and [96]. The proposed IF 

sampling receiver architecture together with a frequency spectrum diagram is shown in Figure

3.8. The architecture is similar to that of single-IF receivers with baseband sampling, but 

without the associated problems of dc offset and 1/f noise. The CMOS chip includes all 

functions except for a SAW device and some external RLC passive components and operates 

successfully when tested with GSM signals.
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Figure 3.8 (a) IF section of the proposed IF-sampling receiver, (b) possible frequency plan for
GSM [96]

Gratzek ef al. present a dual-channel, IF sampling IC suitable for base station receivers in 

[97]. It is a flexible platform which can be used in various radio standards, and samples at an 

IF of up to 250MHz. The chipset consists of Analog Devices AD6600 dual channel ADC with 

on-board AGC and RSSI (received signal strength indicator). The AD6620 is a dual channel 

digital decimation programmable filter designed to interface with the AD6600 and subsequent 

DSPs. The AD6600 is designed to digitise signals at IFs between 70 MHz and 250 MHz. A 

description of the operation of many of the chipset functionalities is given, results for the 

operation of the AD6600 chip are discussed, and the architecture of the chips together with 

the implementation of a GSM receiver using this chipset is presented. The chips presented in 

this paper can be used to construct single channel receivers for a variety of cellular and PCS 

standards.

Fakatselis et al presents a subsampling digital IF receiver implementation from a Harris 

Semiconductor point of view in [98]. This is similar to the approach taken by Analog Devices
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in [97]. The authors consider the accuracy of the ADC functions of track-and-hold and 

conversion, characterised by their Signal-to-Noise And Distortion ratio (SINAD) or Effective 

Number of Bits (ENOB), the limitations of these parameters, and also the effect of aperture 

jitter. Implementation of the digital receiver is with off-the-shelf components provides a great 

deal of flexibility and programmability. The architecture block diagram is presented in Figure

3.9. The authors mention some of the important practical system design considerations such 

as the highest usable sampling rate, set by the ADC and the subsequent digital processing 

blocks, and the limitations of front-end filters for attenuating close-in noise. An advanced 

architecture is also presented which implements digital AGC, digital quadrature 

downconversion to baseband, and subsequent filtering and decimation through multiple 

stages, enabling economical implementation for general purpose communications receivers. 

Since the publication of this article, Harris Semiconductor have developed a programmable 

down converters based upon this advanced architecture^.
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Figure 3.9: Digital IF baseband downconversion block diagram [98]

3.5.3 Bandpass Sigma-Delta Modulators

The literature on bandpass sampling contains many references to the development of 

bandpass Sigma-delta modulators for sampling signals directly at RF or IF. These ADC 

architectures commonly employ 1-bit oversampling, thus reducing the effects of quantisation 

noise and jitter. Reference [99] describes a method for quadrature demodulation by

 ̂Harris/Intersil programmable downconverter HSP50214B 
http://www.intersil.com/data/fn/fn4/fn4450/fn445Q.pdf

http://www.intersil.com/data/fn/fn4/fn4450/fn445Q.pdf
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subsampling with sigma-delta ADCs and a correlator receiver structure. Second-order 

sampling is implemented, and the architecture is suitable for a single IC realisation. The 

effects of timing jitter are discussed, resulting in widening of the received spectrum and also 

degrades SNR.

Gourgue and Bellanger describe low-pass sigma-delta converters, bandpass sigma-delta 

converters, and a new bandpass sigma-delta converter scheme in [100]. The reduced dynamic 

range observed in standard sigma-delta converters is overcome by introducing an enhanced 

architecture which utilises further modulation of the feedback signal, transposing the main 

lobe to the IF. Simulation results indicate that the performance of the new sigma-delta 

converter implementing bandpass sampling can approach that of a superheterodyne receiver, 

without requiring extra mixers to convert the IF to baseband.

Steele and O’Shea [101] present a modified bandpass sigma-delta modulator which utilises 

bandpass sampling, and also simplifies hardware requirements compared to previous 

implementations. Conventionally, bandpass sigma-delta modulators sample the signal with 

respect to its highest frequency and feature very high oversampling. For bandpass signals this 

becomes very inefficient, hence the use of bandpass sampling. However, using the 

architecture presented in this paper significantly reduces the number of samples and eases the 

requirements on further signal processing, many difficulties associated with ADC conversion 

at high frequencies still exist. These are the requirement of a fast comparator and a latch for 

quantiser implementation.

Jensen and Raghavan [102] present bandpass sigma-delta modulators implemented in InP 

HBT IC technology, which is an ultra fast technology suitable for IF sampling digital 

receivers. Bandpass sampling is employed together with over-sampling of the signal 

bandwidth, easing the anti-aliasing filter requirements since mixer harmonics are moved out- 

of-band and the amount of thermal noise present in the signal band is reduced. The second- 

order bandpass sampling sigma-delta modulator IC is demonstrated to operate at 4 GSPS with 

60 MHz IF.

In [103], Hussein and Kuhn present an extensive analysis of a bandpass sigma-delta 

modulator, employing undersampling of RF signals for wireless communications. They 

present a CMOS technology design that employs undersampling relative to a radio receiver’s 

RF or IF centre frequency while oversampling relative to the signal bandwidth. The proposed 

modulator block diagram is presented in Figure 3.10.
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Figure 3.10: proposed modulator, including the frequency spectrum [103]

The presence of the mixer and oscillator in the feedback loop is used for translating the 

sampled signal spectrum located at [-(f/2), (f/2)] back up to the IF due to severe attenuation 

of the IF signal by the DAG in the feedback loop. The transfer functions of the mixed signal 

system are derived and the analysis shows that the loop transfer function can be made 

equivalent to the standard discrete-time bandpass sigma-delta modulator. The proposed 

design is verified by simulation results, with experimental results having been presented in 

another paper [104]. Due to the inherent downconversion of the sampled signal, there is the 

possibility of developing a receiver offering the performance of a superheterodyne scheme 

without requiring extra mixers.

Jung et al [105] describes the design of a fourth-order quadrature bandpass sigma-delta 

modulator for use in low-IF receivers. Integration of an experimental prototype modulator in 

O.b îm, double poly, double metal CMOS technology is presented. The design presented has 

32 times oversampling ratio, implying that it is clocked at approximately 13 MHz to sample a 

200 kHz signal and is designed to have a minimum 14 bits resolution. Extensive discussion of 

the design and implementation of the sigma-delta modulator is presented and simulation 

results are given.

3.5.4 Other Implementation Issues

Schlonik and Coleman consider systems for demodulation/modulation which use periodically 

nonuniform sampling of the bandpass signal to circumvent the carrier-frequency restrictions 

of uniform sampling [106]. The design is a tapped-delay-line (TDL) equivalent filter to
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determine both the actual implementation filters and system performance. Discussion of the 

design process for the nonuniform filter as a TDL is presented, and a second-order sampling 

case is described where TDL filters are designed to shape the spectrum of the sampled 

function. Although second-order sampling offers a greater choice of suitable carrier 

frequencies compared with uniform sampling, performance is limited by the choice of carrier 

frequency and spectral position in relation to sampling frequency.

Manetakis et al. present a subsampling mixer together with image rejection Hartley principle 

configuration in [107]. In-phase and quadrature components are time-interleaved, thus 

relaxing the requirement for good matching between the two paths.

An Electronic Letters by Haller and Kaufmann [108] presents a digital DPSK demodulator 

employing bandpass sampling. The performance of this demodulator in AWGN and with 

carrier frequency offsets was compared with a conventional lowpass sampling demodulator. 

The bandpass sampling process converts a signal at 9.05MHz down to a low-IF at 

f;/4 = lOkHz, implying the sampling frequency used is 40kHz (the signal was bandlimited to 

3.7kHz). The authors consider the effects of aperture jitter, which restricts the implementation 

of the sample-and-hold function at higher carrier frequencies. A frequency offset of the 

sampling frequency results in a frequency shift in the downconverted signal spectrum, and 

therefore this frequency shift must be compensated for in the demodulator algorithm. The fjp 

= fs/4 relationship reduces the implementation complexity of the quadrature demodulation. 

The DPSK demodulator implementation is explained and followed by experimental results 

obtained by testing the system with no frequency offset, with worst case frequency offset, 

both compensated and uncompensated. The conclusion is that comparing the zero 

implementation loss with conventional systems makes it a promising candidate for the 

implementation of future digital radio receivers.
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3.6 Analogue-to-Digital Conversion

This section describes the architectures of commonly used analogue-to-digital converters 

(ADC) and the typical applications in which these data converters are implemented. ADCs 

suitable for wireless communications and in particular IF sampling implementation are then 

discussed, followed by a description of sigma-delta modulators, which are seen as being a 

very promising architecture for high performance data conversion.

3.6.1 Common ADC Architectures

There are several ADC architectures available for an increasingly wide variety of 

applications. These architectures can be categorised into two different types: integrating 

ADCs and direct-comparison ADCs [109]. The former is generally used in applications where 

the input signal remains constant or changes very little during the A-D conversion process and 

architectures in this group include

■ Integrating ADCs

o Single-slope (or ramp integrating) ADCs 

o Dual-slope integrating ADC 

o Charge balancing dual slope ADC

■ Voltage-to-frequency converters

o Charge reset voltage-to-frequency converter 

o Charge balancing voltage-to-frequency converter 

o Synchronous voltage-to-frequency converter 

Direct-comparison ADCs include:

■ Counter ramp type ADC

o Counter ramp, two-sectioned counter ramp, three sectioned counter ramp

■ Successive approximation

o N-sectioned counter ramp

■ Parallel types

o Multistep parallel, two-step parallel 

o Flash ADCs

There are also a class of architecture known as Sigma-Delta modulators which shall be 

covered in more detail below in section 3.6.2.4.
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Figure 3.111s a simplified block diagram of a single slope integrating ADC and Figure 3.12 is 

a simplified block diagram of an N-bit successive approximation register ADC. These 

converter types are generally suitable for constant (DC) or slow varying input signals, 

conversion is generally slow in comparison to parallel architectures and accuracy is difficult 

to achieve, therefore these converters are not well suited to bandpass sampling wireless 

applications and not described in detail here. Table 3.1 summarises the properties of 

commonly available ADC architectures and is followed by a more in depth description of 

architectures more suitable for wireless communications and block diagrams for these 

architectures.

VA
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Figure 3.11: single slope architecture [110]
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Figure 3.12: Simplified N-bit successive approximation register ADC architecture [111]
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Table 3.1: summary of the properties of commonly available ADC architectures taken from [112]

Dual Slope
(Integrating
ADC)

Successive
Approxim ation
Register

Flash
(parallel)

Pipeline Sigm a delta

Typical
application

Monitoring DC 
signals, high 
resolution, low 
power
consumption, 
good noise 
performance

Medium to high 
resolution (8 to 16 
bit), 5MSPS and 
under, low power, 
small size

Ultra-high 
speed when 
power
consumption 
is not primary 
concern?

High speeds, 
few MSPS to 
100+MSPS, 8 
bits to 16 bits, 
lower power 
consumption 
than flash

High
resolution, low 
to medium 
speed, no 
precision 
external 
components, 
simultaneous 
50/60HZ 
rejection, 
digital filter 
reduces anti
aliasing 
requirements

Conversion
method

Unknown input 
voltage is 
integrated and 
value compared 
against known 
reference 
voltage

Binary search 
algorithm, internal 
circuitry runs at 
higher speed

N bits =>2 -̂  ̂
comparators. 
The number of 
comparators 
increases by 
factor of 2 for 
each
additional bit

Small parallel 
structure, each 
stage works 
one to few 
bits

Oversampling 
ADC, 5H z- 
60Hz rejection 
programmable 
data output

Encoding
method

Analogue
integration

Successive
approximation

Thermometer 
code encoding

Digital
correction
logic

Oversampling
modulator,
digital
decimation
filter

Disadvantages Slow
conversion rate.
High precision
external
components
required to
achieve
accuracy

Speed limited to 
~5MSPS. May 
require anti
aliasing filter

Sparkle codes/ 
metastability, 
high power 
consumption, 
large size, 
expensive

Parallelism 
increases 
throughput at 
the expense of 
power and 
latency

Higher order 
(4 order and 
higher) -  
multibit ADC 
and multibit 
feedback DAC

Conversion
time

Conversion 
time doubles 
with every bit 
increase in 
resolution

Increases linearly 
with increased 
resolution

Conversion 
time does not 
change with 
increased 
resolution

Increases 
linearly with 
increased 
resolution

Tradeoff 
between data 
output rate and 
noise free 
resolution

Resolution Component 
matching does 
not increase 
with increase in 
resolution

Component 
matching 
requirements 
double with every 
bit increase in 
resolution

Component
matching
typically
limits
resolution to 8 
bits

Component 
matching 
requirements 
double with 
every bit 
increase in 
resolution

Component 
matching 
requirements 
double with 
every bit 
increase in 
resolution

Size Core die size 
will not 
materially 
change with 
increased 
resolution

Die increases 
linearly with 
increase in 
resolution

2N-I
comparators,
die size and
power
increases
exponentially
with
resolution

Die increases 
linearly with 
increase in 
resolution

Core die size 
will not 
materially 
change with 
increase in 
resolution
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3.6.2 ADCs Suitable for Wireless Communications

3.6.2.1 Flash ADC

Flash analogue-to-digital converters, also known as parallel ADCs, are the fastest devices to 

convert an analogue signal to a digital signal. They are suitable for applications requiring very 

large bandwidths. However, flash converters consume a lot of power, have relatively low 

resolution, and can be quite expensive. This limits them to high frequency applications that 

typically cannot be addressed any other way. Examples include data acquisition, satellite 

communication, radar processing, sampling oscilloscopes, and high-density disk drives [113].

1EF+

MSB

ANALOGUE 
INPUT-------

REF-

Figure 3.13: Flash ADC architecture [113]

Figure 3.13 shows a typical flash ADC block diagram. For an "N" bit converter, the circuit 

employs 2^-1 comparators. A resistive divider with 2^ resistors is used to provide the 

reference voltages. The reference voltage for each comparator is one least significant bit
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(LSB) greater than the reference voltage for the comparator immediately below it. Each 

comparator produces a "1" when its analogue input voltage is higher than the reference 

voltage applied to it. Otherwise, the comparator output is "0". Thus, if the analogue input is 

between v%4 and v%5, comparators Xi through X4 produce "l"s and the remaining comparators 

produce "0"s. The point where the code changes from ones to zeros is the point where the 

input signal becomes smaller than the respective comparator reference voltage levels. This is 

known as “thermometer code encoding”, so named because it is similar to a mercury 

thermometer, where the mercury column always rises to the appropriate temperature and no 

mercury is present above that temperature. The thermometer code is then decoded to the 

appropriate digital output code.

The comparators are typically a cascade of wideband low gain stages. They are low gain 

because at high frequencies it's difficult to obtain both wide bandwidth and high gain. They 

are designed for low voltage offset, such that the input offset of each comparator is smaller 

than a LSB of the ADC. Otherwise, the comparator's offset could falsely trip the comparator, 

resulting in a digital output code not representative of a thermometer code. A regenerative 

latch at each comparator output stores the result. The latch has positive feedback, so that the 

end state is forced to either a "1" or a "0" [113].

As previously mentioned the number of comparators increases exponentially for each 

additional bit of resolution therefore high resolution flash converters become extremely 

complex in terms of circuitry, with increased die size and power consumption/dissipation. A 

more efficient architecture for higher resolution (> 8 bits) and greater sampling rates is the 

pipelined ADC. Time-interleaved ADCs are also available for enhanced sampling rates.

3.6.2.2 Pipelined ADCs

The pipelined analog-to-digital converter (ADC) has become the most popular ADC 

architecture for sampling rates from a few megasamples per second (MS/s) up to lOOMS/s, 

with resolutions from 8 bits at the faster sample rates up to 16 bits at the lower rates. Such 

resolutions and sampling rates cover a wide range of applications, including CCD imaging, 

ultrasonic medical imaging, digital receiver, base station, digital video (for example, HDTV), 

xDSL, cable modem, and fast Ethernet [114].

Lower-sampling-rate applications are still the domain of the successive approximation 

register (SAR) and integrating architectures (and more recently oversampling/sigma-delta
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ADCs), whereas the highest sampling rates (a few hundred MS/s or higher) are still obtained 

using flash ADCs and their variants. However, pipelined ADCs of various forms have 

improved greatly in speed, resolution, dynamic performance, and low power in recent years. 

The architecture of a 12 bit pipelined ADC is shown in Figure 3.14. Four 3 bit stages are used 

where each stage resolves 2 bits together with the 4 bit flash ADC therefore resulting in a 

total of 12 bits resolution. When compared to the flash ADCs, the pipelined ADC architecture 

is capable of providing a higher resolution due to the large number of comparators required 

by high resolution flash ADCs. For each extra bit, a flash ADC requires a factor of 2 extra 

comparators. However, pipelined converters cannot match a well designed flash ADC for 

speed. Power consumption on the other hand is lower in pipelined converters when compared 

with a similar sampling rate flash converter [114].

Pipelined ADCs require more circuitry than the non-pipelined types such as full flash 

converters because of the additional sample-and-hold circuits and digital circuits required. 

However, increasing levels of circuit integration, on monolithic integrated circuits, that is, 

more circuitry per semiconductor chip, enable this increase in complexity while gaining in 

terms of reduced circuit bandwidths and broadband noise characteristics [109].

ADC

3 bite

FlashStage 2

&H

S t a g e  1 s ta g e s Stage 4

Time Alignment A Digital Error Correction

Figure 3.14: Pipelined ADC with four 3-bit stages (each stage resolves 2 bits) [114]

3a6e2a3 Time-Iiiterleavctl ADCs

Interleaving multiple analogue-to-digital converters (ADCs) is usually performed with the 

intent to increase a converter effective sample rate, especially if there are no or only few off- 

the-shelf ADCs available that fulfil the desired sampling, linearity and AC requirements of 

such applications. For very-high-speed applications, time interleaving increases the overall 

sampling speed of a system by operating two or more data converters in parallel. As a rule of
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thumb, operating N number of ADCs in parallel increases the system's sampling rate by 

approximately a factor of N. However, time-interleaving several data converters is not an easy 

task, because even with perfectly linear components, gain/offset mismatches and timing errors 

can cause undesired spurs in the output spectrum. Power dissipation is obviously increased in 

comparison to single chip converters.

3.6.2.4 Sigma-Delta ADCs

Sigma-delta converters offer high resolution, high integration, and low cost, making them a 

good ADC choice for applications such as process control and weighing scales. The analogue 

side of a sigma-delta converter (a 1-bit ADC) is very simple. The digital side, which is what 

makes the sigma-delta ADC inexpensive to produce, is more complex as it performs filtering 

and decimation [116].

The basic architecture of the sigma-delta (ZA) modulator is shown in Figure 3.15. The 

modulator consists of a difference amplifier, integrator, a comparator which acts as a 1 bit 

ADC and a feedback loop containing a 1 bit DAC (digital-to-analogue converter).

Signal input Xt
To Digital 
Filter

Difference 1 / integrator 
Amp ,

C om parator 
(1-bit ADC)

(1-bit DAC)

Figure 3.15: block diagram of a sigma-delta modulator [116]

3,6.2,4.1 Sigma-Delta Modulator Operation

The input voltage Vin (Xi) is first summed with the output of a feedback DAC. This summing 

can be accomplished by means of a switched capacitor circuit which accumulates charge onto 

a capacitor summing node. An integrator then adds the output of this summing node to a 

value stored from the previous integration step. A comparator outputs a logic 1 if the 

integrator output is greater than or equal to zero volts and a logic 0 otherwise. A 1-bit DAC 

feeds the output of the comparator back to the summing node: X5 = +Vref for logic 1 and - 

Vref for logic 0. This feedback tries to keep the integrator output at zero by making the ones
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and zeros output of the comparator equal to the analogue input. The stream of Ts and O's is 

subsequently digitally filtered to produce a slower stream of multi-bit samples. The sigma- 

delta modulator loop typically runs at a much higher frequency than the final output rate of 

the digital filter. For example, a converter with a 2kHz output data rate may have a modulator 

loop frequency of over 2.5MHz [117].

Operating the modulator at a much higher rate than the data rate is known as oversampling. 

The oversampling ratio is known as the ratio of the sampling rate to the Nyquist sampling 

rate. The reason for oversampling is to reduce the density of quantisation noise present in the 

signal bandwidth since quantisation noise is a wideband phenomenon occupying the sampled 

bandwidth of [0, fs /2]. The reduction in quantisation noise density within the signal 

bandwidth results in an increased SNR and therefore offers a higher effective resolution. Each 

factor of 4 times oversampling results in a 6dB improvement in SNR which is equivalent to 

gaining one bit. Out-of-band noise can be attenuated by the use of a digital filter as shown in 

Figure 3.16.

The Digital Filter
P o w e r ; Digital flitar roaponsa

Ovarsam pling by K tim es

Noise rem oved by filter

P s / 2

Figure 3.16: FFT diagram of a multi-bit ADC with a sampling frequency kps and the effect of the
digital filter on the noise bandwidth [116]

Noise shaping can be used to increase the SNR. The integrator in the SA modulator acts as a 

highpass filter on the quantisation noise therefore shaping the noise distribution as shown in 

Figure 3.17. The noise can then be removed by a lowpass digital filter. For higher orders of 

quantization, noise shaping can be achieved by including more than one stage of integration 

and summing in the sigma-delta modulator.
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Figure 3.17: Noise shaping and effect of the integrator in the sigma-delta modulator [116]

The output of the sigma-delta modulator is a 1-bit data stream at the sampling rate, which can 

be in the megahertz range. The purpose of the digital-and-decimation filter (Figure 3.18) is to 

extract information from this data stream and reduce the data rate to a more useful value. In a 

sigma-delta ADC, the digital filter averages the 1-bit data stream, improves the ADC 

resolution, and removes quantization noise that is outside the band of interest. It determines 

the signal bandwidth, settling time, and stopband rejection. As mentioned above, the ZA 

modulator ADC can offer high resolution and sampling rates of many MS/s. The literature 

points to a number of lA modulator developments for wireless communications 

[118][119][120][121] where ZA ADCs show promise for wireless and cellular applications. 

Larger sampling rates together with the noise shaping properties which offer increased SNR 

in the signal bandwidth can be achieved to satisfy the demanding requirements of wireless 

systems. The future of ZA modulators in wireless systems is most likely to be in the form of 

IF sampling ADCs capable of sampling IF or RF signals in bandpass form and consequently 

performing A-D conversion prior to downconversion to baseband.
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F ilter

D ec im a tio n
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Figure 3.18: Digital side of sigma-delta modulator [116]

The literature on bandpass ZA modulators [99][I00][I0I][I02][I03][I05] has been mentioned 

previously in this chapter. It is worth mentioning another contribution by Salo et al. as an 

example of bandpass ZA modulators for multimode digital IF receivers [122] since multimode 

receivers are envisaged to play an increasingly important role in the future of wireless
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communications. The proposed modulator operates at a sampling frequency of 80MHz, 

downconverting an input signal from 60MHz to a digital IF of 20MHz. In a bandpass ZA 

modulator the integrator required in the lowpass variant is replaced with a bandpass filter. 

Noise shaping no longer shifts the noise distribution to higher frequencies but to frequencies 

outside of the filter passband.

The performance of ZA modulators is rapidly approaching that of state-of-the-art IF sampling 

processors such as the pipeline architecture used in high performance ADCs [12], and is 

expected to improve in the future for the provision of high performance, low power data 

conversion.

3.7 Summary

This chapter has addressed the sampling theory and recovery of signals with the extension of 

the theory for treatment of bandpass signals. Research and development literature in this area 

of sampling theory has been reviewed and presented in this chapter together with a discussion 

of the extensions and modifications of bandpass sampling for a number of cases including 

sampling in non-linear systems and non-uniform bandpass sampling schemes.

The literature regarding the application of bandpass sampling, practical considerations for 

bandpass sampling systems, and the implementation of bandpass sampling components such 

as track-and-hold devices, and sigma-delta modulators has been reviewed. Much of the 

current literature features bandpass sampling for front-ends of global positioning system 

receivers; however, wider bandwidth systems such as CDMA are also being actively 

developed. Analogue-to-digital converters have been discussed, especially those having 

architectures suitable for data conversion in wireless communications systems. These 

architectures include the Flash, pipelined, interleaved ADCs, and the sigma-delta modulators. 

Sigma-delta modulation shows much promise for implementation of bandpass sampling 

receivers using low-power devices that are highly integratable, providing a high degree of 

resolution and increasingly faster sampling rates and larger bandwidths. The future of 

software radios utilising bandpass sampling may feature sigma-delta modulation in the 

receive chain residing at IF and as technology matures, eventually at RF.

In addition to the review nature of the material presented here, the basic concepts of sampling 

are introduced as a technical introduction to the material concered with modelling and 

analysis and presented in subsequent chapters.



Chapter 4 

Front-End Filters for Bandpass Sampling

4.1 Introduction

This chapter investigates the effect of front-end filters, prior to sampling, on the performance 

of a bandpass sampling receiver. Filtering in such systems is extremely important in order to 

attenuate out-of band energy, bandlimit the signal to be sampled and minimise the amount of 

interference and noise aliased down into the sampled passband. Previous investigations in 

front-end filtering for wireless communications receivers and particularly for bandpass 

sampling receivers are reviewed, followed by a discussion of the modelling applied for the 

investigations described in this chapter. Narrowband and wideband bandpass sampling 

receivers are considered in both additive white Gaussian noise (AWGN) and adjacent channel 

interference (ACI). The application of these investigations is toward cellular systems, 

considering ACI as interferers from adjacent channels or from channels assigned to other 

network operators.

4.2 Front-End Filters

In this section a review of some of the work published in the area of front-end filters is 

presented. Initially front-end filtering in wireless communications receivers is considered, 

followed by filtering specifically in bandpass sampling systems. Some methods of defining 

filter specifications relating to the bandwidth are also presented.

95
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4.2.1 Front-End Filtering in Wireless Communications Receivers

Filtering at the front-end of the receiver in wireless communications systems serves a number 

of purposes. The main purpose is to attenuate out-of-band energy which can either completely 

mask out the desired signal, or cause interference thus degrading performance and resulting in 

signal distortion due to intermodulation caused by non-linear components in the receiver. In 

cellular systems, filtering becomes increasingly important when considering the interaction 

between a signal at the desired frequency and signals occupying the adjacent channels which 

can often have considerably higher power levels in comparison to the signal power of the 

desired channel.

Demosthenes and Kao [123] address the topic of reducing adjacent channel interference in 

wireless personal communication systems by applying filtering at both the transmitter and 

receiver ends of a communications link. The analysis is achieved through simulation using 

MATLAB, and shows the improvement in signal-to-interference ratio (SIR) through the 

implementation of different combinations of transmitter and receiver filters. The filter at the 

transmitter reduces out-of-band radiation spilled over from adjacent channels, while the filter 

at the receiver selects the frequency band and limits the energy received from adjacent bands. 

Butterworth and Chebyshev type filters are considered in two digital communication systems: 

North American Digital Cellular (NADC), with QPSK modulation; GSM with OMSK 

modulation. The authors show that for both QPSK and MSK systems, a 

Butterworth/Butterworth filter combination (Butterworth transmitter filter together with 

Butterworth receiver filter) provides the best SIR, whereas a Chebyshev/Chebyshev 

combination provides the worst SIR.

Pinto presents investigations on the performance of predetection filters in GSM/GMSK 

systems and in EDGE/8-PSK systems [124]. The author considers both AWGN and ACI 

channels and reports that filters with the best performance in noise are not necessarily the best 

filters when ACI is present, indicating that filter BER performance depends on the type of 

interference. Coherent detection and 1-bit differential detection GMSK systems are 

considered. For 8-PSK systems, the results indicate that the filter BER performance depends 

on the type of interference, (AWGN or ACI), on the frequency offset and power difference 

between the wanted and interfering signals. Once again, it is observed that the best filters in 

noise are not the best filters in the presence of ACI. The effects of filtering in the presence of 

ACI caused by GMSK signals on 8-PSK and vice versa are also investigated. The author 

recommends that filter choice should be made not only on performance in noise but also in
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the presence of interfering signals and that the filters with best overall performance were 

found to be filters with sharp cut-off frequency response.

Debaillie et al [125] presents an efficient model to analyse the impact of front-end filters on 

system performance in WLAN-OFDM transceivers. The purpose of this model is to aid in the 

design of front-end filters with limited and controllable system performance degradation. 

They investigate the appropriateness of front-end filters for OFDM systems as follows: 

potential filters are initially selected for their spectral behaviour. Then, such filters are 

investigated from an ISI/ICI point of view, determining the amount of interference and the 

width of the synchronisation range. Finally, filters are implemented in a BER system model to 

obtain global system performance. Thus the authors present an efficient method for choosing 

front-end filters which have the least impact on optimum system performance from an ISI/ICI 

and from a BER point of view.

4.2.2 Filtering in Bandpass Sampling Receivers

Since bandpass sampling is an extension of conventional sampling theory, it is necessary to 

bandlimit the signal to be sampled in order to prevent spectral overlap, or aliasing of the 

spectrum copies resulting from the sampling process. Therefore it is essential to perform 

filtering prior to sampling in order to attenuate out-of-band energy such that it causes 

minimum interference to the sampled signal.

Several researchers examined the importance of filtering prior to sampling in a bandpass 

sampling receiver. Vaughan et al consider noise and the importance of filtering in bandpass 

sampled systems [55]. They state that in a sampling system, the periodicity of the spectrum 

means that the wideband noise, such as thermal noise introduced by the relevant hardware, is 

all combined into each of the /2 bands. In applying bandpass sampling to relocate a 

bandpass signal to a lowpass position, the resulting signal-to-noise ratio will be poorer than 

that from an equivalent analogue system (i.e. an ideal image-rejecting mixer), in which the 

signal-to-noise-ratio is preserved.

In most communications systems, for example, the out-of-band power (adjacent band signals, 

etc.) has similar or even higher levels, than that in the band of interest, so an anti-aliasing 

filter is necessary. The authors in [55] present the signal distortion ratio (SDR) as a useful 

metric to get a feel for filter requirements. SDR is defined as the ratio of the mean-square 

aliasing error and the total signal power passed through the filter. It assumes that the signal
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power at the filter input is constant across the spectrum; however, this is not normally the case 

at the edges of the filter since guard bands are often implemented. The anti-aliasing filter will 

normally be the dominant effect on the signal distortion ratio when taking in to consideration 

not only the anti-aliasing filter, but also the receiver front-end, including the antenna. Second 

order and eighth order Butterworth and Chebyshev filters are considered and their effects on 

SDR, however in modem communications systems BER is considered to be a more useful 

metric for judging system performance, and in cellular systems, it is also important to 

consider the effect of adjacent channel interference (ACI).

Akos et al. mention that the filter requirements for bandpass sampling may be 

disadvantageous for receivers which employ bandpass sampling [57]. A narrow bandpass 

filter centred about the RF carrier (if sampling is performed at RF) with steep rolloff is 

required. This filter must attenuate all frequency energy, essentially noise, outside the 

information bandwidth. This is important, as all frequency energy from DC to the input 

analogue bandwidth of the ADC will alias in to the resulting passband, thus affecting the SNR 

of the information band. In the case of high frequency narrowband signals, the necessary 

bandpass filter may require an extremely high Q.

Sabel and Tran present a method for the analysis of the performance of digital demodulators 

which use bandpass sampling to perform both signal spectral shifting and, noise and spurious 

signal suppression [84]. They examine the effects of aliasing on the noise density at baseband 

and the effect of the bandpass filter (BPF) on the wanted signal’s characteristics. Analysis of 

the bandpass sampling model is presented in both the time domain and frequency domain and 

the constraints for alias-free sampling are described.

In [84] analysis of filtering effects in bandpass sampling is based on the use of commercially 

available sample-and-hold and ADC devices preceded by a SAW filter and an optional 5* 

order Butterworth BPF. The standard IF of 70MHz was selected and the spectrum of the 

SAW filter and the SAW and Butterworth filter cascade are presented. Overlay spectra are 

presented for the two filter arrangements, which provide a visualisation of the way the BPF 

out-of-band regions impact on the passband, and clearly demonstrate the more rapid stopband 

attenuation of the SAW/Butterworth cascade arrangement. The noise density of the out-of- 

band noise power which is aliased back in to the passband can be calculated by summing the 

value of the out-of-band BPF spectral values at frequencies which line up in the overlay 

spectra. The authors declare that for signal constellations of complexity up to that of 16- 

QAM, the requirements of the BPF may be relaxed while more complex constellations will 

generally require the additional stopband attenuation of a filter cascade similar to the one
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implemented in the paper. A method for determining the resultant BER for BPSK using a 

bandpass sampling receiver which takes into consideration the signal distortion produced by 

the BPF is also presented.

4.2.3 Definition of Fiiter Characteristics

Filters can be defined in terms of their response type for example, Butterworth, Chebyshev, 

Bessel, etc. [126] [127] and order, which primarily determines the roll-off steepness and where 

appropriate, the ripple. However, filter specifications can also be stated in terms of Q or BTs 

values as well.

The Q of a filter is defined as the quality factor of the filter circuit, and the most basic 

definition relates the energy stored to the average power loss [43]:

Q = ^
energy stored 

average power loss

Q = quality factor

CÜÜ = resonant frequency (rad/s)

However, a more useful definition for filter specifications would be as follows:

C = A  (4.2)
B

fo is the geometric centre frequency of the filter defined as fo = cOq / I n  and B is the 3dB 

bandwidth of the filter passband.

An alternative method commonly used in digital systems, defines the bandwidth of a filter, in 

relation to the symbol timing of the signal. This is known as the BTs product which is defined 

as the 3-dB Bandwidth Symbol Time Product, where B is the 3dB filter passband bandwidth, 

and Ts is the signal bit duration. Alternative definitions may use the symbol duration, 

especially for higher order M-ary modulation schemes. However, for the purposes of the 

models and investigations reported on in this chapter, bit duration is used.

A BTs value that is greater than 1 corresponds to a filter whose passband is larger than the 

bandwidth occupied by the signal being filtered. A BTs value that is less than 1 corresponds to 

a filter whose passband is narrower than the bandwidth occupied by the signal being filtered. 

This corresponds to a filter with sharp cut-off, and if the passband is too narrow, may result in 

significant distortion of the filtered signal.
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4.3 Bandpass Filtering Modelling Process

For the purposes of investigating the effect of front-end bandpass filters on the performance 

of bandpass sampling receivers, a model was developed in the Advanced Design System 

(ADS) by Agilent [154]. The aim was to test the performance of bandpass sampling receivers, 

in Additive White Gaussian Noise (AWGN) and Adjacent Channel Interference (ACI). The 

system (transmitter and receiver) are loosely based upon the specifications of 3̂  ̂generation 

(3G) cellular communications systems, in particular the European wideband code division 

multiple access (WCDMA) variant' .̂ The specifications taken from the standards are the 

modulation scheme, channel spacing, and data rate. Also the transmit power was chosen from 

the most popular class of mobile terminal [128]. Basics of the ADS modelling procedures 

followed and modelling verification are given in Appendix A.

4.3.1 Transmitter Model

There are a number of additional aspects which must be taken in to consideration when 

describing the model developed. Firstly, the Spread Spectrum process used in the WCDMA 

systems was not carried out, and the data rate of the signal modulating the carrier was 

assumed to be equal to the chip rate of the spread signal. This rate is 3.84Mbits/s. It should be 

noted that each bit is represented by 200 samples to improve simulation accuracy, however 

this significantly extends simulation run time. A diagram of the transmitter model is shown in 

Figure 4.1. Screenshots from ADS schematics of these models are shown in Appendix B.

70MHz

random data generator 
bit rate = 3.84Mbit/s 
200 samples per symbol

Data
Serial to 
parallel 

conversion

Transmitted QPSK signal 
transmit power = 21 dBm

root-raised cosine 
low pass filter 
roll-off factor = 0.22

Figure 4.1; Block diagram of the QPSK transmitter model

 ̂The WCDMA specifications and the IF frequencies reported here are chosen for 
modelling/illustration purposes. Other frequencies and standards may be used in the models developed.
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Secondly, the carrier frequency of the transmitter is not the RF frequency located in the 

spectrum made available for 3"̂  generation (3G) cellular systems (1920MHz -  1980MHz 

uplink and 21 lOMHz -  2170MHz downlink). Instead, the carrier frequency corresponds to an 

intermediate frequency, thus assuming one stage of heterodyning. The RF stage is omitted 

from the model for simplicity and is assumed to have ideal performance for both the 

transmitter and the receiver. The bandpass filter under investigation in the receiver is centred 

on the intermediate frequency at which the transmitted signal is centred. The root-raised 

cosine filters have a roll-off factor of 0.22 as specified in the standards [128], resulting in the 

transmitted signal occupying a bandwidth of approximately 4.68MHz (3.84x10^ x 1.22). The 

carrier spacing as specified in the 3G standards is 5MHz. The modulation scheme is QPSK 

(Quadrature Phase Shift Keying), and the transmitted signal trajectory is shown in Figure 4.2, 

where the signal shaping and consequent ISI due to root raised cosine filters can be seen. The 

transmitted signal spectrum is depicted in Figure 4.3, where the bandlimiting result of passing 

the signal through root raised cosine filters can clearly be seen. It should also be noted that the 

transmit power was set to 21dBm which is the power class that most terminals are likely to 

belong to in WCDMA cellular networks [128].
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Figure 4.2; Constellation trajectory of the transmitted QPSK signal: (a) without root raised 
cosine Alters, (b) with root raised cosine filters
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Figure 4.3: Spectrum of transmitted QPSK signal: (a) without root raised cosine filters, (b) with
root raised cosine filters

4.3.2 Receiver Model

In the receiver model, after the bandpass filter, the ADC function is represented by a sample- 

and-hold component. No quantisation is performed in the model unlike in a conventional 

ADC where the sampled signal is quantised. Therefore, quantisation errors are absent in our 

model. The sample-and-hold model is an ideal sample-and-hold function, and therefore the 

input signal is sampled at the rising edge of the clock signal and the level of this sample is 

held until the next sample is taken. The receiver model is shown in Figure 4.4, together with 

the AWGN channel. The IF of 70MHz is chosen for the purposes of this investigation, due to 

its widespread use in wireless systems, and the availability of filter products at this frequency. 

Component manufacturers such as SAWTEK offer a number of filter devices available for the 

standard IF of 70MHz as well as filters suited specifically to 30 systems but at much higher 

intermediate frequencies [129]. The clock signal for the sample-and-hold function is 

sinusoidal, and is set to a frequency of 56MHz and therefore implying the sampling rate of the 

receiver is 56MSPS. This frequency was chosen since it is a sampling frequency which avoids 

aliasing, and also results in aliasing the signal to a lower intermediate frequency which is one
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quarter of the sampling rate as discussed in chapter 3. This arrangement is useful in 

quadrature demodulators since the digital mixing process can be replaced by digital logic to 

represent the sine and cosine functions [59]. The high oversampling rate relative to the signal 

bandwidth is useful for reducing quantisation noise in the passband [130], and is well within 

the specifications of high performance ADC devices capable of performing IF sampling 

[12][13]. Figure 4.5 and Figure 4.6 show the spectrum of the received signal spectrum prior to 

and after the sampling process, respectively. It can be seen that the signal is downconverted to 

a frequency of 14MHz which is one quarter of the sampling frequency used (56MHz). In fact, 

the downconverted spectrum is a copy of the original spectrum due to the sampling process as 

described previously in chapter 3. The attenuation of the spectral copies as the frequency 

increases is due to the nature of the sample-and hold function. The ideal operation of this 

function results is a convolution of the spectrum of a rectangular function with the spectrum 

of the signal.

The signal residing at the resulting intermediate frequency is downconverted to baseband 

using a digital quadrature demodulator arrangement and then passed through root-raised 

cosine filters. Prior to interleaving the inphase and quadrature components of the received 

signal in order to recover the original transmitted bit-stream, the signal is downsampled by a 

factor of 200. The purpose of this downsampling function is to present the interleaver with 

symbols each represented by 1 sample. The bit error rate estimator, which uses the Monte 

Carlo method for HER estimation [52] compares the transmitted and received signals bit by 

bit (on a sample by sample basis) thus requiring less comparisons to take place if the bit

streams are represented by 1 sample per bit.

signal from 
transmitter

Bandpass filter 
Bandwidth = 5M Hz 
Centre Frequency = 70MHz

sample-and-
hold

W hite
G uassian

Noise
generato r

a o c k

f s =  56MHz

root-raised 
cosine low pass filter 
roll-off factor = 0.22

1 r

NOG

fjf — f s / 4  

= 14MHz
interieave

recovered 
bit stream  ►
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Figure 4.4: Block diagram of the bandpass sampling QPSK receiver and AWGN channel
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Figure 4.5: Spectrum of the received, filtered signal prior to sampling
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Figure 4.6: Spectrum of the sampled signal, with sampling rate of 56MHz

4.3.2.1 Performance of the Bandpass Sampling Receiver

In this section the BER performance of the bandpass sampling receiver is compared to that of 

theoretical QPSK. The graph below in Figure 4.7 shows the performance of the receiver with 

two different sampling rates of 56MHz, and 21.538MHz. These sampling rates correspond to 

mixer-free sampling rates obtained from equation (3.17) in section 3.2.3. In this case, the 

front-end filter used is 5MHz wide and is has a order Butter worth response.

It is clear that compared to theoretical performance, the performance of bandpass sampling is 

inferior, due to the aliasing of all energy from DC to the bandwidth of the ADC into the 

sampled passband. As the sampling rate is decreased, the performance is degraded. This is 

due to higher levels of noise present in the resulting passband due to a smaller folding 

frequency (half the sampling rate), as the sampling rate decreases (i.e. more aliasing occurs at 

smaller sampling rates). As mentioned above, reference [55] discusses the effect of noise in 

bandpass sampling, describes the effect of filtering, and discusses filtering requirements.
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Figure 4.7: BER performance of QPSK bandpass sampling receiver in AWGN for different
sampling rates

4.3.3 Choice of Filters

The purpose of this investigation as mentioned previously is to analyse the performance of a 

bandpass sampling receiver in the presence of AWGN and ACI, using different front-end 

bandpass filters. The rationale of our choice of filters is as follows. A number of different 

filter orders were chosen for Butterworth, Bessel, and Chebyshev type filters, thus producing 

filters with different transition widths or roll-offs, and different stopband attenuation. The 

Butterworth filters were chosen for their maximally flat passband response, and fairly steep 

roll-off. Their magnitude and group delay response to an impulse is shown in Figure 4.8 (a). 

However, Butterworth filters do exhibit a non-linear phase response as shown in Figure 4.8

(a). In order to compare the performance of the Butterworth filters with filters which exhibit a 

linear phase response across the filter passband, Bessel filters were chosen for the 

investigation. The Bessel approximation, however, exhibits less steep roll-off and thus 

stopband attenuation is not as high as with Butterworth filters, particularly close to the 

passband edges which can be seen in the frequency response shown in Figure 4.8 (b). The 

filter orders used for the Butterworth and Bessel type responses are 1®‘ order, 3̂  ̂order and 10^ 

order .̂ A 10* order Chebychev filter is also used in the investigation since it is a good

 ̂The work presented here reports in three filter orders. During the research stage other orders were 
investigated, however, the 3^ and 10*̂ orders are viewed to be sufficient for the purposes of this 
investigation. and 10* order are used as examples of shallow and steep filter roll-off, respectively, 
whereas 3*̂  ̂order provides a example of filter with intermediate roll-off.
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approximation to a “brick wall”, rectangular filter. The Chebyshev response exhibits passband 

ripple, very steep roll-off, but also is characterised by a highly non-linear phase response. The 

Chebyshev magnitude and group delay response can be seen in Figure 4.8 (a).
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Figure 4.8: Magnitude and group delay response of bandpass filters centred on 70MHz with
5MHz passband
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4.4 Front-End Receiver Filter Effects on Bandpass Sampling 
Systems

The following is a presentation of the investigations carried out to examine the effects of 

various front-end filters on the performance of bandpass sampling systems. Narrowband and 

wideband bandpass sampling receivers are considered in both AWGN and ACI environments. 

The work reported here has also been published in [131], at the International Symposium on 

Telecommunications, 1ST 2003, August 2003. Iran.

4.4.1 Effects of Front-End Filters in AWGN - Narrowband 
Implementation

In this section the performance of the bandpass sampling receiver is investigated in AWGN 

when considering the effects of changing the front-end IF filter. The filter passband was set to 

5MHz such that it passes only the desired signal centred at the IF of 70MHz. A trade-off 

exists when choosing filter specifications. On one hand, the filter must sufficiently attenuate 

out-of-band interference and noise. On the other hand, the distortion of the signal to be passed 

must be kept to a minimum, especially when considering non-linear phase response 

associated with very sharp filter roll-off/higher order filters. Narrowband filters with high 

centre frequencies also have a very high Q factor, thus are often difficult to design, 

particularly with high performance and stability.

Each of the filters mentioned in section 4.3.3 was in turn, implemented in the receiver front- 

end model prior to the bandpass sampling function. Additive White Gaussian Noise was then 

summed with the transmitted signal, passed through the filter under test, and sampled, and 

downconverted to baseband. The recovered bitstream was compared to the transmitted 

bitstream, using the Monte Carlo method for BER estimation for different values of Et/No 

calculated prior to the front-end filter.

From Figure 4.9 (a) and (b) which show the BER performance of the receiver with different 

front-end filters, and are separated for clarity purposes, it can be seen that the 10* order 

Bessel filter implemented prior to sampling performs best in AWGN, with performance 

which is closely matched to the theoretical BER performance of QPSK modulation in 

AWGN. This is closely followed by the 3"̂  ̂order Butterworth BPF which offers a sharp roll

off. However, the high order Bessel filter possesses a more linear phase response and 

therefore does not cause significant signal distortion. The high order results in a sharp roll-off.
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and high attenuation of out-of-band energy, thus resulting in good performance, and 

preservation of signal-to-noise ratio. It is interesting to note the very poor performance of the 

10^ order Butterworth in comparison to the other filters tested, including the 1®‘ order 

Butterworth and Bessel filters, is attributed to its non-constant group delay, particularly at the 

passband edges and it is also likely that this filter produces some signal distortion at the edges 

of the signal bandwidth.

The 10* order Chebyshev filter used to approximate a brick wall rectangular filter also 

exhibits poor performance in comparison to the 10* order Bessel filter or 3'̂ '* order 

Butterworth; again this can be attributed to a highly non-linear phase response in the filter 

passband, which becomes worse at the passband edges especially due to the very steep roll

off.

The filter 3-dB Bandwidth Symbol Time Product for the above tested filters is BTs = 1.3. If 

the 10* order Bessel filter is examined more closely and its BT  ̂is varied a slightly such that a 

narrower passband and a slightly wider passband are chosen. These BT  ̂values are 1.1 and 1.5 

respectively. The BER performance of the bandpass sampling receiver with these filters is 

shown in Figure 4.10 and it can be seen that the original 10* order Bessel filter with BT  ̂= 1.3 

still has superior performance. The filter with BT  ̂= 1.1 has a passband of 4.22MHz, which is 

in fact smaller than the signal bandwidth after taking in to account the excess bandwidth 

resulting from the root raised cosine filters (4.68MHz) and therefore contributes to some 

distortion to the signal. The filter with BTs = 1 5  also has slightly inferior performance 

compared to the original filter which can be attributed to the slight increase in filter 

bandwidth, thus allowing more noise to be aliased in to the sampled passband. It should be 

noted that the difference in performance between these three Bessel filters is minimal, and 

therefore slight variations in the front-end filter passband bandwidth do not significantly alter 

the performance of the bandpass sampling receiver.

In the next section, the filters are tested in Adjacent Channel Interference.
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Figure 4.9: BER performance of the bandpass sampling receiver with different bandpass filters
in AWGN
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4.4.2 Adjacent Channel Interference

In cellular communications systems, in order to utilise efficiently the available spectrum, the 

spectrum is divided into a number of channels. These channels can be assigned to a single 

network operator, or to different operators whose networks operate in the same coverage area. 

This arrangement is referred to as Frequency Division Multiple Access (FDMA). In many 

second generation cellular systems, such as GSM, the available capacity was further enhanced 

by time interleaving mobile users on to a single frequency channel, and thus referred to as 

Time Division Multiple Access. However, in Spread Spectrum systems such as third 

generation WCDMA, multiple access is achieved by assigning a pseudo random code to each 

user and thus all users occupy the same spectrum at the same time. Nevertheless, frequency 

division is common to all cellular systems.

Due to the very limited spectrum available for such cellular systems, channels are very tightly 

packed and in some cases such as GSM, carrier separation is actually smaller than the 

bandwidth occupied by each information signal [132]. Signal distortion due to the air- 

interface (pathloss, multipath, Doppler spread), and non-linearities resulting from various 

transceiver components, timing and frequency errors can result in the spreading of signals in 

to adjacent channels resulting in signal overlap and degradation to signal quality [133]. This is 

referred to as Adjacent Channei Interference (ACI). The ability for a receiver to receive a
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signal at its assigned channel frequency in the presence of a modulated signal in the adjacent 

channel is known as Adjacent Channel Selectivity (ACS) [134].

ACI can also result from poor receiver filter performance, thus allowing energy from nearby 

frequencies to leak in to the passband causing distortion of the signal at the desired frequency. 

The problem can be minimised through careful filtering and channel assignments. Channel 

assignment, is done at the network planning stage, through frequency re-use patterns for 

clusters of cells, keeping the frequency separation between each channel in a particular cell as 

large as possible [133]. The issue of filtering is investigated in the following section, for a 

receiver which incorporates bandpass sampling as the downconversion method.

In the specifications for 3G WCDMA, as described in [128] the term Adjacent Channel 

Leakage Ratio (ACLR) is used to determine the amount of the transmitted power that is 

allowed to leak in to the first or second neighbouring carrier. ACLR is the ratio of the root 

raised cosine filtered mean power centred on the assigned channel frequency to the root raised 

cosine filtered mean power centred on an adjacent channel frequency [135].

The investigation of the performance of the bandpass sampling receiver in the presence of 

adjacent channel interference required an additional transmitter to be added to the model as 

shown in Figure 4.11. The carrier of the interférer transmitter was set to 5MHz below the 

carrier frequency of the desired channel which was positioned at 70MHz, thus keeping in line 

with the channel spacing set out in 3G specifications. The outputs of the desired signal 

transmitter and the interférer transmitter were summed prior to the addition of the white 

Gaussian noise channel which was set to provide an Eb/No of S.SdB at the front-end of the 

receiver prior to filtering. This amount of additive noise gives a theoretical QPSK BER of 

«5x10'^ which is deemed to be a good compromise between simulation time and confidence 

in error rate results. The narrowband filter had a 3dB passband of 5MHz and centred at 

70MHz in order to pass the desired signal, and its performance was measured in terms of 

BER.
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Figure 4.11: model arrangement for ACI investigations

4.4.3 Effects of Front-End Filters in ACI - Narrowband 
implementation

In this section the investigation of the effects of narrowband filters on the performance of the 

bandpass sampling receiver in the presence of Adjacent Channel Interference is described. 

The investigation was conducted by keeping the transmit power of the desired signal constant 

at 21dBm, and varying the interfering signal transmit power. The signals are passed through 

an AWGN channel such that the Eb/No at the front-end of the receiver prior to filtering was 

8.8dB. The difference between the average power of the desired signal and the average power 

of the interfering signal are referred to as Paiff.

Pdiff = Pàdesired ~ Pinterejference (4.3)

Each of the filters described in section 4.3.3 was in turn implemented in the model illustrated 

in Figure 4.11. The noise was kept constant as was the average power of the desired signal. 

The average power of the interfering signal was varied such that a range of paig from -70dB to 

lOdB was obtained. BER estimations were obtained for different values by comparing the 

received and recovered bitstream with the original transmitted bitstream. Figure 4.12 (a) and

(b) show the BER performance of the bandpass sampling receiver in the presence of ACI for 

different front-end IF filters. Again the results are split over two graphs for the purposes of 

clarity. On the left hand side of the graphs where the interférer power was at its highest, the 

performance of the bandpass sampling receiver is affected most by the interfering signal. 

Therefore, the receiver performance is interference limited. As the interférer power is 

reduced, such that pdiff increases, the receiver performance improves, until it is no longer 

significantly affected by ACI, and noise becomes the dominant source of signal degradation.
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On the right hand side of the graphs where the interférer power is lower, the performance of 

the receiver is noise limited.
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Figure 4.12: BER performance of the bandpass sampling receiver with different bandpass filters
in the presence of ACI

As in the previous investigation of narrowband filters in AWGN, the performance of the 

bandpass sampling receiver with a 10  ̂order Bessel BPF at the front-end is better than with 

the other filters tested. The Bessel filter allows for receiver BER performance of less than
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0.001 for ACI of up to 33dB above the power of the desired channel. Once again the 3'̂ * order 

Butterworth filter also exhibits good performance closely followed by the order Bessel 

filter.
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Figure 4.13: BER performance of the bandpass sampling receiver with narrowband 10“* order
Bessel filters in the presence of ACI

The above studies were performed with narrowband filters, whose Q = 14, and BTs = 13. 

Examining the performance of the bandpass sampling receiver with different BTs values for 

the 10  ̂ order Bessel filters results in the BER curves shown in Figure 4.13. As observed in 

the AWGN case, the performance does not vary significantly for the three different BTs values 

investigated. However, the difference in performance for the filters BTs =1.1 and BTs =1.5 

when compared to the filter with BTs = 13, can be attributed to the reduced passband causing 

signal distortion, and the increased passband allowing energy from adjacent channels to be 

passed and thus causing signal distortion, respectively.

This arrangement is not the most efficient when considering a software radio receiver front- 

end architecture, particularly for a multi-mode or multi-band receiver. Efficient 

implementation of a wideband front-end would require a wideband RF stage and wideband 

RF and IF filters, allowing many more channels to be received, with channel selection 

occurring at baseband using digital filtering techniques. In the following discussion, the BER 

performance of a wideband receiver in AWGN and ACI is investigated.
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4.4.4 Effects of Front-End Filters in AWGN - Wideband 
Implementation

In this section the performance of a wideband bandpass sampling receiver is investigated in 

the presence of AWGN and ACI using different front-end filters. The front-end of the 

receiver is made to be wide enough to receive three of the signals which were used in the 

previous investigations. The reason for this is that within a single country (particularly in 

Europe and Japan), the maximum likely number of carriers assigned to each of the cellular 

network operators is three [128]. This is dependent on the way the spectrum is divided within 

the country and how many operators this spectrum must be shared among. Therefore the 

bandwidth of the front-end filter has been chosen to be 15MHz. The Q for these wideband 

filters is therefore calculated to be 4.67, and the corresponding BTs value with respect to the 

data rate of a single carrier is 3.9. These filter specifications are significantly more relaxed 

than the narrowband filters investigated previously. The transmitted signal occupies the 

middle channel of the three channels which are passed by the filter. The BER performance 

achieved with different wideband front-end filters when testing the bandpass sampling 

receiver in AWGN is shown in Figure 4.14 (a) and (b).

In the case of wideband filters, the 10* order Chebyshev BPF outperforms all the other filters 

tested, achieving performance in AWGN that is close to the theoretical QPSK BER. The 

wider bandwidth reduces the filter Q factor, and due to the filter’s pseudo- brick wall 

behaviour substantial attenuation of noise, close to the signal band of interest, results without 

distorting the information signal. High performance is also attained from using a 10* order 

Butterworth filter, thus indicating that sharp roll-off and high attenuation of noise close to the 

signal band of interest is necessary. In the case of this investigation, channel selection is made 

using the root-raised cosine filter which attenuates noise on both sides of the signal received.
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Figure 4.14: BER performance of wideband bandpass sampling receiver in the presence of
AWGN
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4.4.5 Effects of Front-End Filters in ACI - Wideband 
Implementation

Figure 4.15 illustrates the arrangement of signals for a wideband receiver front-end in the 

frequency domain. Studies of in-band ACI, as a function of front-end filter behaviour, in this 

wideband scenario is of no particular value. However, it is very important when considering 

the digital filtering and channel selection process. Root-raised cosine filters are used in the 

model developed for such investigations, however, in practice, more intricate filtering is often 

used in addition to the root-raised cosine filters whose primary purpose is to minimise ISI 

[136]. In Figure 4.16 the in-band ACI performance of the wideband bandpass sampling 

receiver is shown when the front-end filter is implemented as a 10  ̂order Butterworth BPF. 

The filter attenuates out-of-band energy, however, it is the root-raised cosine filters that select 

the desired channel in the presence of the interfering in-band channel. The ACI scenario 

considered in the following discussion is between channels assigned to different cellular 

operators and therefore can be referred to as out-of-band ACI. Due to the very restricted 

spectral allocation for 3G services, and the assignment of channels to different network 

operators without the implementation of guard-bands, interference between these signals must 

be considered, particularly when examining front-end filter performance. Due to a 

hierarchical cell structure, and also due to near-far power level effects, the signal strength of 

adjacent out-of-band channels that belong to a different operator may significantly interfere 

with the desired signal [128]. This scenario is considered for the wideband ACI investigation 

and is depicted in Figure 4.15.

adjacent channel from operator 2

operator 1

wideband bandpass filter 
with 15MHz passband

frequency
desired channel

I
5MHz carrier 
spacing

Figure 4.15: Illustration of out-of-band ACI in wideband receiver due to signals from another
cellular network operator



Chapter 4 -  Front-End Filters for Bandpass Sampling 118

Results showing the BER peiformance of the bandpass sampling receiver in the presence of 

out-of-band ACI, when considering various front-end bandpass filters is shown in Figure 

4.16. The Eb/No at the front-end of the receiver prior to filtering was set at S.SdB. Only the 

performance of 3"̂  ̂ order Butterworth and order Bessel filters is shown since the other 

filters considered above exhibited very poor performance. The 3"̂  ̂ order Butterworth filter 

exhibits superior performance in this investigation due to its sharper roll-off and therefore 

higher attenuation of out-of-band interference close to the edges of the passband in 

comparison to the 3"̂  ̂order Bessel filter. However, this reasoning cannot be extended to the 

other higher order filters tested such as the 10  ̂ order Butterworth, Bessel and Chebyshev 

filters since they exhibited significantly inferior performance which can be attributed to poor 

phase linearity at the passband edges where in fact the desired signal was positioned, thus 

resulting in further signal distortion.

I
L UCC
L Uœ

out-of-band ACI, 3rd order Butterworth BPF 
- G -  out-of-band ACI, 3rd order Bessel BPF 

in-band ACI, 10th order Butterworth BPF
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P diff (dB)
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Figure 4.16: BER performance of wideband bandpass sampling receiver in the presence of out-
of-band and in-band ACI
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4.5 Summary

In this chapter, studies of the performance of a bandpass sampling receiver were carried out, 

where the characteristics of the front-end IF filter were varied. The investigation considered 

QPSK signals for a third generation cellular network scenario, using the carrier spacing of 

5MHz as defined in the 3G specifications. The modelling procedures used for the studies 

were described and BER performance of the bandpass sampling receiver in the presence of 

AWGN and ACI has been presented. This is considered to be more appropriate than the SDR 

studies reported in the literature. Both, narrowband and wideband front-ends were considered.

For the narrowband case the filters considered were the 1®‘, 3*̂**, and 10* order Butterworth and 

Bessel filters and the 10* order Chebyshev filter. The best performance achieved in AWGN 

by the bandpass sampling receiver is when the 10* order Bessel filter is used. The 

performance achieved is close to the theoretical BER performance of QPSK in the presence of 

AWGN. Receiver performance with the 10* order Bessel filter is closely followed by the 3"̂  ̂

order Butterworth filter which has sharper roll-off but a less linear phase response in the 

passband. In comparison, the other filters tested exhibit poorer performance. Varying the BTs 

value of the 10* order Bessel filter from 1.3 to 1.1 and 1.5 results in a very small difference in 

performance, concluding that variation in filter order and filter response type (Butterworth, 

Bessel, Chebyshev, etc.) results in more significant deviation in performance.

When considering the narrowband bandpass sampling receiver in ACI, the 10* order Bessel 

filter exhibits the best performance, followed again by the 3"̂  ̂ order Butterworth filter. The 

Bessel filter allows for receiver BER performance of less than 0.001 for ACI of up to 33dB 

above the power of the desired channel. Since noise was also added to the channel in the ACI 

investigations such that the Ey/Ng at the receiver prior to filtering was 8.8dB, the performance 

of the receiver is noise limited when interférer power is small. Once again, the BTs of the 10* 

order Bessel filter was varied, and the performance of the bandpass sampling receiver was 

investigated. The performance does not vary significantly for the three different BTs values 

investigated.

The wideband bandpass sampling receiver was arranged such that the front-end was wide 

enough to receive three of the QPSK signals used in the narrowband case. Therefore, the 

front-end was 15MHz wide and again behaviour in AWGN and ACI was investigated. The 

10* order Chebyshev filter demonstrated the best performance of the wideband bandpass 

sampling receiver. Such performance is attributed to the very sharp roll-off and therefore high
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attenuation of noise close to the passband. Since the filter is wider than the narrowband 10* 

order Chebyshev, the phase response is more linear, particularly at the passband edges. The 

10* order Butterworth filter also exhibits good performance.

The wideband ACI investigation considers interference from an interfering channel outside of 

the passband of the wideband filter. The interfering channel can be considered to belong to 

another cellular network operator in the same area. Within this scenario it was found that the 

best performing filter from those investigated was the 3*̂*̂ order Butterworth BPF. The 3*̂*̂ 

order Bessel filter also demonstrated a good result in comparison to the other filters, whose 

performance were very poor and thus not presented. The 3"̂  ̂order Butterworth filter exhibits 

superior performance in this investigation due to its sharper roll-off and therefore higher 

attenuation of out-of-band interference close to the edges of the passband in comparison to the 

3'̂ '̂  order Bessel filter.

In conclusion the performance of the narrowband bandpass sampling receiver front-end was 

investigated using a number of front-end filters. It was found that from the filters investigated, 

the 10* order Bessel filter had the best performance in both AWGN and ACI. Varying the BTs 

of this filter resulted in a slight variation in receiver performance thus inferring that variation 

in filter order and filter response type (Butterworth, Bessel, Chebyshev, etc.) results in more 

significant deviation in performance than variation in BTs. When considering the wideband 

scenario, a 10* order Chebyshev wideband filter demonstrated the best performance in 

AWGN. However, in the wideband ACI scenario, the best filter performance was given by 

the order wideband Butterworth response.

The BER performance considered in the investigations and modelling presented in the chapter 

are a method of monitoring the overall affect the front-end filter has on the bandpass sampling 

receiver. This can be regarded as being a more useful way of determining filter performance 

than using the signal distortion ration (SDR) described in [55], since it is a widely used 

measure of performance, taking in to account both the distortion introduced by filtering and 

also the aliasing of out-of-band energy in to the sampled passband [0, fs /2J.

The following chapter presents analysis of the effect of aperture jitter on bandpass sampling 

systems. A discussion of jitter, presentation of the analysis of amplitude errors on the sampled 

signal due to aperture jitter and simulation results is included.



Chapter 5 

Aperture Jitter and Bandpass Sampling

5.1 Introduction

This chapter examines the effect of aperture jitter on bandpass sampling systems. The 

consideration of aperture jitter, which results in a deviation of the sampling period from 

sample to sample, becomes increasingly important as the sampling process is shifted to 

perform at higher frequencies within the receiver chain. The benefits of sampling at RF or IF 

have been discussed in chapters 2 and 3, especially for a software radio solution, whereby the 

flexibility of the receiver is increased by encapsulating more radio functionality in the digital 

domain, and thus can be software defined and reconfigurable when programmable hardware 

is utilised.

The structure of this chapter is as follows. The definition of aperture jitter is presented, 

followed by the origins of aperture jitter. The effect of aperture jitter on system signal-to- 

noise ratio is described together with the maximum tolerable jitter for a given input signal 

frequency and data converter resolution. The literature covering some of the studies of 

aperture jitter and clock jitter in digital radio systems is presented. Expressions are then 

developed to analyse the amplitude error due to aperture jitter. The equations derived give the 

amplitude error as a function of aperture jitter and relate the error to the way in which 

aperture jitter is defined and consequently the way the clock signal is derived. These 

expressions are then compared to computer simulation models and the results discussed. The 

analysis presented in this chapter has been published in the proceedings of VTC2002 -  

Spring, Birmingham, AL USA, May 2002 [137].

121
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5.2 Aperture Jitter

In a sampling system, noise superimposed on the hold command affects timing [138]. Thus 

there is a variation in the sampling period from sample-to-sample. This is known as aperture 

jitter, or sometimes referred to as aperture uncertainty. Aperture jitter is conventionally 

specified as an rms time and is a function of the ADC quality and the quality of the sampling 

clock [87]. As shown in following sections, the effect of aperture jitter on system performance 

is a reduction in signal-to-noise ratio and results in a limitation of the maximum frequency 

that can be sampled by a finite resolution ADC, thus imposing a limitation on receiver 

architecture and the IF at which sampling can be implemented.

Aperture uncertainty has three residual effects as highlighted in [139]:

■ An increase in system noise

■ An uncertainty in the actual phase of the sampled signal itself

■ Intersymbol interference

Since aperture jitter is wideband noise on the clock signal, it shows as wideband noise in the 

sampled spectrum as well, degrading the noise floor performance of the ADC, and thus 

decreasing the SNR. Aperture jitter results in similar effects as those of phase noise on the 

clock signal, hence resulting in phase uncertainty of the sampled signal. The random 

deviation of the sampling point from the ideal sampling instance results in a randomly varying 

sampling period and signal degradation.

5.2.1 Origins of Jitter and Phase Noise

Sources of timing jitter are numerous. One source can be due to the corruption of the 

sampling pulse generator with random noise. A second source can be the result of the sample- 

and-hold aperture time uncertainty. Another source of timing jitter is introduced by an 

unstable sampling clock when its period changes randomly with time.

Aperture jitter is the result of noise superimposed on the hold command of a sample-and-hold 

amplifier, thus affecting timing. Noise produced in the active components of an oscillator 

circuit adds random perturbations to the amplitude and phase of the oscillatory waveform at 

its output [140]. Noise sources in the circuit can be divided in to two groups, namely, device 

noise and interference. Thermal, shot, and flicker noise are examples of the former, while 

substrate and supply noise are in the latter group [141]. Oscillators often suffer from large
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random fluctuations in the period of their output waveforms, termed the timing jitter of the 

oscillator. Such jitter becomes more prominent in wider band oscillators [140], Clock jitter, 

also referred to as phase noise on the clock signal, directly affects timing margins and hence 

limits system performance [141].

It is important to know the amplitude and phase noise separately because they affect circuit 

behaviour differently. For instance, the effect of amplitude noise is reduced by amplitude 

limiting mechanism and can be practically eliminated by the application of a limiter to the 

output signal, while phase noise cannot be reduced in the same manner. Therefore, in most 

applications, the total signal short-term instability, which is frequency dependent, is 

dominated by the phase portion and is thus known as phase noise. Reference [141] presents a 

model for phase noise which explains quantitatively the mechanism by which noise sources of 

all types convert to phase noise. The model recognises practical oscillators as time-varying 

systems. Their model shows that noise located near the integer multiples of the oscillation 

frequency contributes to the total phase noise. The model specifies the contribution of those 

noise components in terms of waveform properties and circuit parameters, and therefore 

provides important design insight by identifying and quantifying the major sources of phase 

noise degradation.

5.2.2 Aperture Jitter and Signal-to-Nolse Ratio

Aperture jitter can significantly degrade performance when considering a system required to 

sample a rapidly varying signal, i.e. a high frequency carrier. In fact, a limit on the signal-to- 

noise ratio due to aperture jitter can be derived. A sinusoidal signal is considered as the input 

to a sampling device, whose clock signal is affected by aperture jitter, as shown in Figure 5.1.

v[t)=Aûn{27ift)  (5.1)
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Figure 5.1: amplitude error due to jitter where nT^ is the nominal sampling position corrupted by
timing uncertainty Æ

The rate at which the signal varies can be determined by the slope of the signal. This is known 

as the slew rate. The effect of jitter is to cause an amplitude error, which occurs due to a 

deviation from the nominal sampling time, thus sampling the signal at a different position. 

The amplitude error is a maximum when the gradient of the sinusoid is a maximum, i.e. when 

t = nT, where n = 0,1, 2, 3... And T is the period of the sinusoid equal to 1/f.

— v(r) = 2 An f  cos{2n f t )
(5.2)

When evaluated at t = nT

(5.3)

The amplitude error due to jitter can be determined from the product of the rms jitter At with 

the rms slew rate as follows [142]

1 /V ^ 
^  ^  ^ v{ t ) ]dtxAt=^f2nfAAt

(5.4)

The signal-noise ratio of the signal is degraded by the amplitude error and amplitude noise 

and is expressed as
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SNR = lO\og 10 { A / y f l f / y h t f A A l f  +e^}
(5.5)

If we assume that the jitter term is much greater than the amplitude noise, then the SNR is 

expression can be reduced to

S N R = -2 0 lo g (2 ^ fA t)  

where the SNR is independent of the signal amplitude A.

(5.6)

However, when the amplitude noise is much greater than the jitter, then the SNR is 

proportional to the logarithm of A, as below:

5Af/?=201og(VV2eJ (5.7)

In the above derivation of the signal-to-noise ratio the assumption that 27fAt«l was made. 

However, Kobayashi et al. [143] derive the noise power due to jitter for almost any input 

signal without using the above assumption. Providing the Fourier transform of the input signal 

exists the noise power Pj due to jitter is given by

pj 1-exp
(5.8)

dû)

where co = 2;rf and F(jco) is the Fourier transform of the input signal v(t) and aj is the mean 

square jitter.

5.2.3 Aperture Jitter and IF

Returning to equation (5.1), it can be shown that aperture jitter places a restriction on the 

maximum frequency of the input signal to be sampled, given the finite resolution of the 

analogue-to-digital converter. Instead of sinusoidal signal amplitude A, we define the signal to 

have a peak-to-peak amplitude equivalent to the full-scale of the ADC, Vfs, thus implying A = 

Vf/2. The slew rate of the input signal can now be used to determine accurately the amount of 

aperture uncertainty which is tolerable [138]
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slew rate =_ <^ (̂0 _ 
dt dt

= nfV f^ cos{27T f t )

fs sin (2 ;r/f) (5.9)

The maximum slew rate of the input occurs at the “zero-crossing” which is midscale for a 

unipolar ADC, thus resulting in

(5.10)

The amount of aperture uncertainty that is tolerable is determined by assuming that the 

maximum amplitude error due to jitter that may be allowed is equivalent to half the least 

significant bit step size. Thus dv is equivalent to Vz LSB, or where N  is the resolution

of the ADC in terms of number of bits. Therefore, dt̂ oax, which is the maximum amount of 

aperture uncertainty tolerable for a given input frequency and required ADC resolution is 

given by

1Ht —, 
*max _

(5.11)

The expression can be rearranged to give the maximum input frequency achievable for a 

given ADC resolution and aperture uncertainty specification. Thus it is important to minimise 

the amount of aperture uncertainty in the sample-and-hold (track-and-hold) process of 

analogue-to-digital conversion if data conversion is to be implemented at higher carrier 

frequencies.

5.3 Aperture Jitter and Clock Jitter

The effects of jitter have been widely studied for both aperture jitter and clock jitter. 

Kobayashi et al [143] derive the aperture jitter affects in wideband ADCs for almost any type 

of input signal. Their analysis is based up the assumption that a Fourier transform exists for 

the input signal, and the noise power due to jitter is presented.

1 -exp dû)
(5.12)



Chapter 5 -  Aperture Jitter and Bandpass Sampling Systems 127

where co = 2;^ and F(jco) is the Fourier transform of the input signal v(t) and cr/ is the mean 

square jitter.

Analysis of the effects of quantisation noise is presented in [143] and the total noise power is 

the sum of noise power due to jitter and noise power due to quantisation errors, which are 

independent of each other. For wideband systems, the noise due to jitter can be much larger 

than quantisation noise. The noise produced due to timing skew problems in interleaved ADC 

systems is also investigated, which have a noise distribution different from the white noise 

spectrum of jitter, thus raising the possibility of degrading the spurious free dynamic range of 

the data converter,

Non-uniformly sampled signals and their digital spectra have been extensively studied by 

Jenq, Reference [145] presents a method for measuring the standard deviation of clock 

(aperture) jitter of an ADC based on asynchronous spectral averaging. This method is used to 

overcome the practical factors experienced during measurement such as harmonic distortion, 

dc offset which may shift the SNR value and obscure the measurement result. Spectral 

averaging is also performed to deal with the stochastic nature of the clock jitter which may 

affect the repeatability of measurements.

Extensive work has been conducted by Awad on the topic of jitter effects in sine wave 

measurements [146] [147] [148] [149], References [146] and [147] present the effect of 

sampling jitter on the amplitude and phase of a pure sinusoid determined using the FFT, The 

effects of jitter on signal amplitude and phase demonstrate a dependence on both signal 

frequency and the standard deviation of time jitter. References [148] and [149] examine the 

effects of accumulated timing jitter in both the frequency domain and the time domain. 

Accumulated timing jitter results from the sampling of a signal by an unstable clock where its 

period changes randomly. It may also be introduced in ramp-time bases that are often used in 

sampling oscilloscopes. It is found that time domain analysis of accumulated timing jitter is 

more accurate than frequency domain analysis. This is due to the addition of part of the jitter 

noise spectrum at the fundamental DFT component to the signal itself thus resulting in an 

overestimation of the SNR. This occurs due to finding that the equivalent jitter noise does not 

have a white spectrum,

Shinagawa et al describe jitter analysis of high speed sampling systems in [142], Their jitter 

estimation model considers three components of jitter: sampling circuit jitter, analogue input 

signal jitter, and sampling clock jitter; the total measured jitter is given by the sum of these 

three components. The assumption that a finite system bandwidth exists is made. These limits
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reduce the signal generator jitter, and this restriction is represented by two bandpass filters in 

the model. From their results they conclude that for converters in the high sampling frequency 

region, the sampling circuit jitter must be reduced, and in the low sampling frequency region, 

the signal jitter must be reduced.

Lohning and Fettweis investigate the effects of aperture jitter and clock jitter in [150]. Both 

have limiting effects in ADCs with a digitisation bandwidth between IMHz and IGHz. 

Aperture jitter is defined as the random sampling time variation in ADCs which are caused by 

thermal noise in the sample-and-hold circuit. Clock jitter is defined as a property of the clock 

generator that feeds the ADC with the clock signal. It is caused by the phase noise of the 

oscillator and generates additional sampling time errors in the ADC.

The definition of various jitter phenomena are given by Shimanouchi in [151]. The author 

clarifies the relationship between these jitter aspects and reviews several measurement 

techniques. The jitter terminologies defined in the paper are as follows:

■ Timing Jitter: defined as the deviation of each signal edge timing from its ideal 

position.

■ Period Jitter: the variation of clock period; seen to be of greatest concern for high 

speed digital devices, especially microprocessors.

■ Long Term (Accumulated) Jitter: the deviation of clock edge to edge time interval 

from ideal over more than one clock cycle. It is considered to be a natural extension 

of period jitter. While period jitter is defined for one clock cycle, long term jitter is 

defined for multiple clock cycles.

■ Jitter Accumulation: when a signal propagates through multiple stages, jitter 

generated by each stage is added to the signal, that is, the jitter of the signal is 

accumulated during the signal propagation.

The author then describes the two most common jitter models used - equivalent noise voltage 

model and phase noise model; these are applied to a sinusoidal clock and a square-wave 

clock. Frequency and time domain analysis of the noise models are carried out followed by a 

review of various jitter measurement methods.

Stewart [88] and Mollenkopf [87] both deal with the issue of jitter in IF sampling CDMA 

receivers. Reference [88] mentions that conventional analysis of the effect of sampling clock 

jitter as given by the expression for the signal-to-noise ratio due to jitter, given by (5.13), is 

not applicable to the case of establishing the effect of sample clock jitter on the desired user 

waveform in an IF-sampling DS-SS receiver. The reasoning given is that the SNR in such a 

system, which is defined as the ratio of the energy per chip to noise spectral density Ec/Nq -
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by definition is very low. The degradation in DS-SS receiver performance arises from the 

effect of sample clock jitter on the de-spreading process. A reduction in chip coherence 

during de-spreading occurs, thus leading to loss of SNR at the de-spreader output. The result 

from the analysis shows that as the bandwidth of the sample clock phase noise approaches the 

chip rate, maximum SNR degradation occurs. In reference [87] the actual statistics of the 

input signal and noise are considered when quantifying the effects of aperture jitter. It is 

shown that aperture jitter produces an effect analogous to loss of quadrature in baseband 

sampling receivers due to the angular aperture error resulting from aperture jitter.

SNR=-.  ---- ^  (313)
(2>Tf,^cr,)

where fjF is the intermediate frequency at which sampling occurs, and <7r is the rms sample 

clock timing jitter.

A survey and analysis of ADCs is presented by Walden in [152]. He states that resolution of 

converters appears to be thermal noise limited for sampling rates below 2MSPS. However, at 

sampling rates ranging from -2MSPS to ~4GSPS, resolution falls off by ~1 bit for every 

doubling of the sampling rate. This behaviour is attributed to uncertainty in the sampling 

instant due to aperture jitter. The author collates the specifications of a large range of ADC 

devices, and presents analysis for trends in performance for device characteristics such as 

sampling rate, resolution, SNR and aperture jitter.

5.4 Analysis of the Amplitude Error Due to Aperture Jitter

In this section, we derive expressions for the amplitude error due to jitter, based upon the 

power spectral density of the input signal [137]. The possible benefit of oversampling is also 

examined. The input signal, v(t), is assumed to be sinusoidal, thus representing a high 

frequency carrier signal.

v(^) =Acos(2;r f j  + O) (5.14)

where fc is the carrier frequency of the signal, and 0  is a random variable, uniformly 

distributed over (-n, %).

The amplitude error due to jitter can be approximated by the product of the timing deviation 

with the first derivative of v(t), assuming that the timing deviation (aperture jitter) is small.
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Av ~ A tX — vit) 
dt

— v{t) = — [Acos{2t̂ j  + 0)] = -27f^Asm {27fj  + 0 )  = v'(t) 
dt dt

v'(t) is also a random variable with zero mean and a mean square given by E[v'^(t)] where 

E[.] is the expectation operator.

The variance or the mean square value of the amplitude error arising from aperture jitter in the 

sampling process is given as

(5.17)

The autocorrelation function of v"(t) is Ry(T) and is defined as

R,.{T) = E[v'(t + T)v'(t)] (5-18)

for all t

R , . ( o ) = e [ v ' ^ ( f ) J  ( S I * )
when T= 0

Taking the Fourier Transform of the autocorrelation function results in the Power Spectral 

Density Sv'(f)

(5.20)
s A f ) =  £/?v'Wexp(-7'2;;r/ryr

From the Einstein-Wiener-Khintchine relations [53]

(5.21)
£ s ,.(/)ex p (;2 ;r /i-V /

From (5.19) and (5.21), when substituting the value T = 0 in the autocorrelation function, the 

mean square value of the first derivative of the input signal, is equivalent to the signal’s 

power spectral density

r A o)=  [ _ s , . { f ) d f  = £[v'^(l)] (5.22)
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M  = £■[(- AlTcf^ sin{2;r/,r + 2Mf^T+0}X - A ln f^  sm{2n  f^t + 0})] (5.23)

R^.{r)=A^n^f^cos{2nf^T) (5.24)

From (5.20) the power spectral density is determined by taking the Fourier transform of the 

autocorrelation function resulting in

Sv- ( / )  = F{R,  (r)}= A V  V /  [<?(/ - f , ) + S { f  + 1  )] (5.25)

From (5.17) and (5.25), we can obtain the mean square value of the amplitude error due to 

jitter as

<tI, £ [< J ( /- /c )+ < y ( /  + / , ) k /  (5.26)

The signal is described in the frequency domain as power spectral density, leading to the 

conclusion that as the input frequency of the signal increases, the amplitude error also 

increases and as the level of jitter increases, again the resulting amplitude error increases. This 

is consistent with the conclusion of (5.13).

Expression (5.26) considers jitter expressed as a fixed mean square value. As the sampling 

rate is increased, it is implied that there is no change in amplitude error due to jitter since the 

amplitude error on each sample remains the same regardless of the number of samples. 

Therefore, (5.26) indicates that increasing the sampling rate has no effects on reducing the 

amplitude error caused by aperture jitter. The reason why increasing the sampling rate is of 

interest is to examine whether or not oversampling has any benefits of reducing the noise due 

to aperture jitter in a similar way to how oversampling reduces quantisation noise [144]. Both 

aperture jitter and quantisation noise are wideband noise phenomena.

A sampling clock can be implemented using several methods, which may treat jitter in 

different ways. The jitter superimposed on the clock signal may be due to a variety of noise 

effects within the clock circuitry. The jitter may be treated such that a fixed value of jitter 

occurs for a range of sampling rates within the operating range of the clock and ADC. 

However, another clock implementation may scale the amount of jitter as the sample rate is
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varied. This may result in a fixed percentage jitter defined as o f =of/Tf,  where T, is the 

sampling period. This modifies the expression for amplitude error due to jitter, resulting in

From (5.27), it can clearly be seen that when jitter is expressed as a fixed percentage of the 

sampling period, there is a reduction in the amplitude error as the sampling period is 

decreased. This suggests that oversampling the signal with respect to its bandwidth may 

improve performance of the receiver when considering aperture jitter, thus increasing the 

signal-to-noise ratio due to jitter.

However, the sampling clock may treat jitter in a different way compared to the two methods 

considered in (5.26) and (5.27), due to its implementation. For some clock implementations, 

the jitter may be fixed as in (5.26), or vary very slightly with sampling rate. With other 

methods of deriving the clock signal, the error due to jitter may significantly depend on the 

sampling rate used as in (5.27). A model can be developed to illustrate that the effect of 

sampling frequency on the amplitude error due to aperture jitter varies with clock 

implementation. The expression in (5.28) is developed to describe a generic model for the 

behaviour of aperture jitter for various sampling clocks.

( j]  =  +  (l -  (5.28)

where oris a value with range 0 < a < l ,  and is a parameter related to clock implementation. 

As ûris varied we obtain a number of clock implementation cases whose treatment of aperture 

jitter varies between the two extreme cases of a fixed value jitter (a  = 1), and a fixed 

percentage jitter (a= 0).

A study of this effect is shown in Figure 5.2, which is a graph of amplitude error due to jitter 

versus sampling rate, using log axes. The value used for the signal carrier frequency is 

lOMHz, with aperture jitter taken to be 2ns, which is an exaggerated value so as to show the 

effect of jitter. The two solid lines, one diagonal, and one horizontal, represent the cases for 

fixed percentage jitter and for a fixed amount of jitter respectively. The intermediate cases 

0 < a  < 1, demonstrate the effect of changing the sampling rate on amplitude error caused by 

jitter for sampling clocks whose treatment of jitter is different. For example, when the clock 

frequency, and hence the sampling rate is increased, the jitter expressed as a percentage may
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not be a fixed value, and some clock implementations demonstrate very little change in the 

effects of jitter as the sampling rate is changed. Therefore, the effect of oversampling in 

bandpass sampling receivers varies depending on sampling clock generation and the relation 

of jitter mean square value to the sampling period and carrier frequency.

In the following section, a model is developed in Agilent’s ADS platform, in order to simulate 

the effect of aperture jitter, and analyse the amplitude error for the different definitions of 

aperture jitter given in (5.26) and (5.27). The validity of the above expressions will be 

discussed after presenting simulation results.
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5.5 Modelling of Aperture Jitter, and Computer Simulation of 
its Effects

5.5.1 Jitter Model Used In Analysis

The sample-and-hold process used to represent the ADC is described in this section. Using 

the Agilent Advanced Design System [154], the ADC function is modelled using an ideal 

sample-and-hold function. Note that the quantisation process usually associated with ADC 

functionality is omitted from this model. Therefore any quantisation errors are absent, 

allowing the effect of aperture jitter to be studied independently. The ideal sample-and-hold 

function has two inputs; the input signal and the clock signal. The input signal is sampled at 

the instance of the rising edge of the RF clock signal and the signal level is held until the next 

sample is taken. Thus the hold command is initiated at the exact same time the sample is 

taken. Hence, the timing uncertainty of the hold command due to thermal noise is set to equal 

the timing uncertainty of the clock signal. Therefore aperture jitter can be modelled as phase 

noise on the clock signal.

sampled signal

received and 
filtered signal centred 
onfc = 10MHz

Constant = 0

Additive
White
Noise

PM
modulator

Sample-and-
hold

( a )

sampled signal

received and 
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onfg = 10MHz

Constant = 0
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White
Noise

FM
modulator

Sample-and-
hold

(b)

Figure 5.3: modelling of jitter on clock signal using (a) phase modulation and (b) frequency
modulation
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The clock signal is considered to be sinusoidal, with frequency equal to the sampling rate of 

the ADC. Aperture jitter is thus modelled as a noise signal modulating the clock signal using 

either phase modulation (PM) or frequency modulation (FM), resulting in randomly varying 

noise amplitude translated to a sinusoid whose phase or frequency randomly deviates from the 

nominal clock phase or frequency. The model used to distort the clock signal to the sample- 

and-hold function with jitter is shown in Figure 5.3. In the frequency domain this results in a 

spreading of the sinusoid frequency component, and also a rise in the noise floor. In the 

frequency domain the sinusoid component can be seen to exhibit skirts around the nominal 

frequency as shown in Figure 5.4 and Figure 5.5, when using the PM and FM jitter models, 

respectively.
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Figure 5.4: frequency spectrum of (a) sinusoidal clock signal at 8MHz, (b) sinusoidal clock signal 
at 8MHz affected by jitter, using tbe PM model
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Figure 5.5: frequency spectrum of (a) sinusoidal clock signal at 8MHz, (b) sinusoidal clock signal 
at 8MHz affected by jitter, using the FM model

Aperture jitter is often considered to be Gaussian distributed with white spectrum, as assumed 

by [142] and [143]. However, Nicola Da Dalt et al. [153] emphasise that this is far away from 

reality. They mention that the spectral distribution of the phase noise of a phase-locked loop 

(PLL) frequency synthesiser is mainly shaped by the voltage-controlled oscillator (VCO) 

noise spectrum and by the phase noise spectrum of the input clock, as well as by the transfer 

function of the control loop. In the Shinagawa [142] model bandpass filters are used to 

represent the bandwidth restriction of the sampling system and therefore would shape the 

noise spectrum, and thus can no longer be considered white.

The noise used in the ADS model is Gaussian distributed and is considered to be bandlimited 

to the bandwidth of the simulation which is large in comparison to the signal bandwidth, 

therefore can be considered to be white. Other noise distributions, such as uniform distributed 

noise can also be considered.
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The PDF of a Gaussian distributed noise source as given in [154] is

f{ v )  = ~ A
■ h

(5.29)

where is the mean and a is the standard deviation.

The PDF of a uniform distributed noise source is given as

/W  =
 ̂ , if A < V < B (5.30)

B - A  
0, otherwise

A < B

The variance of the uniform distribution is simply [155]:

( T ^ = — ( A - B y  (5.31)
12

If we assume A = -B and a zero mean process, then a  = .
V3

5.5.2 Model to Determine Amplitude Error Due to Jitter

The amplitude error due to jitter is obtained by comparing the outputs of two sample-and-hold 

simulation models, each acting on the same input signal. The difference between the two 

models used here is in the representation of the clock signal. One has a pure sinusoidal clock 

signal and the other has a sinusoidal clock signal affected by jitter as described above. The 

outputs of the sample-and-hold models are compared by taking the square of the difference, 

and then averaging over the number of points the simulation duration corresponds to. The 

model is shown in Figure 5.6 below and screenshots from the ADS schematics are presented 

in Appendix C.



Chapter 5 -  Aperture Jitter and Bandpass Sampling Systems 138

Tx

m e a n  s q u a r e  
am p litu d e  e r ro r

clock  with 
jitter

clock

sa m p le -a n d -
ho ld

sa m p le -a n d -
ho ld

ro o t- ra is e d  c o s in e  
s h a p e d  0.1 M bit/s d a ta , 
B PSK  m o d u ia tion , f ,  = 

10MHz

Figure 5.6: model for determining the amplitude error due to jitter

Figure 5.6 illustrates that the input signal used is a BPSK signal, centred on a carrier of 

lOMHz, and is root-raised cosine filtered to provide Nyquist pulse shaping. The transmitted 

signal is passed through a bandpass filter also centred on lOMHz, and this is the receiver 

front-end filter. The clock signal is sinusoidal, and modelled as shown in Figure 5.3. Jitter can 

be considered as a random deviation from the nominal clock period, thus corresponding to a 

random phase deviation or a random frequency deviation. The maximum phase deviation in a 

PM signal can be related to an amplitude variation by (5.32). The frequency deviation in an 

FM signal can be related to an amplitude variation by (5.33).

A(/>= KpAm (5.32)

Af= KfAm (5.33)

where Kp and Kf are the PM and FM modulator sensitivities, respectively, and are assumed to 

be unity; A^ is the amplitude required to cause the phase deviation A(l> or the frequency 

deviation Af. Thus, a signal with randomly varying amplitude, produced by the noise 

generator can be calibrated to provide a particular rms phase or frequency deviation, 

corresponding to a specific value of rms jitter by phase modulating or frequency modulating a 

carrier with noise .̂

In order to exaggerate the effect of aperture jitter on the sampling process, a large jitter value is used. 
Instead of the typical jitter values currently achievable in ADC technology for wireless 
communications which can be of the order of picoseconds [139], an rms value of 2ns is used in the 
model.
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5.5.2.1 Results Using PM Generated Clock Signal

The following examines the mean square amplitude error due to aperture jitter via simulations 

in Agilent’s ADS. Both methods of generating the clock signal with jitter are used and the PM 

method is presented first. The methods of defining jitter and its relationship to the clock 

frequency are as mentioned in section 5.4. The first method defines a fixed aperture jitter 

value. In this case as mentioned above, the value used is 2ns, regardless of the clock signal 

frequency. The clock period is considered as being 2ti radians. The 2ns jitter is represented as 

a fraction of 2ti, added to and subtracted from 2ti. The phase deviation is then translated into a 

noise voltage using the relationship expressed in (5.32).

The second method of defining jitter is as a percentage of the clock period. In this case the 

equivalent percentage of a 2ns interval to the longest sampling period of a clock used 

(corresponding frequency is 0.755MHz) is determined, and then this percentage is used to 

determine the jitter on the signal for other higher clock frequencies, obtaining the 

corresponding phase deviation and then determining the associated noise voltage required. 

Gaussian distributed noise was used for the jitter model, and the amplitude error due to 

aperture jitter was obtained for different sampling rates. The sampling rates were determined 

using the mixer-free sampling rate as discussed in Chapter 3 and in [59], and normal spectral 

placement was considered^. The results are shown in Figure 5.7,

The results shown in Figure 5.7 indicate the following trends for the amplitude error due to 

jitter when the sampling clock frequency is varied:

■ For fixed rms jitter, there is no change in amplitude error as the sampling rate is 

increased. This is in agreement with the results obtained from the analysis in expression 

(5.26) and Figure 5.2, implying that when jitter is defined as a fixed rms value, its affects 

cannot be reduced by oversampling the signal.

■ For percentage jitter, with the percentage derived from the ratio of 2ns to the period of a 

clock signal whose frequency is 0.755MHz, the amplitude error decreases as the sampling 

rate is increased. Again, the result obtained via simulation agrees with the analysis in 

section 5.4. This implies that oversampling with respect to signal bandwidth can decrease 

the effects of aperture jitter, thus improving the signal-to-noise ratio.

The next section performs simulations to verify the analysis by using frequency modulation to 

generate the clock signal with jitter. The presentation of results obtained is followed by a 

discussion of the all the results and their validity.

 ̂Refer to Chapter 3, section 3.2.2, for explanation of spectral placement.
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Figure 5.7: mean square amplitude error due to jitter versus clock frequency for Gaussian 
distributed jitter and PM generated clock signal

S.5.2.2 Results Using FM Generated Clock Signal

In this section three methods of defining the jitter and its relationship to the clock frequency 

are used in the modelling. The first two are mentioned in sections 5.4 and 5.5.2.1, and 

elaborated here. The third method is by the use of a frequency multiplier in order to scale the 

clock signal to different frequencies. The first method defines a fixed aperture jitter value. In 

this case as mentioned above, the value is 2ns, regardless of the clock signal frequency. The 

jitter is added and subtracted from the clock period in order to obtain the rms frequency 

deviation which is then translated into a noise voltage. The second method of defining jitter is 

as a percentage of the clock period. Here the equivalent percentage of a 2ns interval to the 

longest sampling period of a clock used (corresponding frequency is 0.755MHz) is 

determined, and then this percentage is used to determine the jitter on the signal for other, 

higher clock frequencies. The final method is by using a frequency multiplier. The clock 

signal, chosen to be 8.0MHz is distorted with 2ns jitter. A frequency multiplier is used to 

translate this jittered clock signal to different, lower frequencies.
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Gaussian and Uniform distributed noise were used for the jitter model, and the amplitude 

error due to aperture jitter was obtained for different sampling rates. The results are presented 

in Figure 5.8 and Figure 5.9.
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Figure 5.8: mean square amplitude error due to jitter versus clock frequency for Gaussian 
distributed jitter and FM generated clock signal
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Figure 5.9: mean square amplitude error due to jitter versus clock frequency for uniform 
distributed jitter and FM generated clock signal

The results shown in Figure 5.8 show the following trends for the amplitude error due to 

Gaussian distributed aperture jitter:

■ For fixed rms jitter, there is an increase in amplitude error as the sampling rate is 

increased. Therefore, oversampling actually increases the effect of aperture jitter. 

This however, disagrees with the expression (5.26) which implied that there would be 

no effect on the amplitude error when oversampling the signal at a higher rate. In this 

case, simulation disagrees with analysis and this can be attributed to the fact that as 

the sampling rate (clock frequency) increases, the fixed amount of aperture jitter 

causes a larger frequency deviation, hence causing a greater deviation of the clock 

signal period from sample to sample. This results in greater amplitude error during 

sampling, especially when sampling the zero-crossings of the carrier signal.

■ For percentage representation of jitter, with the percentage derived from the ratio of 

2ns to the period of a clock signal whose frequency is 0 755MHz, there is a slight 

increase in amplitude error as the sampling rate is increased. Once again this is not in 

line with the analysis which implied that as the sampling rate increases, the effect of 

jitter becomes less severe. When the sampling period is reduced (i.e. the sampling 

rate increases), the jitter decreases as a fixed percentage of the period, therefore, when



Chapter 5 -  Aperture Jitter and Bandpass Sampling Systems 143

compared to the fixed rms jitter case, the frequency deviation due to jitter is relatively 

lower for large sampling rates. Although the effect of jitter is worse for increasing 

sampling rates, the severity is reduced when compared to the fixed jitter case.

■ For the case where the frequency multiplier is used to translate the jittered clock 

signal from 8.0MHz to lower mixer-free sampling frequencies, the trend is similar to 

that seen with the jitter defined as a fixed percentage. In this case the translation of 

the signal from one frequency to another treats the jitter in a similar fashion to the 

percentage jitter case. In fact, if the original jitter clock signal is 0.755MHz with 2ns 

of jitter and is frequency multiplied to higher frequencies up to 8.0MHz, identical 

results occur to that of the above percentage jitter case.

Similar trends are observed when uniform jitter is also used, as shown in Figure 5.9. The main 

difference when compared to the results obtained with Gaussian distributed jitter is in the 

magnitude of the amplitude error resulting from aperture jitter in the sampling process. From 

the simulation results it can be concluded that the benefits of oversampling seen in lowering 

quantisation noise are absent from the effect of aperture jitter. In fact, oversampling increases 

the amplitude error due to jitter and thus decreases the signal-to-noise ratio.

5.5.2.3 Discussion of Results

The following is an explanation of the trends seen and the validity of the results obtained in 

sections 5.5.2.1 and 5.5.2.2.

When using phase modulation to generate the clock signal with jitter, the phase deviation is 

relative to 2n regardless of the sampling period. Therefore the jitter model as described by 

Figure 5.3 (a) shows no dependence on the sampling period. This is similar to the 

mathematical expressions of (5.26) and (5.27). The development of these expressions did not 

rely on defining the sampling period or frequency, and therefore this method of modelling 

jitter is consistent with the mathematical expressions developed. The results in Figure 5.7 are 

also consistent with the analytical results in Figure 5.2.

The results obtained by modelling a clock with jitter using frequency modulation substantially 

differ from the results obtained via the mathematical analysis. In fact the complete opposite 

trends arise, and the result of oversampling is an increase in amplitude error when jitter is 

defined as a fixed value or as a percentage of the sampling period. The different results 

obtained can be attributed to the way in which the frequency deviation has a direct
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dependence on the carrier (clock) frequency, thus a larger frequency deviation occurs for a 

larger clock frequency when then the jitter is kept constant. This implies that as the clock 

frequency is increased (i.e. greater oversampling is carried out), due to the larger frequency 

deviation caused by jitter, the mean square amplitude error obtained also increases. Looking 

at the problem in the time domain, it is obvious that as the clock frequency increases, the ratio 

of the jitter to the clock period increases, thus resulting in a greater deviation in such period. 

In short, we can conclude that the results obtained using frequency modulation to model a 

clock with jitter can be considered to be more faithful than those obtained using phase 

modulation when considering the effects of oversampling. The inherent dependence on the 

sampling period is absent from the mathematical analysis and hence is the disagreement in the 

results.

5.6 Summary

In this chapter a study of the effect of aperture jitter on bandpass sampling systems was 

carried out. Definitions of aperture jitter, including some of the effects of aperture jitter on 

system performance have been presented and the origins of jitter have been discussed. 

Aperture uncertainty has the three residual effects below:

■ An increase in system noise

■ An uncertainty in the actual phase of the sampled signal itself

■ Intersymbol interference.

The effects of aperture jitter on signal-to-noise ratio and on the maximum signal frequency to 

be sampled given a specific amount of jitter and ADC resolution are examined in detail. 

These expressions are widely used as guidelines when considering ADCs for implementation 

in radio receivers.

Expressions have been developed for the amplitude error due to aperture jitter, based upon the 

signal power spectral density. These expressions are based upon assuming the signal to be 

sampled is a simple sinusoid, however, the expressions can be modified to accommodate any 

input signal. They consider that a deviation of a sampling instance from its nominal timing 

value results in sampling the signal at a different point in time, thus resulting in an amplitude 

deviation. Two expressions have been developed in this chapter each defining jitter from a 

different perspective. The first method defines jitter as a fixed mean square value while the 

second expression defines it as a fixed percentage of the sampling period. A simple model 

was presented, showing how the treatment of jitter by the clock circuitry and by sampling
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function leads to different variations of jitter with sampling rate. This implied that 

oversampling the signal with respect to its bandwidth can decrease the effect of aperture jitter, 

and thus improve signal-to-noise ratio.

A model was developed to provide simulation results for the amplitude error due to aperture 

jitter and to provide a method of validating the analysis developed. A description of the model 

and how aperture jitter in particular was modelled in Agilent’s ADS platform has been 

presented together with the simulation results obtained. These models used two different 

methods of generating a sampling clock with jitter; a noise source phase modulating a 

sinusoid, and a noise source frequency modulating a sinusoid. The models used the two 

treatments of jitter defined in the mathematical analysis; a fixed rms value and as a fixed 

percentage of the sampling period. The results obtained using the PM model are consistent 

with results obtained from the mathematical analysis, showing that oversampling can reduce 

the effect of aperture jitter and thus improve system performance when jitter is defined as a 

fixed percentage. The results indicate that when jitter is defined as a fixed rms value, 

oversampling does not affect the amplitude error caused by aperture jitter. This model and the 

mathematical expressions developed are both independent of sampling frequency in their 

definition. The development of the expressions does not rely on the sampling period, and the 

PM model determines the phase deviation caused by the noise source relative to 2n. The 

results obtained by using the FM model contradict the trends observed from both the PM 

model and the mathematical analysis. Oversampling increases the amplitude error due to 

jitter, and thus degradation in SNR is observed as the sampling rate is increased. This can be 

attributed to the fact that as the sampling rate (clock frequency) increases, the fixed amount of 

aperture jitter causes a larger frequency deviation, hence causing a greater deviation of the 

clock signal period from sample to sample. Similar results were obtained with both Gaussian 

distributed and uniform distributed aperture jitter. From the simulation results it can be 

concluded that the benefits of oversampling seen in lowering quantisation noise are absent 

from the effect of aperture jitter. In fact, oversampling increases the amplitude error due to 

jitter and thus decreases the signal-to-noise ratio. The definition of the frequency deviation is 

dependent on sampling period and therefore this model is regarded to be a more faithful 

representation of the behaviour of aperture jitter as the sampling rate is varied. Therefore, this 

model is chosen for use in subsequent investigations in the next chapter.



Chapter 6 

Multicarrier and Multimode Bandpass Sampling 

Receivers

6.1 Introduction

This chapter demonstrates the application of bandpass sampling to multicarrier signals, taking 

OFDM as a representative signal of such. An OFDM bandpass sampling receiver is modelled 

and the effect of aperture jitter on the performance of the receiver is investigated, following 

the modelling techniques developed in the previous chapters. In particular, the sampling rate, 

carrier frequency and the addition of a cyclic prefix to the OFDM signal are considered.

The second part of the chapter considers a front-end for a multimode receiver based upon a 

single ADC that utilises bandpass sampling in order to perform digitisation and 

downconversion of two signals. The signals considered are: a single carrier signal 

representing a typical cellular system signal, and an OFDM signal representing a WLAN type 

signal. Investigations regarding IF filtering, signal spacing, signal position and sampling 

frequency are carried out.

The chapter begins by introducing OFDM before presenting the investigations mentioned 

above.

146
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6.2 OFDM

6.2.1 Basic Principle

OFDM is a spectrally efficient multicarrier modulation scheme suitable for high data rate 

transmission and reception. A single datastream is transmitted over a number of linear 

independent subcarriers for which the frequency spacing is the reciprocal of the OFDM 

symbol period. This ensures there will be no cross talk from other channels at the centre 

frequency of each subchannel even though the subchannels overlap [156]. This carrier 

spacing ensures orthogonality between adjacent subchannels and hence no interference 

between subchannels should occur. An important reason for performing such processing on a 

high data rate signal is to alleviate the effects of multipath fading channels. By multiplexing 

the data stream onto a number of subcarriers, the duration of each bit on each subcarrier is 

longer than the original bit period. Therefore, if the subchannel symbol period is made longer 

than the delay spread of the channel, the channel effects are reduced and hence performance 

degradation such as ISI is mitigated. Hence OFDM allows for transmission of high data rates 

in the presence of multipath without significant performance degradation from frequency 

selective fading. Another way of looking at the advantages of multiplexing a data stream on to 

a number of adjacent carriers is that if fading occurs at a specific narrowband frequency 

range, only the bits transmitted on the subcarrier within that band are affected, rather than 

affecting all the bits transmitted.

6.2.2 Implementation of OFDM Transceivers

There are two methods commonly used to implement OFDM. The first method is the 

continuous time method, or oscillator based method, and the second is the discrete method 

using the fast Fourier transform. This is the more commonly used implementation scheme 

since it is significantly more efficient in terms of computational processing and reducing the 

number of components required.
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6.2.2.1 Oscillator Method

Implementation of an OFDM transmitter and receiver based on oscillators to modulate 

subcarriers with data symbols is shown in Figure 6.1. In addition to the schematic shown, 

upconversion and downconversion, together with the appropriate data conversion from digital 

to analogue and vice versa is necessary for complete transmitter and receiver structures. At 

the transmitter, data symbols which can be real or complex depending on the modulation 

scheme used (e.g. BPSK, QPSK, 16-QAM, etc.) are de-interleaved into N  substreams, where 

N  is the number of subcarriers used in the OFDM signal. These substreams each modulate one 

of the N subcarriers, and then the outputs of each oscillator are summed. The subcarriers are 

separated in frequency by a spacing equal to the reciprocal of the OFDM symbol period, T, as 

mentioned above, to preserve orthogonality between subcarriers and prevent cross talk 

between subchannels. An OFDM symbol can be expressed as

= , 0 < t < T
Vi „=0

In (6.1), X„ is the complex data symbol modulating subcarrier n. At the receiver, the 

complex modulation symbol is recovered by multiplying the OFDM symbol with the complex 

conjugate of the subcarrier and then integrating over the signalling interval, T. Therefore 

the complex modulation symbol is given by

.2nnt
dt ̂ T (6.2)

Due to the orthogonal nature of the subcarriers, zero correlation is expected between any two 

different subcarriers, except when the complex subcarriers have the same frequency. 

Therefore only the data subcarrier is recovered when the received OFDM symbol is 

multiplied by the complex conjugate of the nth subcarrier. No ICI is introduced in this 

process. It can be seen from (6.2) that the receiver process is similar to applying the Fourier 

Transform to the OFDM symbol in order to recover the data conveyed on subcarrier « [157].
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Figure 6.1: Implementation of OFDM transmitter and receiver based on oscillators [158]

Ô.2.2.2 FFT Method

To overcome the elaborate arrangement of a bank of oscillators both at the transmitter and the 

receiver in order to modulate and demodulate the OFDM signal, the inverse FFT and FFT can 

be utilised to implement a computationally efficient OFDM transmitter and receiver, 

respectively. Figure 6.2 shows the basic arrangement of an OFDM transmitter and receiver 

employing the IFFT and FFT. Expressions (6.3) and (6.4) are presented to demonstrate the 

generation of an OFDM symbol and its demodulation in order to recover the data stream. The 

IDFT and DFT are used in place of the IFFT and FFT, since the latter functions are merely 

computationally efficient implementations of the former discrete transforms.

1 JV-l , 2 ^

, k =0, . . . , /V-l (6.3)

, % = 0,...,AT-1 (6.4)

The use of the IFFT requires sampled data symbols, and results in a sampled version of the 

OFDM symbol. Often, prior to the IFFT, zero-padding is implemented in order to upsample 

the signal, thus requiring a larger IFFT scaled by the upsampling factor. At the receiver, the 

extra samples are discarded after the FFT function, in order to recover the original data 

symbols [158]. This is elaborated upon later in section 6.3.
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Figure 6.2: Implementation of OFDM transmitter and receiver using the FFT

6.2.3 Cyclic Prefix

As mentioned above, multicarrier modulation can be used for overcoming delay spread 

limitations by making the transmitted symbol interval long compared to the rms delay spread. 

In addition, a guard interval is often inserted between OFDM blocks in order to remove any 

intersymbol interference caused by the delay spread in the channel. The guard time is usually 

chosen to be larger than the expected delay spread and is implemented with null values. 

However, in this case, when there is delay spread, the receiver FFT would truncate the spread 

signal, resulting in a loss of orthogonality and ICI. It should be noted that an FFT only 

preserves orthogonality of the subchannels tones when the convolution in time is cyclic rather 

than the linear convolution that occurs in a real channel.

One commonly used solution to this problem is to cyclically extend the OFDM block by an 

amount longer than the expected time extent of the channel impulse response. In order to 

create a periodic received signal for the FFT to process and hence eliminate ICI, Af^time 

samples are copied from the end of the original OFDM sequence and then appended as a 

prefix; and, M'^'time samples are copied from the beginning of the original OFDM sequence 

and appended as a suffix. The choice of M ''and AF'" depends on the expected channel 

parameters and is normally set so that; M = (M ' + M") > L, where L is the length of the 

channel impulse response. This process is shown in Figure 6.3. At the receiver, the samples of 

the cyclic extension are discarded before the FFT processing. It is obvious that the need for a 

cyclic extension in time dispersive environments reduces the efficiency of OFDM 

transmissions by a factor of N/(N + Afj. Often M"= 0 and therefore the guard interval/cyclic 

extension consists only of the last A/^samples of the OFDM sequence that are appended as a 

prefix [159]. This is the method used in the models described later in the chapter.
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time
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first M" samples

F igure 6.3: construction  o f cyclic prefix , from  [159]

6.2.4 Effects of Phase Noise and Frequency Offset on OFDM

6.2.4.1 Phase Noise

The effect of phase noise occurring in the local oscillator on a single carrier signal generally 

results in phase arching of the constellation points. However, in an OFDM system, the effect 

of phase noise results in a spreading of constellation points in a similar manner to when noise 

is added to the OFDM signal [160]. Phase noise affects all subcarriers equally, and causes 

interference between subcarriers due to the inability to represent a phase modulated tone with 

a single Fourier term. Therefore the extra coefficients resulting from the FFT process interfere 

with other subcarriers, causing ICI.

6.2.4.2 Frequency Offset

The effect of a frequency error on a single carrier signal, caused by, for example, the 

tolerance on the local oscillator, results in constellation phase arcing which can be visualised 

as a spinning constellation diagram. In OFDM, a frequency error causes all subcarriers to 

have a non-integral number of cycles in the FFT time interval, causing leakage [160]. This 

causes every subcarrier to interfere with its neighbours, resulting in ICI and loss of 

orthogonality. The effect becomes worse as the number of subcarriers increase, and/or for a
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larger frequency offset. If the frequency offset is a multiple of the carrier spacing, 

orthogonality can be preserved, however loss of data can occur for carriers close to the edge 

of the OFDM signal, and data can appear at the wrong outputs of the FFT and hence need to 

be re-ordered to recover the original data stream [161].

6.3 Bandpass Sampling OFDM Receiver and the Effect of 
Aperture Jitter on Performance

In this section an OFDM receiver model that employs bandpass sampling in order to perform 

digitisation and downconversion is presented. The effect of aperture jitter, as described in 

Chapter 5, is then investigated for an OFDM receiver. Simulation results are presented 

together with a discussion of the performance related issues of jitter on bandpass sampled 

OFDM receivers. This section is based upon research published in [162], at the IEEE Radio 

and Wireless Conference, RAWCON, 2003, Boston, MA USA, August 2003.

6.3.1 Model

This section describes the models developed in ADS [154] for the investigation of how 

aperture jitter affects the performance of an OFDM receiver. In order to generate an OFDM 

signal, a transmitter model was required as shown in Figure 6.4 (refer to Appendix D for 

screenshots from the ADS schematics). Binary data is mapped onto a QPSK constellation, 

after which, zero padding is inserted in order to provide oversampling of the signal. This zero 

padding is implemented by inserting zeros in the middle of the OFDM symbol. In this case 64 

subcarriers are to be employed, and 64 zero values are inserted with 32 samples either side. 

Therefore, instead of requiring an IFFT with 64 points, a 128 point IFFT is necessary. A 

cyclic prefix is added to each symbol as described in section 6.2.3, and this is 8 samples long. 

This cyclic prefix is an optional stage and as shown below, reduces the data rate of the 

transmitter. The complex OFDM symbols are then converted to inphase and quadrature 

components, upsampled by a factor of 100 in order to perform further oversampling and 

increase the simulation noise bandwidth. Following this stage, timing is applied to the 

samples, thus establishing the bandwidth of the signal to be lOMHz. Anti-aliasing filters are 

then used to filter out spectral copies due to the upsampling stage, and these are chosen to be 

7* order Butterworth low pass filters with a 5MHz bandwidth. A quadrature carrier 

arrangement is then use to heterodyne the signal to a higher frequency for transmitting. The 

spectrum is shown below in Figure 6.6, with the bandpass OFDM signal centred on a 

frequency of 70MHz. However, the bandwidth seems to be only 5MHz instead of lOMHz,
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corresponding to a data rate of lOMbit/s. The reason for this is only 64 of the 128 subcarriers 

carry information; the 32 subcarriers either side have null values due to the zero padding 

process. In Chapter 4, it was mentioned how the transmitted carrier frequency was in fact an 

IF. The RF stage is omitted from the model for simplicity and is assumed to have ideal 

performance for both the transmitter and the receiver. The model presented here in this 

chapter also follows these same assumptions.
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period + perform 

upsampling

define symbol 
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Figure 6.4: Block diagram of OFDM transmitter model
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Figure 6.5: Block diagram of OFDM receiver model with AWGN channel

The transmitted signal is corrupted with additive white Gaussian noise prior to the input of the 

receiver front-end. This is the particular point at which the Ey/No is defined. A bandpass filter 

is implemented at the front-end prior to the sampling function, in order to prevent aliasing, by 

bandlimiting the signal and attenuating out-of-band energy. The filter is a bandpass filter with 

Bessel response and a lOMHz bandwidth. The order of the filter is 8 and 5 for centre 

frequencies of 70MHz and 150MHz, respectively. The reason for the filter orders used is to 

mitigate signal distortion since a high order filter causes more distortion when the centre 

frequency is larger. The system parameters used in the model described in this section are 

summarised below inTable 6.1.
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Table 6.1; S um m ary  of system  p a ra m e te rs  used in  the O FD M  tran sce iv er model

Data rate (Mbit/s) 10

Modulation scheme QPSK

Zero padding insertion (samples) 64

IFFT length (samples) 128

Cyclic prefix length (samples)

Upsampling factor 100

Lowpass filter type, order and bandwidth Butterworth, 7, 5MHz

Carrier frequency (MHz) 70 and 150

Signal bandwidth (MHz) 10 (active subcarriers = 5MHz)

Bandpass filter type, order and bandwidth Bessel, 8 and 5 (for centre frequencies of 

70MHz and 150MHz, respectively), lOMHz

Sampling rates used (MHz) 120 and 46.2 (for signal centred at 150MHz); 

31.1 and 21.5 (for signal centred at 70MHz)

The sample-and-hold function is identical to that used in Chapter 4, and the sampling rate is 

chosen using the expressions presented in Chapter 3 for mixer-free demodulation. This allows 

for the resulting lower IF to be a quarter of the sampling frequency; normal spectral 

placement is also used. A quadrature carrier arrangement downconverts the OFDM signal to 

baseband where the additional samples are removed by downsampling and the signal is 

converted from the time domain to the numeric domain. These are specific data types used in 

the ADS software. The cyclic prefix is removed, and the FFT is performed on the symbols to 

obtain the complex data symbols. The additional zero padding is removed and the remaining 

data symbols are then de-mapped in order to recover the original bit stream.
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6.3.2 Bandpass Sampling OFDM Receiver Performance

The performance of an OFDM receiver in AWGN was analysed for both an ideal direct 

conversion front-end and a bandpass sampling variant and compared against theoretical 

performance. OFDM systems with 16 carriers and 64 carriers were modelled, and the BER 

performance is shown in Figure 6.7. The carrier frequency (i.e. the centre frequency of the 

bandpass OFDM signal) was chosen to be 70MHz, and the sampling rate used for the 

bandpass sampling receiver was 56MHz. It can be seen that the direct conversion front-end 

OFDM receiver has a performance that closely matches the theoretical QPSK BER 

performance in AWGN, with any performance degradation attributed to non-ideal filtering. 

The bandpass sampling variant performs worse by approximately 3dB at an error rate of 10’̂ . 

The reason for a poorer performance when using bandpass sampling is due to the noise 

aliased into the sampled passband from the sampling process as discussed in Chapter 4, 

section 4.3.2.1. However, this can be improved by using a better choice of interpolation filter 

and receiver bandpass filter combination. Also, lowpass filtering employed in the receiver 

may contribute to improving the performance in AWGN. The results in Figure 6.7 also show 

that changing the number of subcarriers in the OFDM signal does not affect the performance. 

In fact simulations showed that for the direct conversion OFDM receiver, no difference in 

performance was detected when using 16 subcarriers or 64 subcarriers.

- B -  B andpass sampling OFDM, 64 subcarriers 
B andpass sampling OFDM, 16 subcarriers 

— Direct conversion OFDM 
  QPSK theoretical

m  10'

Eb/No (dB)

Figure 6.7: Comparison of BER performance of QPSK-OFDM direct conversion and bandpass
sampling receiver variants
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6.3.3 The Effect of Aperture Jitter on Bandpass Sampling OFDM

In the above subsection the performance of a bandpass sampling OFDM receiver in AWGN 

was studied. Within a bandpass sampling system, one of the major considerations for 

performance limitation is aperture jitter. Aperture jitter places constraints on the frequency of 

the signal to be sampled, and degrades the signal-to-noise ratio, as described in Chapter 5. 

Therefore, a large value of aperture jitter can in fact limit the IF at which sampling is 

performed, particularly for a finite bit resolution. In this section we study the effect of 

aperture jitter on a bandpass sampling OFDM receiver.

Aperture jitter was added to the sample-and-hold function as described in Chapter 5, section 

5.5.1. To summarise, noise corresponding to an rms aperture jitter value, frequency modulates 

a sinusoidal tone, thus resulting in a clock signal affected by jitter.

The bandpass OFDM signal centre frequency was chosen as 150MHz and sampling frequency 

was 120MHz. Aperture jitter with rms values of O.lps, 0.2ps and 2ps (see Table 6.2 for 

corresponding values of the ratio of jitter to the 120MHz clock expressed as parts per million 

(ppm)) were translated to an rms noise voltage so that a frequency modulated sinusoid with a 

randomly varying period (randomly varying frequency deviation) was produced. The 

performance of the bandpass sampling OFDM receiver without jitter was also simulated, and 

the results are presented in Figure 6.8. Its is clear that for no jitter or small values of jitter, the 

bandpass sampling receiver performs well, however, when jitter is large as in the 2ps case, 

BER performance is extremely poor. In Figure 6.9 the effect of decreasing the sampling rate 

can be seen clearly. A lower sampling rate of 46.2MHz results in a higher noise level in the 

sampled passband [0, fs /2 \ ,  due to a larger amount of aliasing arising, thus degrading BER 

performance. For small values of jitter, the addition of a cyclic prefix results in a small 

improvement in performance. Comparing the two sets of results in Figure 6.8 and Figure 6.9, 

it can be inferred that increasing the sampling rate and thus oversampling the signal improves 

the BER performance of a bandpass sampling OFDM receiver, together with a slight 

improvement when cyclic prefix is added to the transmitted signal.
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Figure 6.8: Comparison of the performance of bandpass sampling OFDM in AWGN with and 
without cyclic prefix, for different values of aperture jitter.

Carrier frequency = 150MHz, sampling rate = 120MHz
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Figure 6.9: Comparison of the performance of bandpass sampling OFDM in AWGN with and 
without cyclic prefix, for different values of aperture jitter.

Carrier frequency = 150MHz, sampling rate = 46.2MHz
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Table 6.2: Aperture jitter represented as a fraction of the sampling period and 
expressed in terms of parts per million (ppm)

Sampling 
rate (MHz)

Sampling 
period (ns)

Aperture jitter 
(ps)

Aperture jitter as a fraction of 
the sampling period (ppm)

120.0 833 2.0 240

0.2 24

0.1 12

46.2 21.66 2.0 92

0.2 9.2

0.1 4.6

10"

10

10"

10'

10 "
-4

-e- cyclic prefix, no jitter 
- B -  cyclic prefix. 0.1 ps jitter 
- 4 -  cyclic prefix, G.2ps jitter 
—w- cyclic prefix, 2.Ops jitter 
-e- no cyclic prefix, no jitter
- B -  no cyciic prefix, 0.1 ps jitter
- f -  no cyclic prefix, 0.2ps jitter
—M- no cyclic prefix, 2.Ops jitter
  QPSKtheoreticai

-2 4 6 8
Eb/No (dB)

10 12 14 16

Figure 6.10: Comparison of the performance of bandpass sampling OFDM in AWGN with and 
without cyclic prefix, for different values of aperture Jitter.

Carrier frequency = 70MHz, sampling rate = 31.1MHz
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Figure 6.11: Comparison of the performance of bandpass sampling OFDM in AWGN with and 
without cyclic prefix, for different values of aperture jitter.

Carrier frequency = 70MHz, sampling rate = 21.5MHz

The simulation of the performance of the bandpass sampling OFDM receiver in AWGN was 

repeated with a lower centre frequency of the bandpass OFDM signal. On this occasion the IF 

was set to 70MHz. Two sampling rates of 31.1MHz and 21.5MHz were used and the 

performance of the bandpass sampling OFDM receiver, with the sampling clock distorted by 

aperture jitter, is presented in Figure 6.10 and Figure 6.11. Once again, an increase in 

sampling frequency results in improved performance, however, the lower IF of 70MHz results 

in an improved tolerance to aperture jitter. In other words, the affect of aperture jitter is less 

severe at lower frequencies. This is consistent with the affects of aperture jitter on signal-to- 

noise ratio and IF as described in Chapter 5, section 5.2.2 and 5.2.3, and indicated by equation 

(5.6). Once again a very slight improvement in performance can be seen when the cyclic 

prefix is added to the transmitted signal.

In addition to the BER performance described and presented above, the constellation of the 

received signal, prior to QPSK de-mapping is shown in Figure 6.12. The constellations show 

the effect of aperture jitter on the sampled signal. As the aperture jitter is increased from zero 

jitter to 0.2ps and 2ps, the constellation points become more spread in the same manner as 

when noise is added to the received signal. As aperture jitter increases, the amount of ISI 

present in the received signal increases, thus resulting in an increased symbol error 

probability. Aperture jitter, which may be a result of oscillator phase noise, results in a 

randomly varying frequency error in the low IF (that the signal is abased to) during the 

sampling process. Such frequency error is due to the random fluctuation in the sampling



Chapter 6 -  Multicarrier and Multimode Bandpass Sampling Receivers 160

period caused by aperture jitter, therefore resulting in a randomly varying sampling rate. The 

consequence of this is that the IF that the centre frequency of the aliased signal (at IF2 in 

Figure 6.13) randomly deviates, hence resulting in loss of orthogonality of the subcarriers and 

thus causing ICI when heterodyning to baseband via the quadrature carrier arrangement. The 

addition of a cyclic prefix, although decreases the bit rate, may mitigate the effect of aperture 

jitter for small values of jitter. Mitigation of the effects of aperture jitter on bandpass sampling 

OFDM receivers may be realised by sampling at a lower IF, and also by increasing the 

sampling rate (larger oversampling ratio with respect to the signal bandwidth).
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Figure 6.12; constellation of received signal in the absence of noise, with;
(a) no jitter, (b) 0.2ps jitter, (c) 2ps jitter
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6.4 OFDM and Single Carrier Multimode Receiver Front-End

In this section the modelling of a multimode receiver front-end based on bandpass sampling is 

described, and some simulations are performed to investigate its performance. The receiver is 

designed to receive two different signals from two distinct frequencies or frequency bands, 

and the signals used in this example are an OFDM signal, and a single carrier signal, 

representing a wireless LAN and cellular QPSK signals respectively. The rationale behind 

this work is described next, followed by a description of the model and then discussion of the 

performance of the multimode receiver when a number of key parameters such as signal 

position or carrier frequency, sampling rate and filtering are considered. This section is based 

upon research published in [163], at IEEE Vehicular Technology Conference, VTC -  Fall, 

2003, Orlando, FL USA, October 2003.

6.4.1 The Emerging importance of Muitimode, Muitiband 
Transceivers

The emergence of third generation wireless communications and the development of 4^ 

generation wireless has resulted in proliferation of heterogeneous wireless system standards. 

As well as 2G systems such as GSM and DECT, 3G systems such as UMTS, Bluetooth, 

WLAN (802.11 family of standards), digital broadcasting such as DVB and DAB, it is 

envisaged that a whole host of new standards will be developed for 4G to deliver a number of 

different services. It makes little sense for a user to require a separate piece of mobile 

transceiver equipment for use in each different wireless standard. Therefore, the trend, as 

already seen in current consumer products (GSM cellular handsets with Bluetooth, dual mode 

GSM/3G handsets) is to develop multimode transceivers. Since the many wireless standards
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also reside in different frequency bands, it is necessary to have multiband capabilities, which 

can make the RF stages of the transceivers complex, and expensive.

6.4.1.1 Role of SDR

Software defined radio may play an important role in efficiently realising a multimode, 

mulitband transceiver. A detailed discussion of this aspect of software defined radio was 

presented in Chapter 2. Multimode receivers require wideband RF and IF stages covering the 

different frequency bands. Radio functions defined in software, and embedded on 

programmable hardware can be updated when required in order to make a transceiver 

operational in different wireless systems. Ideally, a number of different transceivers would 

share the same RF and IF stages, and where possible, data conversion would also be shared 

amongst different “subsystems”, therefore, enabling reception and possibly transmission of 

different signals simultaneously.

6.4.2 Modelling of Multimode Architecture

As mentioned in the introduction of this chapter, this section describes some investigations on 

the performance of a multimode, multiband receiver front-end suitable for use in OFDM and 

single carrier systems. What follows is a description of the receiver model and the simulation 

model used for the purposes of the investigations discussed in the following section. In 

addition, we describe the use of a single ADC to digitise multiple signals.

The proposed design of the front-end of the multimode receiver is shown in Figure 6.14. The 

model includes transmitters for the two types of signals to be investigated and a single 

AWGN channel. These signals are an OFDM signal, and a single carrier signal, both 

described and used previously in section 6.3 and Chapter 4, respectively. The OFDM 

transmitter is as described in section 6.3.1, and the overall bandwidth of the transmitted signal 

is 20MHz. However, due to half the subcarriers are inactive, due to the zero padding that is 

implemented, the bandwidth of the active carriers is lOMHz, This implies that the data rate of 

the OFDM signal is 20Mbit/s. The single carrier signal transmitter is based on the model 

described in Chapter 4, and is QPSK modulated such that the original data rate was 5Mbit/s 

and the occupied bandwidth is slightly larger than 6MHz due to the root raised cosine filtering 

with roll-off factor of 0.22.
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The outputs of the two transmitters are summed and then white Gaussian noise is added. The 

front-end of the receiver consists of two IF filters centred at the same frequencies as the centre 

frequencies of the two transmitted signals. At this point, it is worth noting that the carrier 

frequencies of the transmitted signals are not RF but instead are IFs. The modelling assumes 

ideal RF stage operation for both the transmitter and receiver and thus RF stages are omitted 

in order to simplify the model and reduce simulation run-time. At the receiver, the front-end 

filters have bandwidths adjusted to suit the two signals received. Therefore the bandwidth of 

the filter designed to pass the OFDM signal is 15MHz, and the filter characteristic chosen is a 

10* order Bessel. The bandpass filter which passes the single carrier signal has a 6.5MHz 

bandwidth and a 3*̂*̂ order Bessel characteristic. Bessel filters were chosen to minimise signal 

distortion given the Bessel’s linear phase behaviour. The filter outputs are then summed and 

the resulting signal is passed through the sample-and-hold block, whose clock is a sinusoid 

with frequency equal to the sampling rate. The sample-and-hold function represents the ADC, 

but does not take into account the quantisation role of a conventional ADC. The use of a 

single ADC (sample-and-hold) in the front-end of the multimode receiver is discussed in the 

next section. The output of the sample-and-hold is then processed to recover the bitstreams 

from the two signals. The recovery of the bitstreams follows the procedures used in the 

receiver models described in section 6.3.1 for the OFDM demodulation and in Chapter 4 for 

the single carrier QPSK demodulation. Quadrature demodulation is used in both schemes to 

downconvert digitally the sampled signal to baseband. For BER estimation the recovered 

bitstreams are compared to the original transmitted bitstreams which are delayed for 

synchronisation purposes so the Monte Carlo BER estimation method can be applied.
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Figure 6.14: Block diagram of OFDM and single carrier signal transmitters and multimode
receiver arrangement
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6.4.2.1 Digitisation Using a Single ADC

The multimode receiver described above uses a single device for digitising and 

downconverting more than one signal. When the two signals are at closely spaced IFs, the 

receiver can be treated as a wideband front-end but with separate filters to improve 

selectivity. However, when the signals are spaced by more than half the sampling frequency, 

as shall be discussed later in the chapter, the receiver can be considered to be multimode, 

since it simultaneously can receive two types of signal, and multiband since the signals are 

positioned in two distinct bands of the spectrum.

The most basic form of multimode receiver is to have two complete receiver chains, one for 

each of the received signals. However, this arrangement is far from the software radio 

concept. A large number of narrowband analogue components are required, with the need for 

at least two data converters (in a zero IF architecture two converters are required for each 

receiver chain), thus rapidly becoming expensive, with high power consumption and 

dissipation and increased physical size. Baseband processing can be either separate for each 

receiver or as in the case of reconfigurable receivers, the baseband functions for both 

receivers can be embedded on one set of programmable hardware components.

The logical approach to modifying the two separate receiver chains towards a software radio 

receiver approach would be to use a programmable baseband and a wideband RF stage(s). 

The RF stage has been omitted from the model presented here for simplification purposes. 

There are many technical difficulties with designing a highly selective and highly linear 

wideband RF stage, particularly if the signals received occupy bands which are very widely 

spaced (e.g. third generation cellular at approximately 2GHz, and WLAN 802.11a in the 

5GHz region). These technical challenges are not discussed here since they are outside of the 

scope of the investigations. This leaves the IF and data conversion process. The model utilises 

separate IF filters in order to increase the selectivity of the front-end. The use of an ADC for 

each receive path, each with sampling rates chosen to be most appropriate for the signal they 

are digitising is the simplest method of data conversion. This is costly however, in terms of 

overall receiver complexity, power dissipation, and physical size. It is possible however, to 

use one ADC to sample both signals, regardless of their positions and bandwidth. This 

requires additional care in the choice of sampling rate to avoid aliasing of the two signals 

either due to over lap with themselves or with each other.

Akos et a l [57] demonstrate the feasibility of this approach using signals from two global 

positioning systems. The signals occupy distinct frequency bands and a single ADC is used to
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digitise and downconvert the signals without the use of mixers. They state that the obvious 

solution for sampling numerous distinct signals is to increase the sampling frequency to 

accommodate a wider bandwidth which encapsulates all the desired signals. However, this 

approach is computationally expensive as complex discrete processing is required to 

manipulate samples at that rate. The obvious problem is the difficultly in obtaining practical 

data converters which can sample at such high rates. The authors describe an alternative to 

this straightforward but computationally expensive solution. This method describes a 

bandpass sampling implementation that can receive N  signals in a significantly reduced 

bandwidth. In this design, only the N  information bands are folded back in to the resulting 

sampled bandwidth. This technique enables a front-end to fold distinct information bands, 

which may have a wide separation in the RF spectrum, to adjacent positions in the frequency 

spectrum of the resulting sampled bandwidth.

Choosing a sampling frequency becomes more difficult when the number of distinct signals 

increases. The reason for this is the increased interaction of signals and signals spectral copies 

during the sampling process, leading to increased possibility of aliasing occurring. Equation 

(3.12) can be used to calculate the resulting position of the centre frequency of each signal, 

and the constraints of (3.13) and (3.14) must be applied for each information band. In addition 

to the constraints mentioned, the information bands must not overlap in the frequency 

spectrum in the resultant sampled bandwidth. This can be expressed mathematically for two 

signals as

(6^)

The subscripts 1 and 2 refer to the intermediate frequency (F/f) and information bandwidths 

(BWj) of each signal. A more general expression is also presented in [57] to extend this 

constraint the prevent overlap to N  information bands, allowing any number of RF or IF 

signals to be digitised directly using the minimum allowable sampling frequency. This is the 

method used for choosing the appropriate sampling rate and ensuring no spectral overlap 

occurs in the investigations carried out in this thesis. In particular it is the investigations in 

section 6.4.3.4 that use this method.
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6.4.3 Performance Assessment of a Multimode Receiver

The following describes investigations performed on the multimode receiver described above. 

Appropriate simulation models are developed and computer simulations are carried out for a 

set of issues regarding the receiver architecture. These topics address the front-end filter 

arrangement, intermediate frequency positions of the two received signals, and sampling rate.

6.4.3.1 Front-End Filter Arrangement

The IF filter arrangement is investigated for the two scenarios; a single-wideband filter, which 

encapsulates both signals and a two filter arrangement that filters the two received signals 

individually.

6.4.3,1.1 Single Front-End Filter Arrangement

The model to be used in the investigations which are discussed in the following sections has 

been described in section 6.4.2. However, before this particular model is utilised, a slight 

variation is initially investigated. In this section the performance of the multimode receiver is 

analysed when only a single, wideband filter is used at the front-end prior to sampling instead 

of the two filter arrangement described above. The arrangement is shown in Figure 6.15, and 

the filter is wide enough to pass both the OFDM signal and the single carrier signal 

simultaneously. It is assumed that the two signals are heterodyned from the nominal RF 

frequencies to adjacent positions at IF, prior to bandpass sampling in order to downconvert 

the signals to lower frequencies where they can be digitally downconverted.

wideband BPF

single carrier signai OFDM signai
frequency translation due to intentional 
aliasing during sampling process_____

frequency (MHz)23:5 Si.O fs/2 = 52.0 fs = 104.0

fc2 = 127.5 fcl = 135.0

Figure 6.15: single wideband IF filter and signal arrangement in frequency domain, showing the 
positions of the signals at low-IF after sampling
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The advantage of using a single wideband filter arrangement is the reduction in analogue 

components and therefore a potential reduction in receiver size. In addition a wideband filter 

would be easier to construct than a narrowband filter, resulting in a lower Q, however, there 

may be difficulties in achieving linearity over such a wide passband, particularly if high order 

filters are used. The disadvantage with this arrangement is the considerable risk for adjacent 

channel interference between the two types of signal. In the model, the transmit powers were 

adjusted such that the two signals had equal Eb/No prior to the receiver front-end filter, after 

passing though the AWGN channel. The sampling rate is 104MHz, achievable using high 

performance ADCs suitable for use in basestations in wireless networks [12].
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Figure 6.16: BER performance in AWGN for a single IF filter solution.

BER figures were estimated using simulation and the results are shown in Figure 6,16. The 

performance of the receiver when only either the OFDM signal or the single carrier signal is 

transmitted is shown. The performance in these two cases can be improved by using a 

different filter characteristic and filter order as investigated in chapter 4. However, the 

important result of when both signals are transmitted simultaneously, i.e. the OFDM signal 

transmitted in the presence of the single carrier signal, and the single carrier signal transmitted 

in the presence of the OFDM signal, reveals that significant interference occurs between the 

two signals, and the BER performance is severely degraded when compared to theoretical 

QPSK performance in AWGN. This implies that a single wideband filter implementation at IF 

prior to sampling is insufficient in attenuating interference energy and bandlimiting the 

received signals particularly when both the OFDM and the single carrier signals are received 

simultaneously. Therefore, our proposal is for each signal to be separately filtered to ensure 

mitigation of adjacent channel interference prior to sampling. The two filter model and its 

performance shall be discussed in the following sections.
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6.43,1,2 Two Front-End Filters

In this section and the sections that follow, the two front-end filter arrangement, shown in 

Figure 6,14, is investigated. The sampling rate is 104MHz and the positions of the OFDM 

signal and the single carrier signal are 135MHz and 127,5MHz respectively. The two 

bandpass filters used are; for the OFDM signal a 10* order Bessel with 15MHz bandwidth 

and for the single carrier signal a 3̂  ̂order Bessel with 6,5MHz bandwidth. When transmitting 

only one signal at a time, (either the OFDM or single carrier) the performance of the receiver 

with two IF filters was evaluated and shown in Figure 6,17, The results indicate that both the 

OFDM and the single carrier signals have similar performance in AWGN when transmitted 

and filtered separately. The performance is worse than theoretical QPSK due to the aliasing of 

noise during the sampling process, and due to sub-optimal filtering. The filters are narrower 

than the single wideband filter which was previously tested in section 6,4,3,1,1, and are used 

to attenuate out of band and adjacent channel energy. The interaction of the signals when 

transmitted simultaneously is investigated next while varying the positions of the signals at IF 

and the sampling rate.

.2 10'

-EH OFDM only 
- K -  single carrier only 
—  theoretical QPSK

Eb/No (dB)

Figure 6.17: BER performance in AWGN of OFDM and single carrier signal with a two IF filter
solution
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6.4.3.2 Investigation of Signal Position

The performance of the multimode receiver is investigated when the two signals are 

transmitted simultaneously and the spacing between their IF positions is varied. The OFDM 

signal position was kept fixed at 135MHz. The the position of the single carrier signal was 

varied from 130MHz to 117.5MHz, corresponding to centre frequency spacing from 5MHz to 

17.5MHz, respectively. The BER results obtained for each signal at the different carrier 

spacing are shown in Figure 6.18. In addition to seeing an improvement in performance when 

compared to the single wideband filter implementation, there is a difference in performance 

for both signal types at the different carrier positions.

Figure 6.18 (a) shows that as the signal spacing is increased, the performance of the OFDM 

signal is degraded. This implies that adjacent channel interference is not the primary cause of 

performance degradation since the performance is poorer especially when the distance 

between the signals is increased. However, when the signals are spaced closely so that they 

overlap (carrier spacing = 5MHz), there is as expected, a considerable signal degradation and 

performance is very poor.

The performance of the single carrier signal improves as the signal spacing increases, as 

shown in Figure 6.18 (b). This is as expected since there is less interference between the two 

signals as they become further apart. Spectral plots shown in Figure 6.19, show less 

interaction between the signals as the spacing between them is increased.
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Figure 6.18: Performance in AWGN with different carrier spacing between the signals for (a)
OFDM and (b) the single carrier signal
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Figure 6.19: spectrum of the output of the sample-and hold with (a) carrier spacing = lOMHz, (h)
carrier spacing = 17.5MHz

Examination of the received signal constellations, plotted in Figure 6.20, clearly show that the 

OFDM signal has better performance when the two signals are closer together. Interaction 

between the two signals causes a constellation rotation as seen in the single carrier signal 

constellations.
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Figure 6.20 received signal constellations for
(a) single carrier, (b) OFDM, with spacing = lOMHz, and

(c) single carrier, (d) OFDM, for spacing = 17.5MHz
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The multimode arrangement and simultaneous reception of the two signals is very complex, 

and interactions between the two signals, both before and after sampling, cause distortion. 

Upon examination of the spectra after the individual IF filters, as shown in Figure 6.21, it is 

apparent that there is considerable spectral leakage, and the filters are not attenuating the 

unwanted signals. This leads to signal distortion when the filter outputs are summed prior to 

sampling. The signals add constructively and destructively in order to produce a summed 

output which may be significantly distorted. It can be inferred that in addition to paying 

careful attention to the spacing of the signals, it is very important that the signals are 

appropriately bandlimited, and that the filters sufficiently attenuate the unwanted signals. The 

effect of filters on performance of a single carrier signal was investigated in Chapter 4. Figure 

6.22 shows the BER performance of the two signals received in the multimode receiver with 

centre frequency spacing of 17.5MHz. Two sets of IF filters are implemented in the receiver 

as follows: the original pair of IF filters with bandwidths of 15MHz and 6.5 MHz for filtering 

the OFDM and single carrier signals, respectively and a pair of IF filters with bandwidths 

equal to the signal bandwidths of lOMHz and 6.1MHz. The figure shows slight improvement 

in the performance of the OFDM subsystem in the multimode receiver when the IF filter 

bandwidth is reduced to lOMHz, however, the single carrier signal performance is improved 

greatly when the bandwidth of the IF filter is made equal to the signal bandwidth. The reason 

for this is deacreased leakage of the unwanted signal into the IF filter passband thus reduced 

distortion when the filter outputs are added together. This is evident when comparing the 

spectra in Figure 6.21 with those in Figure 6.23. Comparison of the constellation plots in 

Figure 6.20 (c) and (d) with the constellation plots in Figure 6.24 (a) and (b) reveals a 

reduction in signal distortion.
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Figure 6.21: spectra of the two signals with centre frequencies 17.5MHz apart, for
(a) the output of the IF filter with 15MHz bandwidth to pass the OFDM signal, and
(b) the output of the IF filter with 6.5MHz bandwidth to pass the single carrier filter
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Figure 6.22: BER performance of the received signals, positioned 17.5MHz, 
with variation in the IF filter specifications
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Figure 6.23: spectra of the two signals with centre frequencies 17.5MHz apart, for
(a) the output of the IF filter with lOMHz bandwidth to pass the OFDM signal, and
(b) the output of the IF filter with 6.1MHz bandwidth to pass the single carrier filter
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Figure 6.24: received signal constellations for signal separation of 17.5MHz 
and IF filters with reduced bandwidths
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6.4.3.3 Investigation of Sampling Rate

When the positions of the signals are kept fixed and the sampling rate is varied from 104MHz 

to 57.8MHz, the BER performance of the receiver, for the two different sampling rates, is as 

shown in Figure 6.25. The centre frequencies of the signals are spaced by 12.5MHz. As 

discussed in Chapter 4 (section 4.3.2,1), the results show that as the sampling rate is 

decreased from 104MHz to 57.8MHz, the BER performance of the single carrier signal 

becomes worse. The reason for this degradation in performance is that higher levels of 

aliasing of the signal and noise occur at lower sampling rates. Note that the OFDM results 

oppose what may be expected, and performance actually improves when the sampling rate is 

decreased. In order to provide an explanation as to why this result is observed, the spectra of 

the sampled signals are presented in Figure 6.26. However, it is still unclear why the OFDM 

signal suffers performance degradation at the higher sampling rate. Figure 6.27 shows the 

constellations of the received signals, in the presence of noise. It can clearly be seen in these 

figures that the OFDM constellation improves when the sampling rate is decreased.

■ H - .

- B -  OFDM with sampling rate = 104MHz 
-Ek single carrier signal with sampling rate =  104MHz 

OFDM with sampling rate = 57.8MHz 
- K -  single carrier single with sampling rate =  57.8MHz

Eb/No (dB)

Figure 6.25: BER performance in AWGN with different sampling rates
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Figure 6.26: output spectrum of sample-and-hold with (a) sampling rate = 57.8MHz, and
(b) sampling rate = 104MHz
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Figure 6.27: constellation plots for the received signals
(a) single carrier, (b) OFDM, with fs = 104MHz and

(c) single carrier, (d) OFDM, with fs = 57.8MHz
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6.4.3.4 Investigation With a Larger Spacing Between Signals

In the above investigations the scenarios considered two signals with relatively close spacing. 

However, when considering a multiband receiver as discussed in 6.4.1, the signals may be 

present in two distinct bands of the spectrum. In the section the signals are spaced at greater 

than fs /2 apart. The reason for this is that the signals’ original positions would occupy 

different aliasing triangles and therefore the sampling rate must be chosen more carefully. 

Since the two signals are spaced at greater than the folding frequency, they experience 

different amounts of intentional aliasing. It is possible for the signals to experience different 

amounts of aliasing when positioned at less than the folding frequency away from each other 

if the two signals occupy adjacent aliasing triangles. However, one of the signals will 

experience inverse placement at the lowest frequency spectra copy. To avoid this situation, 

for simplicity reasons, the distance between the two signals is ensured to be greater than the 

folding frequency, but less than the sampling frequency, and both “downconverted” signals 

are ensured to be of normal placement, achieved by placing the original signals in odd 

numbered aliasing triangles, as explained in section 3.2.2.

To investigate the performance of the multimode receiver with this wider signal spacing, a 

specific arrangement was devised; the OFDM signal was kept at a carrier frequency of 

135MHz and the sampling frequency was chosen to be 60MHz. A single carrier signal was 

placed either at a carrier frequency of 85MHz or of 65MHz. This allows the investigation of 

two different distances between the two received signals: 50MHz, and 70MHz. The two 

arrangements are shown in Figure 6.28.

V 2  = 30 fs = b ü \  90 

fCQPSK = 65

fs/2 = 30 fs = / 90

fCQPSK = 85
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Figure 6.28: the two signal arrangements used to investigate the performance of the multimode 
receiver with a large spacing between the centre frequencies of the two signals
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The results obtained for these two arrangements are shown in Figure 6.29. It can be seen that 

the performance of the OFDM signal remains the same for both arrangements. The reason for 

this is that the position of the OFDM signal remains constant. The position of the single 

carrier QPSK signal is varied from a carrier at 65 MHz, to one at 85MHz. This changes the 

frequency spacing between the single carrier signal and the OFDM signal from 70MHz to 

50MHz. When this change occurs, a change in performance is also observed. In fact the 

performance is found to be superior when the carrier spacing is set to be wider.
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Figure 6.29: Performance in AWGN with large carrier spacing between the OFDM signal and
the single carrier signal

This result can be explained by examining the spectrum, as featured in Figure 6.30. From 

these spectrum plots it can be seen that the single carrier signal may appear on either side of 

the OFDM signal, depending on its carrier position. From Figure 6.30 it can be seen that the 

aliased single carrier signal occupies a position adjacent to the aliased OFDM signal. 

However, in Figure 6.30 (a), where the original signals are spaced by 85MHz, the single 

carrier signal also resides adjacent to another spectral copy of itself, thus increasing the 

likelihood of signal distortion due to spectral overlap. In contrast, when the signal spacing is 

70MHz, as shown in Figure 6.30 (b), the single carrier signal is aliased down to a position 

such that it experiences very little interference from adjacent spectra. This study shows the 

highly significant importance in considering where the original IFs of the received signals 

should be positioned in order to maximise BER performance. It is found that the signal should 

be placed at the original IF position close to the lower limit of an aliasing triangle for normal 

placement bandpass sampling schemes.
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6.4.3.S BER of QPSK at Different Carrier Frequencies

In this section the BER performance of a bandpass sampling receiver is investigated when the 

carrier frequency of the signal is varied. For the purposes of this investigation, the carrier 

frequency is in fact an intermediate frequency rather than the RF at which the signal is 

received in a conventional scenario. The reason for this, as mentioned previously is for ease 

of modelling, assuming that ideal RF stages are used in the transmitter and the bandpass 

sampling receiver.

The carrier frequency is varied between two consecutive multiples of the folding frequency 

fs/2.  This is depicted in Figure 6.31, and since the sampling rate is kept constant at 104MHz, 

the aliasing triangle chosen lies between 104MHz and 156MHz. The reason for choosing this 

particular range is such that the copy of the sampled spectrum positioned closest to DC has 

normal positioning [58].

chosen range for varying
carrier frequency

frequency (M H z)
fg/2 = 52 fs=  104 156 208

F igure 6.31: frequency dom ain  rep resen ta tio n  o f a  bandpass signal and  the  position  o f its spectra l 
copies depending  on w here the orig inal signal is placed
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The signal used in this investigation is a QPSK signal similar to that used for the multimode 

receiver in section 6.4.2, and the centre position, i.e. the IF which shall be referred to as the 

carrier frequency, is varied from llOMHz to 150MHz in steps of lOMHz. The BER 

performance was obtained for each chosen carrier frequency, and the resulting performance 

depicted in Figure 6.32. The optimal carrier frequency for the sampling rate chosen is based 

on expressions presented in [59] by Guirong et al. and found to be 130MHz. This enables 

optimal lowpass filter design, with respect to the filter transition width, and also results in 

mixer-free quadrature demodulation thus simplifying hardware. However, the results show 

this is not the optimal carrier position when considering the BER performance of the receiver. 

At the lower carrier frequencies within the aliasing triangle considered, the receiver 

performance is superior, and as the carrier frequency increases towards the upper limit of the 

aliasing triangle, i.e. the carrier frequency tends towards the upper multiple of fs /2, the 

performance of the bandpass sampling receiver becomes worse.

Performance of Bandpass sampling receiver with 
different carrier frequencies.

Sampling rate = 104MHz

%
I
£
CD
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Frequency (MHz)

Figure 6.32: BER performance of a bandpass sampling receiver in AWGN with different carrier
frequencies

The reason is not intuitive until the spectrum of the sampled signal is observed. In Figure 6.33 

the spectrum of the sampled signal is shown for three different positions of the received 

signal. When the signal is positioned at the centre of the aliasing triangle, i.e. at 130MHz, the 

copies of the spectrum of the signal which occur due to the sampling process are evenly 

spaced. The spectral copy required for retrieving the data is the one positioned closest to DC. 

It is important that energy from other spectral copies is as small as possible in the immediate 

vicinity around this particular copy. This implies that other spectral copies must reside as far
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as possible from the lowest frequency one. This is achieved when the original signal is 

positioned close to the lower limit of the aliasing triangle. In Figure 6.33 (a), the positions of 

the spectral copies are shown for a signal with a carrier frequency of 1 lOMHz sampled at 

104MHz. The lowest spectral copy can be seen to be positioned further from the other copies 

when compared to the positions which result when the original signal is at a carrier of 

130MHz or 150MHz as shown in Figure 6.33 (b) and (c), respectively. For a carrier of 

150MHz, the lowest spectral copy resides very close to the next highest copy. Therefore, 

unless elaborate filtering schemes are used, it is very difficult to attenuate the energy from this 

adjacent copy, thus resulting in distortion in the “downconverted” signal.

This result highlights a trade-off when designing a bandpass sampling scheme. An optimum 

sampling frequency (with respect to lowpass filter design and mixer-free demodulation [59]) 

has to be selected so that the bandpass signal resides at the centre of an aliasing triangle, 

midway between two consecutive multiples of the folding frequency. However, this does not 

result in the optimal BER performance in AWGN. The best BER performance is achieved 

with placing the bandpass signal as close as possible to the lower edge of an aliasing triangle 

for normal spectral placement, and as close as possible to the higher edge of an aliasing 

triangle for inverse spectral placement. Alternatively, for a fixed bandpass position, an 

appropriate sampling rate is chosen such that the edge of the aliasing triangle corresponds 

appropriately to the signal position.



Chapter 6 -  Multicarrier and Multimode Bandpass Sampling Receivers 181

0 .0 8

= ) 0 . 0 6 -  

0)
■g 0 . 0 4 -

cO)TO2 0 .02 -

0 .00 -

5 000 100 200 300 4 0 0

(a) freq, MHz

0 .0 6

~ 0 .0 5 — 
Z)
<  0 . 0 4 -
œ

^  0 .0 3 —

§ 0 02 
5

0 .01 -

0 .00 - - <  

0 100 200 300 4 0 0 500

(b) freq, MHz

0 .0 5

0 . 0 4 -

0 . 0 3 -

0.02 -

0 .0 1 - 1

0.00
100

(C)

20 0  300

freq. MHz

X) 4 0 0  500

Figure 6.33: spectrum of sampled signal when the original signal is placed at a carrier
(a) llOMHz, (b) 130MHz, and (c) 150MHz

6.5 Summary

This chapter began by giving a brief summary of the OFDM principle, and the two 

conventional methods of its implementation; the oscillator based and FFT based OFDM. 

Ideally, both methods yield the same signal, however the FFT provides a computationally 

efficient transceiver architecture. The effects of phase noise and frequency offset on OFDM 

were described. Both were shown to result in a spreading of constellation points, causing ICI 

and loss of orthogonality. An OFDM transmitter and bandpass sampling receiver model was 

developed and its BER performance in AWGN was assessed, showing that its performance is 

worse than ideal direct conversion due to the aliasing of out-of-band interference and noise. 

These results further confirm the general conclusion presented in earlier chapters.
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The effect of aperture jitter on the performance of a bandpass sampling OFDM receiver was 

also examined. The sampling clock was deliberately degraded by various levels of jitter and 

the sampling rate and centre frequency of the bandpass signal were varied. A cyclic prefix 

was also implemented, and the results indicated that the inclusion of a cyclic extension to the 

OFDM symbols results in minimal improvement for small values of jitter. However, this is 

not the case for high values of aperture jitter. In addition the effect of aperture jitter and 

aliasing was mitigated by sampling the signal at a lower IF, and by oversampling the signal 

with respect to the signal bandwidth. In fact, the oversampling aids in reducing the amount of 

aliasing that occurs due to the sampling process.

The effect of aperture jitter on the bandpass sampling OFDM receiver can be considered as a 

randomly varying frequency error in the low IF (that the signal is aliased to) during the 

sampling process. This arises due to the random fluctuation in the sampling period therefore 

resulting in a randomly varying sampling rate. The consequence of this is random deviation of 

the IF frequency components, hence resulting in loss of orthogonality and thus causing ICI 

when heterodyning to baseband via the quadrature carrier arrangement.

The final part of this chapter presented the design and modelling of a multimode receiver 

front-end based on bandpass sampling. The receiver was based upon sampling two signal 

simultaneously using one ADC. A generic design was presented and evaluated by considering 

examples based on specific and standard communication signals. The signals chosen in the 

example were an OFDM signal representing a WLAN type system, and a single carrier signal 

representing a cellular type system. The performance of the multimode receiver was 

examined when key parameters such as filtering, signal position, and sampling rate were 

varied.

The main findings from the performance assessment of the multimode receiver are listed 

below:

■ Filtering the two signals individually at IF resulted in a better performance in AWGN 

when compared to only using one wideband filter. The use of separate filters for each of 

the received signals increases selectivity by reducing out-of-band interference,

■ When the spacing between the centre frequencies is increased an improvement in 

performance is seen for the single carrier signal. This is due to decreased interference 

from the adjacent OFDM signal. However, the OFDM performance suffers further 

degradation when the spacing between the two signals is increased. From spectral 

analysis of the IF filter outputs, spectral leakage of the unwanted signal is seen, and thus 

signal distortion occurs when the two filter outputs are summed, thus causing the OFDM
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signal to experience this degradation in performance when signal position is varied. 

Making these IF filers narrower improves system performance, concluding that as well as 

careful consideration to the two signal positions and their interactions, care must be taken 

when designing the IF filters, since their effect on the signals can significantly affect 

system performance. The effect of front-end filters on bandpass sampling system 

performance was also investigated in Chapter 4.

■ When varying the sampling rate, the single carrier signal experiences performance 

degradation as the sampling rate is decreased. However, the converse is true for the 

OFDM signal, and the improvement in performance as sampling rate is decreased is 

shown in constellation diagrams. Signal distortion due to interference from the adjacent 

received signal is the mechanism by which this result occurs. Better performing filters 

and the addition of baseband filtering in the OFDM subsystem would improve 

performance.

■ When the two signals are spaced at IF by more than the folding frequency, the 

performance of the receiver is dependent on the interaction of the copies of spectra that 

occur due to the sampling process. In the particular example used to illustrate this 

investigation, the signals’ centre frequencies were spaced by 50MHz, and then by 

70MHz. The resulting sampled passband consisted of the OFDM signal (whose position 

remained constant) and the single carrier signal and aliased noise. The OFDM signal 

performance remained unchanged for the two different arrangements since the OFDM 

signal position remained fixed. However, the single carrier signal can suffer from 

interference from adjacent spectral copies and therefore its position relative to its spectral 

copies and to the OFDM signal must be considered carefully to improve performance. For 

the single carrier signal an IF position close to the lower edge of an aliasing triangle (to 

the right of an even multiple of the folding frequency) results in better performance. In 

conclusion, is very important to study the interaction between IF positions and sampling 

rate in order to achieve optimum BER performance.

Finally, in order to verify the above observation on signal placement, a single carrier QPSK 

signal was placed between two consecutive multiples of the folding frequency and its IF 

position varied while the sampling rate remained constant. The centre position between the 

two multiples of fs/2  corresponds to the optimum sampling frequency as described in [59]. 

We found that the optimum sampling frequency with respect to BER performance results in 

the signal position residing close to the lower edge of the aliasing triangle defined by the two 

multiples of the folding frequency when considering normal spectral placement. Therefore a 

trade-off exists when designing a bandpass sampling receiver, where performance is traded- 

off with receiver architecture simplicity.



Chapter 6 -  Multicarrier and Multimode Bandpass Sampling Receivers 184

In summary, the findings of this chapter indicate that for complex systems, such as 

multicarrier and multimode receivers, the system parameters have to be chosen very carefully 

to achieve acceptable performance especially when non-ideal behaviour; such as jitter, 

filtering, frequency variations and interference, exists.



Chapter 7 

Concluding Remarks

This concluding chapter presents critical assessment of the work carried out and summarises 

the research reported and its main findings. In addition, design guidelines, for systems 

employing bandpass sampling are highlighted and future research areas are identified.

The work presented in this thesis falls under the general area of reconfigurable radio systems. 

Specifically, the work has been carried out in order to investigate performance related issues 

with regards to the implementation of bandpass sampling in wireless receivers in order to 

digitise and downconvert the received wireless signals. This thesis has investigated the issue 

of front-end filtering prior to the sampling process, by measuring performance in terms of bit 

error rate, under both AWGN and ACI conditions for narrowband and wideband receiver 

solutions. The filter prior to sampling acts as an anti-aliasing filter and significantly affects 

the overall performance of the front-end. As sampling is implemented closer to the antenna by 

placement of ADC devices at IF or even RF, the effects of aperture jitter become increasingly 

apparent. Analysis and modelling, based on the signal power spectral density, have been 

carried out to determine whether or not oversampling with respect to the signal bandwidth can 

reduce the amplitude error due to aperture jitter. The reason for investigating this possibility is 

that, oversampling reduces the effect of quantisation noise and therefore may have an 

advantage if found to be effective with regards to aperture jitter. The thesis examines the 

effect of the sampling process on multicarrier signals, since these are being considered for 

future wireless systems and already being implemented in WLAN systems. The effect of 

aperture jitter on OFDM signals has been investigated and the performance of a multimode, 

bandpass sampling receiver front-end for cellular and WLAN systems has been examined. 

This is considered important since future mobile terminals may well be required to operate in 

a number of different wireless systems. Finally, the thesis presents design guidelines whereby

185
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receiver performance is traded-off against receiver architecture simplicity, by considering the 

position of the signal and the sampling rate used.

A brief introduction to the thesis was presented prior to a review of software radio and future 

wireless systems. Chapter 2 introduced the various definitions of software radio, describing 

various degrees of reconfigurablility, including concepts such as cognitive radio where the 

radio terminal has a level of self awareness. Some of the important technical issues regarding 

the realisation of the software radio have been discussed. These include the dynamic range 

and linearity of a wideband RF front-end, and performance criteria and limitations of the 

ADC. Since 3G cellular systems are currently being rolled-out worldwide, and research on 

fourth generation has already begun, this chapter has presented a vision of 4G wireless. It is 

envisaged that not only will 4G be an evolution to higher data rates and more elaborate 

modulation schemes, but also a seamless integration of existing heterogeneous wireless 

systems. The discussion highlights concepts such as ubiquitous communications, user-centric 

development of services, the importance of reconfigurable terminals and IP, and revolutionary 

spectrum management. Finally a description of the common receiver architectures has been 

given. The receiver methods presented were the superheterodyne, direct conversion, low-IF 

and bandpass sampling. Any of these architectures are suitable for software radio 

implementation, the direct conversion and low-IF being highly suitable for single chip 

implementations, and the bandpass sampling receiver is recognised as being the most suitable 

architecture for reconfigurable receivers.

Continuing on from where Chapter 2 left off. Chapter 3 concentrates on bandpass sampling 

and the literature associated with this sampling method. The theory of bandpass sampling, as 

an extension of the sampling theorem specifically for bandpass signals, has been presented. 

After describing extensions to the bandpass sampling theorem to accommodate aspects such 

as mixer-free demodulation, nonlinear systems and non-uniform sampling, applications of 

bandpass sampling in wireless systems are presented. This is followed by an overview of 

practical considerations in bandpass sampling systems such as frequency errors, IF filtering, 

and jitter. The literature describing a number of devices for bandpass sampling has been 

presented. These include track-and-hold components, IF sampling circuits, and bandpass 

sigma-delta modulators. Chapter 3 gives a summary of common ADC architectures and 

concentrates on those most suitable for wireless communications such as variants of the flash 

ADC and sigma-delta ADCs.
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In Chapter 4, an investigation of the effects of front end filters on the performance of 

bandpass sampling receivers has been carried out. The investigation considered QPSK signals 

for a third generation cellular network scenario, using the carrier spacing of 5MHz as defined 

in the 3G specifications. The modelling procedures used for the studies were described and 

BER performance of the bandpass sampling receiver in the presence of AWGN and ACI has 

been presented. This is considered to be more appropriate than the signal distortion ratio 

studies reported in the literature, since BER is a widely used measure of performance, and 

gives an indication of the overall effect of the front-end filter on the bandpass sampling 

receiver performance. Both, narrowband and wideband front-ends were modelled and studied.

The significant results arising from the investigations carried out in this chapter are as 

follows:

■ For the narrowband scenario, where a single channel is received, downconverted and 

selected, the best performance in AWGN and ACI is achieved when a very sharp and 

phase linear (10* order Bessel) filter is used. The performance achieved is close to the 

theoretical BER performance of QPSK in the presence of AWGN. The use of a linear 

modulation scheme increases the importance of the requirement of phase linearity across 

the filter passband.

■ Noise was also added to the channel in the ACI investigations such that the performance 

of the receiver is noise limited when interférer power is small. When the interférer power 

is large, however, the receiver performance is interference limited.

■ Varying the BTs value of the front-end filter results in a very small difference in 

performance in both AWGN and ACI conditions, concluding that variation in filter order 

and filter response type (Butterworth, Bessel, Chebyshev, etc.) results in more significant 

deviation in performance.

■ The wideband bandpass sampling receiver, with bandwidth of 15MHz, was wide enough 

to receive three of the QPSK signals used in the narrowband case. Again, BER 

performance in AWGN and ACI was investigated. In AWGN, the 10* order Chebyshev 

demonstrated the best performance; this is attributed to the sharp roll-off and high 

stopband attenuation, in addition to a more linear phase response in comparison to the 

narrowband 10* order Chebyshev.

■ The wideband receiver ACI investigation considered interference from an interfering 

channel, assumed to belong to another network operator in the same area. In this scenario, 

the filter that performed best was the 3̂  ̂order Butterworth BPF, thus differing from the 

optimum performing filter in AWGN. The other filters under test demonstrated poor 

performance in comparison for a number of reasons. The received signal was placed close 

to the passband edge and thus experiences degradation to increased nonlinearity of the
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phase at the filter passband edges and therefore high order filters demonstrated poor 

performance. Bessel filters also performed poorly due to insufficient attenuation of the 

interfering signal which is also the case for the f  ‘ order filters tested.

The main conclusion of this work is that there is no universal “good filter” for the bandpass 

sampling systems and great care has to be taken when choosing the receive filters in 

accordance with specific system parameters. The results indicate that optimal performing 

filters in AWGN are not necessarily the same as the optimum filter in ACI. There is also 

significant difference in the best performing filter for a narrowband front-end solution 

compared to a wideband solution. When considering a wideband filter, care must be taken to 

ensure optimum performance across the passband, and linearity becomes increasingly 

important, especially for the linear modulation scheme used in the investigations.

The investigations carried out in this chapter and also in subsequent chapters (especially 

chapter 6) required significantly long run times during simulation and thus limited the 

accuracy of the results obtained. However, although the trends indicated are not 

compromised, it would be desirable for a larger number of transmitted bits increasing the 

accuracy of the Monte Carlo BER estimation and a larger selection of Eb/No values simulated 

in order to achieve more accurate BER curves. The choice of filters, although not representing 

a complete range of order values, is sufficient to indicate trends in performance for AWGN 

and ACI conditions.

In Chapter 5, a study of the effect of aperture jitter on bandpass sampling systems has been 

carried out. The chapter began with the definition and origins of jitter in sampled systems. 

This was followed by presenting the effect of aperture jitter on reducing signal-to-noise ratio. 

The effect of aperture jitter on the IF at which sampling is implemented was also shown, since 

for a finite resolution, aperture jitter limits the frequency of the signal to be sampled. Chapter 

5 presented the development of mathematical expressions to quantify the mean square 

amplitude error due to jitter, defined using the signal power spectral density, and the level of 

jitter. Two definitions of jitter were used; an absolute mean square value, and as a percentage 

of the clock period. These mathematical expressions were developed in order to test the 

hypothesis that oversampling always improves system performance. It was shown, by means 

of a simple model that depending on the derivation of the clock and the treatment of jitter, 

oversampling with respect to the signal bandwidth may decrease the amplitude error due to 

jitter and thus increase signal-to-noise-ratio.
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Models were designed and implemented in Agilent’s ADS to perform simulations in order to 

verify the results obtained via mathematical analysis. These models used either phase 

modulation or frequency modulation of a sinusoid by a noise source to generate a clock with 

jitter. Results obtained using phase modulation were consistent with the results obtained from 

the mathematical expressions, indicating that oversampling may reduce the amplitude error 

caused by aperture jitter. This can be attributed to the lack of dependence on the sampling 

period in the mathematical expressions and also in the determination of the phase deviation 

caused by noise. However, when using FM to generate the clock signal with jitter, simulation 

results indicated that when sampling frequency is increased, the amplitude error due to jitter 

actually increases. This is due to the increase in frequency deviation as the sampling rate 

increases, even when the level of jitter is fixed.

Using the frequency modulation method of generating the clock signal with jitter is regarded 

to be a more faithful representation of the behaviour of aperture jitter as the sampling rate is 

varied. It can be concluded that the benefits of oversampling seen in the bandpass sampling 

process and in lowering quantisation noise are compromised by the effect of aperture jitter. In 

fact, oversampling increases the amplitude error due to jitter (due to the increase in frequency 

deviation) and thus decreases the signal-to-noise ratio.

For high data rates, particularly in wireless multipath environments, multicarrier modulation 

is widely considered as an ideal choice for the transmission of information. Chapter 6 

presented an overview of OFDM, a special case of multicarrier modulation, where the 

subcarriers are orthogonal to each other. Generation of the OFDM signal via the continuous 

method and the computationally efficient FFT method have been described, together with the 

effects of phase noise and frequency offset on OFDM signals. The model of a bandpass 

sampling OFDM transceiver based on the FFT was described, together with its performance 

in AWGN, which was shown to be worse than theoretical predictions due to the aliasing of 

noise into the sampled passband.

Chapter 6 has also examined the effect of aperture jitter in a bandpass sampling OFDM 

receiver. Due to the uncertainty in sampling period (under jitter), a randomly varying 

sampling rate resulted in a randomly varying frequency error in the IF position of the aliased 

signal. This caused some loss of orthogonality between subcarriers and resulted in ICI. For 

small values of jitter, such as the aperture jitter present in state-of-the-art converters, the 

performance degradation is minimal. Performance was enhanced either by:

■ using higher sampling rates (in order to reduce the amount of noise aliased into the 

sampled passband)
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■ reducing the frequency at which digitisation is implemented.

The first of these performance enhancing methods may appear to contradict the conclusion 

resulting from Chapter 5. However, the positive effect of oversampling on the bandpass 

sampling process is much greater than its negative effects resulting from aperture jitter, 

especially for smaller levels of jitter. The second performance enhancing method, by reducing 

the IF frequency at which the sampling process is implemented is consistent with the result 

shown in Chapter 5, section 5.2.3.

The second area of investigations in Chapter 6 dealt with the performance of a multimode 

receiver architecture suitable for use in a cellular and WLAN type environment. Receiver 

models were developed using a single ADC to downconvert simultaneously the single carrier 

QPSK signal and the OFDM signal. Studies addressing the different system parameters and 

their effects on performance were carried out. These included the effects of; filtering, spacing 

between the IF positions of the two signals and the sampling rate used. The results indicated 

the following:

■ Filtering the two signals separately prior to sampling resulted in superior performance in 

comparison to using a single wideband filter. This arrangement increases the selectivity of 

the signals and reduces out-of-band interference prior to sampling.

■ An increase in sampling rate lead to an enhanced BER performance for the single carrier 

signal, as expected, due to decreased levels of aliasing as sampling rate increases. 

However, the OFDM signal performance was degraded when the sampling rate was 

increased. Signal distortion due to interference from adjacent received signal and the lack 

of baseband filtering in the OFDM model is the likely cause of such degradation. 

Inadequate attenuation of the OFDM signal by the single carrier filter also contributes to 

the degradation in performance. The effect of interfering signals not adequately 

attenuated by the front-end filters result in distortion when the outputs of the two filters 

are summed and also causes the OFDM signal to experience degradation in performance 

when signal position is varied. Making the passbands of these filters narrower results in a 

slight improvement in performance. However, in order to further attenuate unwanted 

signals, it is necessary to investigate increasing the filter order, increasing selectivity.

■ When the spacing between the two IF signals is set to be greater than the folding 

frequency, positioning the single carrier signal (the OFDM signal position remained 

constant) close to the lower edge of an aliasing triangle (for normal placement method), 

results in better performance, concluding that for optimum BER performance it is 

necessary to examine carefully the interactions between the signals and their spectral 

copies resulting from the sampling process.
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The final part of the chapter examined the above observation on signal position relative to the 

aliasing triangle. The position of a signal was varied between two multiples of the folding 

frequency while the sampling rate was kept constant. Better performance was observed closer 

to the lower edge of the aliasing triangle, thus resulting in a design trade-off whereby the 

optimum sampling rate for the simplest receiver implementation corresponds to a signal 

position at the centre of the aliasing triangle, but the best BER performance is achieved when 

the signal is positioned at the lower end of the triangle.

To summarise, the findings of this chapter indicate that for complex systems, such as 

multicarrier and multimode receivers, the system parameters have to be chosen very carefully 

to achieve acceptable performance especially when non-ideal behaviour; such as jitter, 

imperfect filtering, frequency variations and interference, exists. A number of guidelines can 

be extracted from the above findings and are presented as follows:

■ A linear passband with high selectivity are the desired requirements for a front-end filter 

prior to the bandpass sampling process. In a wideband receiver, care must be taken to 

observe phase nonlinearities particularly at the filter passband edges, where signals placed 

at the centre of the filter may experience different performance compared to those placed 

at the band edges. Performance should be examined for various noise and interference 

conditions.

■ Oversampling with respect to the bandwidth is beneficial for both bandpass sampling to 

reduce the aliasing of noise, and for reducing quantisation noise. However, the effects of 

aperture jitter become worse as the oversampling ratio is increased. It should be noted that 

although the effects jitter become worse, it is more beneficial to oversample when 

implementing bandpass sampling, especially for small levels of jitter.

■ The effects of aperture jitter in OFDM bandpass sampling receivers can be mitigated by 

increasing the sampling rate or by reducing the IF frequency.

■ For a multimode system better BER performance is achieved when each received signal 

at IF is filtered individually rather than using a single wideband IF filter prior to 

sampling. It is essential that each filter sufficiently attenuates all other interfering signals 

such that when the filter outputs are added, minimum signal distortion occurs.

■ For a multimode system it is necessary to reduce the interactions between signals and 

between their spectral copies that occur due to the sampling process in order to reduce 

signal distortion due to spectral overlap.

■ When designing a system for optimal receiver architecture, the IF signal should be 

positioned such that it resides at the exact centre of an aliasing triangle, resulting in an 

aliasing of the signal to a frequency that is one quarter of the sampling rate. However, for
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optimum BER performance, the signal should be position close to the lower, edge of an 

aliasing triangle for normal spectral placement.

The modelling described in Chapters 4, 5 and 6 used specific frequencies, jitter values and 

filter structures consistent with values appearing in the literature and used in the wireless 

industry. The conclusions reached and summarised above are, however, of a generic nature 

and the use of specific values for modelling should not be considered by future users of this 

work as a potential loss of generality.

7.1 Proposals for Future Work

The work described in this thesis has concentrated on key system aspects of bandpass 

sampling systems. It is expected that this work can be used to guide designers of such systems 

towards “sensible” system structures and parameters. Other areas that can be addressed by 

future studies of these systems are outlined below;

■ The bandpass sampling model requires manual adjustment of the phase of the local 

oscillator (numerically controlled oscillator since this part of the system is digital) used to 

downconvert the sampled signal to baseband. The performance of the model could be 

improved if a carrier recovery scheme is implemented to recover the carrier from the 

sampled signal, thus ehminating the phase difference between the signal and LO. In 

modelling such scenarios care must be taken so as to consider possible effects of jitter 

accumulation in the different stages of carrier and sampling recovery circuitry. The 

modelling given in Chapter 4 of the thesis would serve as a good starting point for such 

modelling.

■ In addition to the investigation of the effect of filters on BER performance of a bandpass 

sampling receiver, the effects of front-end non-linearities on the performance of a 

bandpass sampling receiver can be investigated. The results and observations can be 

compared with the findings published in [68] by Tseng. Such non-linearities would cause 

signal degradation especially where complex multimode systems, such as those proposed 

in Chapter 6, are used.

■ The studies of the effect of aperture jitter, in Chapter 5, concluded that generating a clock 

using frequency modulation was a more faithful representation of the behaviour of jitter 

as the sampling rate is varied. The inherent dependence on sampling period in the
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determination of the frequency deviation due to jitter is absent from the expressions 

developed through mathematical analysis. This analysis can be modified to include the 

uncertainty in the sampling time as a function of the sampling period. In addition, a note 

of caution is appropriate here; when simulating such systems it is important to look 

carefully at the jitter models provided by commercial simulators as some of these may not 

give appropriate representation of jitter and its statistics.

■ Pulse shaping and/or baseband filters for OFDM receivers can be implemented and their 

performance assessed. This should give rise to significant improvement in BER 

performance compared to the models used in this thesis.

■ The effect of sampling uncertainty should be investigated for second-order and non- 

uniform sampling schemes. Both, the BER performance and amplitude error have to be 

considered.

Overall, the issues discussed in this thesis would be useful to designers of future wireless 

systems. Although the technology is not available yet for wideband - multi GHz software 

defined radio systems, given the continuous improvements in semiconductor materials, 

processes and integrated circuit technologies, such systems are expected to become a reality 

in the not so distant future.



Appendix A 

Verification of ADS Noise and BER Measurements

In this appendix we detail the representation of noise signals in Agilent ADS [154] together 

with the modelling method followed to obtain Eb/No of signals. This appendix also includes 

examples of models used to test a transmitter and receiver scheme in AWGN in order to verify 

that the modelling carried out in this thesis generates results that can be trusted. Our 

validation methodology was simply based on testing our simulation model results versus 

results obtained from analytical representation of noise, signals and associated spectra, time 

domain signals and error rates. Simulations produced results that matched what is predicted 

theoretically. This was specifically applied to noise and QPSK modelling. Further, and more 

complex, verification was evident from the OFDM results presented in Chapter 6.

A. 1 Representation of Noise in ADS

The noise source used throughout the models developed in ADS is a ‘Timed” source, 

indicating that the samples generated have timing assigned to them. The output resulting from 

the noise source is determined by the seed defined in the simulation ata flow controller 

enabling repeatability of results when the simulation is repeated. The output can be baseband 

or defined as a complex envelope depending upon the carrier frequency of the noise.

The schematic in Figure A.l shows a noise source configured to generate a Gaussian 

distributed noise signal. The TStep parameter that defines the timing between the samples 

generated corresponds to a system bandwidth equal to 768MHz. The noise is centred on a 

carrier frequency of 70MHz and the spectrum of the noise signal is shown in Figure A.2. Note 

that only the positive frequencies are represented in the output of the spectrum analyser and 

the noise bandwidth is equal to the reciprocal of the TStep, centred on the carrier frequency.

194



A ppendix A -  V erification o f ADS N oise and B ER M easurem ents 195

D F

DF
DF
DefaultNumericStart=0*seedseed 
DefaultNumericStop=100 
DefaultTimeStart=0 usee 
DefaultTlmeStop=(100 + bit_time/2) usee

[ 3  VAR 
VAR2
X =1.0
seedseed=1
VBX=8
bit_time= 1.0/3.84  
T_Step=0.05/3.84  
earrier=70

N o i s e D> D>
RF

Noise SpiitterRF
N133 S2
TStep=(T_Step/10) usee 
Type=Gaussian PDF  
FCarrier=earrier MFlz 
VA=O.OV  
VB=VBX V  
Delay=0.0 see 
DurationTlme=1 see 
Repetition! nterval=1 see

TimedSink
T1
P!ot=Reetangular 
Start=DefaultTimeStart 
Stop=DefaultTimeStop 
Controls! muiation=YES

m i s

SpeetrumAnalyzer
S I
Plot=Reetangular 
Sta rt= DefaultTi meStart 
Stop= DefaultTi meStop 
Window=none 
WindowConstant=0.0

Figure A.l: ADS schematic of a noise source connected to time and frequency analysis sinks
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Figure A.2: Spectrum of Gaussian distributed noise source centred on a carrier of 70MHz

In the time domain the signal is represented in complex envelope terms and its real 

component is shown in Figure A.3. The probability density function (pdf) is plotted in Figure 

A.4 as a histogram function and shows that the noise source is configured to generate a zero-
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mean Gaussian distributed signal. The pdf of a Gaussian distributed random process is 

defined as

2â (A.1)

where is the variance and is the mean of the random process.

The average power, in watts, of the output of the noise source is defined as

-
VBX

50
(Watts) (A.2)

where VBX^ is equivalent to the variance of the noise source output and is normalised to the 

500 source impedance. The noise density of the source output is then defined as

A
Nn  =

N

BW^
(W/Hz) (A.3)

where BWn is the noise bandwidth and in the case of the ADS simulations is equivalent to the 

reciprocal of the TStep. If we take the values used in the example given here. VBX is 8V and 

BWn is 768MHz, resulting in a noise density of = 1.67x10'^ W/Hz. In the case of the models 

developed in Chapter 4, section 4.3, the transmitted signal has an average power of 21dBm, 

and a data rate equal to 3.84Mbit/s. The resulting Eb/No, which is the ratio of the energy per 

bit to the noise power spectral density, is 12.9dB which is verified using the four-input BER 

estimator block. This block uses the Monte Carlo method of comparing the input and output 

bitstreams together with noise and transmitted signal inputs to calculate Eb/No. BER 

measurements are taken throughout the simulations carried out in this thesis and these 

measurements will be elaborated upon in the next section. To summarise, the Eb/No of a 

signal can be determined by

^ ( j B ) - l O l o g i o

 ̂average transmitted signal powerÇWŸ 
transmitted bitrate(Hz) 

^average noise
noise bandwidth(Hz)

(A.4)
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Figure A.3: Real component of the complex envelope waveform generated from a noise source
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Figure A.4: pdf of a Gaussian distributed noise source

A.2 Modulation and BER Measurements

This section gives examples of modulation and demodulation carried out in ADS and BER 

performance compared to the theoretical error rate obtained via mathematical expressions. 

Examples of transmitter schematics, transmitted signal spectra and constellations are given. 

The BER performance of a QPSK modulation/demodulation configuration in AWGN is given 

and compared to the analytically derived performance.

A QPSK modulation transmitter arrangement is shown in Figure A.5. The schematic features 

a random data generator whose output is de-interleaved into inphase and quadrature paths.
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Root-raised cosine filtering is implemented to provide Nyquist pulse shaping (with root-rasied 

cosine filters also implemented in the receiver to eliminate ISI), The QAM modulator block 

provides the function of modulating a quadrature carrier arrangement with I and Q symbols 

and also provides parameters for carrier frequency, average transmit power, and the facilty to 

implement gain and phase imbalance. The additive noise is has been described above and is 

implemented to model receiver noise (AWGN channel). The schematic also shows the four- 

input BER estimator block mentioned above to determine Eb/No.

BPSK can be easily implemented by eliminating the de-interleaving function and removing 

the quadrature path, setting the quadrature input to the QAM modulator as a zero constant.

A number of different modulation schemes can be implemented in this quadrature 

arrangement including OMSK, and higher level PSK and QAM modulation schemes. The 

effect of root-rasied cosine filters on the signal is shown in the time-domain in Figure A. 6 and 

in the frequency domain in Figure A. 7. Signal constellations with and without root-raised 

cosine filters are shown in Figure A.8 where it is evident that ISI is introduced by filtering.
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Figure A S: ADS schematic of a QPSK transmitter arrangement 
together with the addition of noise
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Figure A.8: Constellation plot of QPSK modulated signal (a) without root-raised cosine filters
and (b) with root-riased cosine filters
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In a direct conversion implementation of the QPSK receiver and demodulation model, the 

quadrature demodulator local oscillator frequency is set to the carrier frequency of the 

received frequency. The arrangement of the demodulator is shown in Figure A.9. It is 

unnecessary to use a bandpass filter at the front-end however it is uaully implemented to 

increase receiver selectivity especially when considering adjacent channel interference. Eye 

diagrams from the inphase channel are displayed in Figure A. 10, where three different values 

of Eb/No are used in order to demonstrate increasing signal degradation when the Ey/No at the 

input of the receiver is reduced. The output of the demodulator is then fed to a BER 

estimation block together with the transmitted bitstream. The two bitstreams are compared 

sample by sample using the Monte Carlo method for BER measurements. The BER versus 

Eb/No curve for this model is shown in Figure A l l .  The analytically derived performance 

uses the expression for the probability of error of QPSK modulated signals defined as

Pg = O.Serfc
N

(A.5)

where erfc is the complementary error function.

It can be seen that the BER performance of the simulated model is very similar to that of the 

performance derived from the analytical expression. Taking into account this result and 

together with the signal representations shown above, we can faithfully model QPSK 

modulation schemes using ADS.
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Figure A.9: Schematic of the QPSK demodulator
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Figure A. 11: BER performance of QPSK modulator and demodulator compared with
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Finally, a number of examples of the operation of the bandpass sampling process are given in 

Chapter 4, section 4.3.2 and 4.4 and throughout Chapter 6. Figure 4.6 and Figure 4.7 show the 

spectrum of the sample-and-hold output and the BER performance of a bandpass sampling 

system, respectively. The results obtained indicate trends that are consistent with expected 

results. The performance of an OFDM system together with an OFDM bandpass sampling 

system has been verified by examining the spectrum shown in Figure 6.6 and the BER 

performance presented in Figure 6.7.



Appendix B 

Description of ADS Schematics for Modeiiing 

Bandpass Sampiing Receivers

The following is a description of some of the elements of the models developed and used in 

Chapter 4. The model is described in section 4.3; however, screenshots from the Agilent ADS 

[154] schematics are presented below, together with an explanation of their functionality.

B. 1 QPSK Transmitter and Additive Noise

The QPSK transmitter implemented for the investigations in Chapter 4 was based 

approximately upon the 3G WCDMA standards described in [128] and a screenshot is 

presented in Figure B.l. Spreading of a data signal was not implemented, and the data rate 

was set as 3.84Mbps within the data block. The output bitstream was de-interleaved into 

inphase and quadrature paths in which root-raised cosine low pass filters were implemented. 

These filters were set up such that they had a passband of 1.92MHz and a roll-off factor of 

0.22. The “MOD QAM” block that follows the filtering takes the pulse shaped I and Q 

streams and modulates a quadrature carrier arrangement which is shown in Figure B.2. This 

block requires the carrier frequency and transmit power to be specified. The output of the 

block is the QPSK modulated signal, in complex envelope representation.

204



Appendix B - Description of ADS Schematics for Modelling Bandpass Sampling Receivers 205
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Figure B .l: ADS screenshot of the QPSK transmitter
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The output of the QPSK transmitter can be summed with the output of a similar transmitter 

operating at a different frequency in order to model interference from an adjacent channel. 

This was implemented in order to investigate the effect of front-end filters in ACI conditions 

in sections 4.4.3 and 4.4.5. In this case, the power of the interfering channel is swept over a 

range of transmit power values relative to the power of the desired channel.

Following this optional stage of adding interfering channels, the addition of Gaussian white 

noise is implemented to simulate the AWGN conditions used throughout Chapter 4. The 

additive noise simulates air-interface noise and thermal noise within the receiver electronics, 

and is added immediately prior to the front-end filter of the receiver model. The 4-input “her 

MC” block is used to determine the signal-to-noise ratio at the front of the receiver. The noise 

block requires a noise distribution to be set; in this case, Gaussian noise is required. The 

standard deviation of the distribution represents the rms noise voltage.

cos(2 n fct) 

1

Q

sin(2 n fct)

Figure B.2: Quadrature carrier arrangement

B.2 Filtering and Sampiing Functions of the Receiver

The section of the model presented in Figure B.3 shows the implementation of the front-end 

bandpass filter and the sampling function. The bandpass filter is a standard library block, 

available in Butterworth, Bessel, Chebyshev, elliptic and raised cosine variants. The filter 

output is summed with a zero constant in order to present the sample-and-hold function with a 

real signal. This process is necessary since the sample-and-hold block will not operate 

correctly on a complex envelope signal. In order to accurately represent this real signal, the 

sampling rate of the system (determined by the parameter called TStep which is the time 

between the samples representing the signal in the simulator) must be set very high (set to 

768MHz in these models, which is 200 times the bit rate, and almost 11 times greater than the 

carrier frequency) since the system must satisfy the Nyquist rate. The increased sampling
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provides a better representation of the signal and allows for better operation of the sample- 

and-hold block. Complex envelope signal representation is unsuitable for use in bandpass 

sampling systems since the aliasing effect cannot be appropriately modelled.

The sample-and-hold block has two inputs; the signal to be sampled and a clock signal which 

in this case is a sinusoidal signal with frequency set to the sampling rate. The block samples 

the input signal at the zero-crossings of the clock signal.
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Figure B.3: Front-end filtering and sampling functions

B.3 Quadrature Demodulation

The low-IF sampled signal is digitally downconverted to baseband using the arrangement in 

Figure B.4. The quadrature demodulation is performed in a similar fashion to the modulation, 

however, due to a phase shift occurring in the sampling process, the phase of the local 

oscillator signal must be adjusted in order to mitigate constellation rotation. Root-raised 

cosine filters are again implemented in order to eliminate ISI and then the I and Q 

components are decimated and interleaved in order to present the BER block with a signal 

which has 1 sample per bit.
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Figure B.4: Downconversion to baseband, filtering, decimation and interleaving



Appendix C Description of ADS Schematics for 

Modelling Aperture Jitter

This appendix gives a description of the Agilent ADS [154] models developed for the 

investigations carried out in Chapter 5. The model is described in Section 5.5.2; however, 

screenshots from the ADS schematic are presented below, together with an explanation of 

their functionality.

C. 1 Model to Determine Amplitude Error Due to Aperture 
Jitter

0.1.1 Transmitted Signal

The waveform used in this model is a binary phase shift keying (BPSK) signal, centred on a 

10 MHz carrier. The data rate is 100 kHz and Nyquist pulse shaping is performed using a 

root-raised cosine filter. The transmitter section of the ADS schematic is shown in Figure C.l.

209
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Figure C.l: BPSK transmitter model

C.1.1 Adding Jitter to the Clock Signal

Once the received signal is bandlimited using a bandpass filter, it is sampled in the same way 

as described in Appendix A, section B.2. However, for the simulations carried out in Chapter 

5, section 5.5.2, aperture jitter must also be added to the modelling of the sampling process. 

The schematic of this model is shown in Figure C.2. Two methods of modelling jitter are 

used, which have already been previously explained in Chapter 5, section 5.5.1. The output of 

the noise generator either phase modulates or frequency modulates a sinusoid which is then 

used as the clock signal for the sample-and-hold function.

When phase modulation is used, the level of jitter is related to a phase deviation by 

normalising the sampling period with respect to 2n, and then determining the fraction of 27t 

corresponding to the level of jitter. The resulting phase deviation is then translated to an 

amplitude variation (noise voltage), using the relationship in equation (5.32).

Similarly, when frequency modulation is used, the level of jitter is related to a frequency 

deviation from the original sampling frequency. The resulting frequency deviation is then 

translated to an amplitude variation, using the relationship in equation (5.33).
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Figure C.2: addition of aperture jitter to the sampling clock signal

C.1.2 Determining the Ampiitude Error

The received signal is split and each copy of the signal is sampled. One of the sampling 

clocks has jitter added to it using the method described above, and the other is unaffected by 

jitter (the noise voltage is set to zero) as shown in Figure C.3 (a). The difference of the 

outputs of the sample-and-hold functions is taken, which is then squared. The average of all 

the samples transmitted is calculated and the value is displayed using the numeric sink (see 

Figure C.3 (b)).
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(b )

F ig u re  C .3: schem atic o f the  m odel used  to  d e te rm in e  th e  am p litu d e  e r r o r  d u e  to  a p e r tu re  j i t te r



Appendix D Description of ADS Schematics for 

Modelling OFDM Bandpass Sampling Receivers

The following is a description of some of the main elements of the models developed in ADS

[154] and used in Chapter 6. Any aspects previously covered in Appendices B and C shall not 

be repeated here. The description of models concentrates on the modelling of the OFDM 

transmitter and receiver.

D.1 OFDM Transmitter 

D.1.1 Numeric Section

The schematic shown in Figure D. 1 is the numeric section of the OFDM transmitter model. 

By numeric, it is meant that no timing is associated with the samples. Random binary data is 

generated with one sample representing each bit. These samples are then mapped on to a 

QPSK constellation.

The chop functions perform a zero padding function, equivalent to interpolation of the signal. 

This increases the number of IF F !  points required since now active and inactive (zeros) 

samples exist. The IFF  ! function performs a complex IF F  ! on the input, requiring the IF F !  

size to be set to the sum of both active and inactive carriers. The output is now the baseband 

OFDM signal waveform.

214
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Receivers

An optional guard interval can be added using the block following the IFFT. This block (from 

the ADS High Definition Television (HDTV) component library) takes the last n samples of 

the OFDM symbol and appends them to the beginning of the symbol; also referred to as 

cyclic prefix. This of course lengthens the OFDM symbol and when timing is applied, this 

must be taken in to accoimt.

The OFDM symbol is split into real and imaginary components and then further upsampling 

is carried out by zero insertion after each sample. Finally, timing is applied to the samples, 

thus determining the bandwidth occupied by the OFDM signal and establishing the initial data 

rate. If cyclic prefix is utilised, this must be accounted for when determining the data rate.

caa s

m

Figure D.l: Numeric section of OFDM transmitter model
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Receivers

D.1.1 Quadrature Modulator

Following the timing assignment, lowpass filters are necessary to attenuate the spectral copies 

that are generated during the zero-insertion upsampling process. These spectral images occur 

at multiples of the reciprocal of the time between samples (the sampling rate of the simulation 

which is the reciprocal of the TStep). The filters are optimised for minimal constellation 

distortion.

Quardature modulation is performed in the same way as described in Appendix A and the 

schematic is shown in Figure D.2.

822
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Figure D.2: Timed components of OFDM transmitter model, including quadrature modulation. 
The addition of noise prior to the receiver is also shown here.
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Receivers

D.2 Receiver Model

D.2.1 Receiver Front-End

The front-end of the receiver is similar to that described in Appendix A and the schematic for 

the model is shown in Figure D.3. Jitter is modelled by frequency modulating a carrier with a 

random noise source and is also shown in the figure. The noise voltage is determined by 

equating the rms jitter value to an rms frequency deviation, and then determining the 

corresponding amplitude variation required to produce this frequency deviation, depending 

upon the modulator sensitivity, A detailed description is given in Appendix B and in Chapter 

5 (section 5.5.2).

D.1.1 Demodulation of OFDM Signal

The demodulation of the OFDM signal is shown in Figure D.4 and is essentially the reverse 

of the transmitter. After downsampling in order to achieve the correct number of samples for 

each OFDM symbol, a delay block is necessary to ensure that the number of samples that 

constitute the cyclic prefix are removed from the correct section of the OFDM symbol. This is 

necessary due to delays introduced by filtering blocks. A total delay of one whole OFDM 

symbol duration is required before the removal of the cyclic prefix. The FFT effectively 

interleaves the data on each subcarrier, thus recovering the data symbols. However, the zero- 

padding must be removed prior to de-mapping the QPSK constellation, and thus finally 

recovering the bitstream.
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Receivers

u m

OE II.

Figure D.3: Schematic of the OFDM receiver front-end
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Receivers

O

Figure D.4: demodulation of OFDM signal
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