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Abstract

The growing demand for wireless connectivity has increased the shortage of usable Radio

Frequency (RF) spectrum, resulting in congested unlicensed bands and underutilised

licensed spectrum. Dynamic Spectrum Access (DSA), enabled by Software Defined Radio

(SDR) and Cognitive Radio (CR), shows promise in improving spectrum utilisation by

allowing opportunistic and adaptable usage of available bands. However, traditional SDR

platforms often suffer from complexity, limited reconfigurability, and non-deterministic

behaviour due to disparate hardware technologies.

This thesis addresses these challenges by developing practical methodologies and

efficient algorithms for RF-sampling FPGA-based SDR devices, particularly AMD’s

Zynq UltraScale+ RF System-on-Chip (RFSoC).

First, a novel design methodology for SDR applications on the RFSoC is presented

and used to develop a fully functional transceiver demonstrator, incorporating real-time

data inspection and visualisation. The demonstrator provides user-driven software

reconfiguration using Model Composer-generated HDL IP cores and integrated within

the PYNQ framework. Experimental results demonstrate effective real-time visualisation

at rates up to 20 FPS, with notably low FPGA resource utilisation. This work is shown

to have had a positive impact on the community, and beyond, serving as a foundation

for subsequent research.

Second, this research introduces SPECTRE, an open-source, Python-based frequency

planning tool designed to dynamically identify spur-free configurations for RFSoCs.

Frequency planning is defined as a search space problem and, through analysis, key

interference spurs were identified, and various search algorithms evaluated. Results
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highlight that a hybrid search strategy combining coarse grid and exhaustive random

searches could achieve real-time performance on the RFSoC.

Finally, a novel FPGA-based fixed-point filter design method is developed for

run-time reconfigurable FIR filters. Results show excellent filter performance (up to

88 dB stopband attenuation) and ultra-low deterministic latency (2.52 µs), suitable for

real-time SDR applications.

All tools developed in this thesis were publicly released as open-source, significantly

contributing to practical and accessible SDR and CR applications.

iii



Acknowledgements

Firstly, I would like to thank my supervisors, Dr. Louise Crockett and Prof. Robert

Stewart, for their continuous guidance and patience. Their steadfast support provided

me with countless opportunities that shaped my career in ways I could never have

imagined.

I am also deeply grateful to my fellow StrathSDR members, who have been an

incredible source of inspiration, motivation, and much-needed comic relief throughout.

A special mention goes to Craig Ramsay—without whom I would never have survived

Colorado—as well as Douglas Allan and David Northcote, whose technical insights were

invaluable.

I would also like to acknowledge my family and friends whose encouragement,

patience, and belief in me were instrumental in bringing this thesis to completion.

Additional thanks go to the AMD University Program and the PYNQ team—of

which I am now proud to be a member—for providing the resources and tools that made

this research possible. In particular, I would like to thank Cathal McCabe for RFSoC

support and Graham Schelle for his management of the PYNQ project.

Finally, I would like to give a special nod to the two brave RFSoCs that sacrificed

themselves in the pursuit of knowledge. Your incendiary departures were not in vain.

iv



Contents

Abstract ii

Acknowledgements iv

List of Tables xiii

List of Acronyms xiv

1 Introduction 1

1.1 Spectrum Scarcity and Under-Utilisation . . . . . . . . . . . . . . . . . . 1

1.2 Dynamic Spectrum Access, Cognitive Radio, and Software Defined Radio 2

1.3 Real-Time Operation and Determinism . . . . . . . . . . . . . . . . . . 3

1.3.1 Defining Real-time and Determinism . . . . . . . . . . . . . . . . 3

1.3.2 Defining the Reconfiguration Time of a Cognitive Radio . . . . . 4

1.4 Limitations of Traditional SDR Platforms . . . . . . . . . . . . . . . . . 5

1.5 RF-Sampling SoCs as an Enabling Technology . . . . . . . . . . . . . . 6

1.6 Motivation and Scope . . . . . . . . . . . . . . . . . . . . . . . . . . . . 7

1.6.1 RFSoC Development Complexity and the Need for a Design

Methodology . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 7

1.6.2 Frequency Planning as a Requirement for Cognitive Radio . . . . 7

1.6.3 Reconfigurable FIR Filters for Spur Suppression . . . . . . . . . 8

1.7 Research Aims and Contributions . . . . . . . . . . . . . . . . . . . . . . 9

1.8 List of Publications . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 9

1.9 Thesis Structure . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 11

2 Background and Literature Review 12

v



Contents

2.1 SDR for Cognitive Radio . . . . . . . . . . . . . . . . . . . . . . . . . . 12

2.1.1 Cognitive Radio . . . . . . . . . . . . . . . . . . . . . . . . . . . 12

2.1.2 Software Defined Radio . . . . . . . . . . . . . . . . . . . . . . . 14

2.1.3 Limitations of Legacy SDR Platforms for Cognitive Radio . . . . 15

2.1.4 RF-Sampling SDRs . . . . . . . . . . . . . . . . . . . . . . . . . 17

2.1.5 The Zynq UltraScale+ RFSoC . . . . . . . . . . . . . . . . . . . 19

2.1.6 RFSoC Hardware . . . . . . . . . . . . . . . . . . . . . . . . . . . 21

2.1.7 RFSoC for Cognitive Radio . . . . . . . . . . . . . . . . . . . . . 22

2.2 Limitations of RFSoC Design Methodologies . . . . . . . . . . . . . . . 22

2.2.1 Conventional SoC Design Flow . . . . . . . . . . . . . . . . . . . 22

2.2.2 Productivity Focused Development Tools . . . . . . . . . . . . . 24

2.3 Frequency Planning . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 27

2.3.1 RF Data Converters and Interleaving ADCs . . . . . . . . . . . . 28

2.3.2 Spurious Emissions of RF-Sampling Devices . . . . . . . . . . . . 29

2.3.3 Frequency Planning for RF-Sampling Devices . . . . . . . . . . . 33

2.3.4 Frequency Planning for Cognitive Radio Systems . . . . . . . . . 41

2.4 Reconfigurable FIR Filters . . . . . . . . . . . . . . . . . . . . . . . . . . 43

2.4.1 Filter Design Techniques for FPGAs . . . . . . . . . . . . . . . . 45

2.5 Chapter Summary . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 52

3 SDR System Design on RFSoC Devices 54

3.1 Chapter Overview and Contributions . . . . . . . . . . . . . . . . . . . . 54

3.2 Methodology and Design Strategy . . . . . . . . . . . . . . . . . . . . . 55

3.3 System Architecture Overview . . . . . . . . . . . . . . . . . . . . . . . 56

3.3.1 PL System Overview . . . . . . . . . . . . . . . . . . . . . . . . . 57

3.3.2 PS System Overview . . . . . . . . . . . . . . . . . . . . . . . . . 58

3.4 Hardware Design . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 59

3.4.1 Development of Radio IP Cores . . . . . . . . . . . . . . . . . . . 59

3.4.2 Vivado System Design . . . . . . . . . . . . . . . . . . . . . . . . 61

3.4.3 Data Capture and Visualisation . . . . . . . . . . . . . . . . . . . 63

3.5 Software Design . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 65

vi



Contents

3.5.1 Python Drivers for RFSoC Hardware . . . . . . . . . . . . . . . . 65

3.5.2 Radio Transceiver Drivers . . . . . . . . . . . . . . . . . . . . . . 68

3.5.3 Data Inspection and Visualisation . . . . . . . . . . . . . . . . . 70

3.6 Results . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 71

3.6.1 Community Impact . . . . . . . . . . . . . . . . . . . . . . . . . 72

3.6.2 Productivity Analysis . . . . . . . . . . . . . . . . . . . . . . . . 72

3.6.3 Software Performance . . . . . . . . . . . . . . . . . . . . . . . . 73

3.6.4 Hardware Performance . . . . . . . . . . . . . . . . . . . . . . . . 78

3.7 Concluding Remarks . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 79

4 A Run-time Reconfigurable Frequency Planning Tool for RF-Sampling

Radio Devices 81

4.1 Chapter Overview and Contributions . . . . . . . . . . . . . . . . . . . . 81

4.2 Frequency Planner Tool Implementation . . . . . . . . . . . . . . . . . . 82

4.2.1 Design and Architecture . . . . . . . . . . . . . . . . . . . . . . . 83

4.3 Results . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 88

4.3.1 Frequency Plan Success and Failure Rates . . . . . . . . . . . . . 90

4.3.2 Algorithm Performance . . . . . . . . . . . . . . . . . . . . . . . 92

4.3.3 Summary of Results . . . . . . . . . . . . . . . . . . . . . . . . . 100

4.4 Concluding Remarks . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 100

5 A Natively Fixed-Point Run-time Reconfigurable FIR Filter Design

Method for FPGA Hardware 103

5.1 Chapter Overview and Contributions . . . . . . . . . . . . . . . . . . . . 103

5.2 A Hybrid Approach to Filter Design for FPGA Implementation . . . . . 104

5.3 Hardware Design . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 105

5.3.1 IP Design . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 106

5.3.2 System Design . . . . . . . . . . . . . . . . . . . . . . . . . . . . 112

5.4 Results . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 114

5.4.1 Effects of Wordlength Constraint on Filter Quality . . . . . . . . 115

5.4.2 Effects of N FFT on Filter Quality . . . . . . . . . . . . . . . . . . 117

vii



Contents

5.4.3 Comparison Between Native and Non-Native Coefficients . . . . 118

5.4.4 Effects of N and N FFT on FPGA Resources . . . . . . . . . . . . 121

5.4.5 Effects of N and N FFT on Execution Time . . . . . . . . . . . . 122

5.4.6 Comparing Native and Non-Native Execution Times . . . . . . . 123

5.5 Concluding Remarks . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 127

6 Conclusions 129
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Chapter 1

Introduction

1.1 Spectrum Scarcity and Under-Utilisation

A commonly cited issue within the wireless communications field is the apparent lack

of available Radio Frequency (RF) spectrum in which to broadcast. This is commonly

described as the “spectrum drought” [8], or, perhaps more dramatically, the “spectrum

crisis” [9].

RF spectrum in many countries is tightly regulated by governmental institutions,

such as the Office of Communications (Ofcom) in the UK. These institutions license large

portions of the spectrum for commercial and governmental use-cases, while providing

smaller unlicensed bands for more general use; such as WiFi, Bluetooth, and other short-

range wireless communication applications. As a consequence, the unlicensed bands

have become congested, while many parts of the licensed spectrum are under-utilised

by the licensees, particularly in low-population areas [10,11].

This suggests that the challenge facing modern wireless systems is not the scarcity

of spectrum itself, but rather the inefficient use of existing spectrum resources.
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1.2 Dynamic Spectrum Access, Cognitive Radio, and Soft-

ware Defined Radio

One such model to combat spectrum under-utilisation is Dynamic Spectrum Access

(DSA) in which licensed, Primary Users (PUs) retain preferential access to a specific

band, while non-licensed, Secondary Users (SUs) are given opportunistic access when it

is not in use and would not cause interference with the license holder. This method of

spectrum sharing provides a means of utilising the available licensed spectrum more

efficiently [12].

Adaptability is a key aspect of DSA, as the availability of a licensed frequency band

may change over time, depending on PU activity. This requires SUs to actively observe

the spectral environment and adapt parameters accordingly [13, 14]. As such, DSA

requires both the ability to reconfigure radio hardware and to make decisions based on

the observed spectral environment. These abilities are provided by Software Defined

Radio (SDR) and Cognitive Radio (CR), respectively [15].

The SDR concept aims to transform much of the traditionally static physical

(PHY) layer of the radio with programmable signal-processing components that can be

reconfigured in software. By implementing common radio features—such as modulation,

filtering, and mixing—in reprogrammable logic or software-controlled hardware, a single

SDR platform can support multiple frequency bands, standards, and waveforms on the

same physical device [16,17].

While SDR provides the underlying reconfigurable hardware capability, CR brings

intelligence to the wider radio network. CR provides awareness and decision-making that

enables the SDR to observe the spectral environment, learn from past behaviour, and

adapt its transmission parameters to avoid interference with other users—this process

of observation, analysis, decision, and action is known as the cognitive cycle [15, 18].

It is important to note that current implementations of DSA and CR are typically

limited to specific bands and regulatory frameworks, such as TV white space [19], and

do not assume unrestricted access across the RF spectrum. However, there is a clear

trend towards more flexible and dynamic spectrum regulation, driven by persistent
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under-utilisation and increasing demand for wireless services [20]. As regulatory bodies

continue to relax constraints, future DSA networks will likely operate over a much

wider portion of the spectrum, requiring SDRs to handle wider bandwidths and a

variety of frequency bands. Additionally, as the number of PUs and SUs increases,

the overall spectrum will likely become more dynamic. This will require the cognitive

cycle to be performed faster and more frequently, placing requirements on the SDR to

reconfigure its parameters in a timely and predictable manner. This motivates the need

to consider real-time operation and deterministic behaviour at both a hardware and

software level [21,22].

1.3 Real-Time Operation and Determinism

1.3.1 Defining Real-time and Determinism

In general terms, a real-time system is one that responds to external events or stimuli

within a defined time constraint [23] and, therefore, is highly application dependent.

In the context of CR, spectrum sensing and subsequent reconfiguration must occur

quickly enough to prevent interference with PUs, while maintaining Quality of Service

(QoS) [18]. Therefore, within this thesis, real-time operation implies that the system—

comprising signal-processing algorithms, control logic, and reconfiguration mechanisms—

can respond to input stimuli within a latency budget that maintains uninterrupted

operation of the system. Furthermore, as this total latency is the sum of the latencies

of the individual processing and control components, each component must be designed

to operate with minimal latency in order for the overall system to meet real-time

performance [24].

Determinism refers to the property of a system in which its behaviour is uniquely

defined given a set of inputs and initial conditions. A deterministic system guarantees

that identical inputs lead to the same outputs and that the timing of these outputs

is predictable within defined limits [25, 26]. In the context of SDR, determinism

includes both functional and temporal aspects. Functional determinism requires that

identical input signals produce the same output signals, whereas temporal determinism
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requires that the timing of processes are constrained, ensuring predictable latency across

multiple executions [26, 27]. This is particularly important in DSA systems, where

non-deterministic behaviour, such as variable latency, can result in missed transmission

opportunities, increased interference, and degraded QoS [14].

1.3.2 Defining the Reconfiguration Time of a Cognitive Radio

Having defined both real-time and determinism in the context of CR, it is also important

to define the specific time constraints that apply to the cognitive cycle. In particular, it

is the act phase which is the focus of this thesis, where the parameters of the SDR are

reconfigured based on the observations and decisions of the previous phases [16,28].

However, what remains notably absent in both the standards and literature is any

comparable set of latency targets for this reconfiguration process, stating only that the

act phase must be performed in real-time [14,18,29].

Where numeric values are provided, they relate primarily to the sensing part of the

cognitive cycle. For example, in IEEE 802.22, spectrum sensing is specified across three

distinct levels, each corresponding to a different abstraction layer and timescale. At the

regulatory level, the standard defines a channel detection time of less than 2 s, which

represents an upper bound on the total time allowed to reliably detect the appearance

of a PU. At the MAC level, sensing is enabled through scheduled quiet periods, during

which transmissions are suspended for durations ranging from a single Orthogonal

Frequency-Division Multiplexing (OFDM) symbol of 0.33 ms, to one superframe of

160 ms. At the PHY level, sensing is divided into fast sensing of around 1 ms, and fine

sensing up to 25 ms. This reflects the processing time required for coarse and detailed

signal detection, respectively [19,30–32].

Other standards that incorporate sensing, such as LTE Licensed Assisted Access and

5G NR-U, specify only microsecond-scale listen-before-talk intervals, without defining

explicit sensing windows [33,34].

Given these observations and the fact that the reconfiguration of the radio will

primarily be performed on the radio’s PHY layer, it is reasonable to infer that the

act phase of the cognitive cycle should occur within a time-frame similar to the fast

4



Chapter 1. Introduction

and fine sensing of the IEEE 802.22 standard. Therefore, this thesis defines real-

time reconfiguration as the ability to reconfigure radio parameters within 1 to 25 ms,

depending on the application.

1.4 Limitations of Traditional SDR Platforms

A wide range of SDR platforms have been developed over the years to support CR

research. In general, these platforms are composed of heterogeneous components,

including Intermediate Frequency (IF)-sampling data converters, RF front-ends, Field

Programmable Gate Arrays (FPGAs), Graphics Processing Units (GPUs), and embedded

or general-purpose processors—often distributed across multiple devices [1, 5]. This

modular approach enables significant flexibility, but also results in systems that are

fragmented across both hardware and software domains.

While these SDR platforms and CR testbeds have shown promising results, they are

often limited in scope, supporting only a small number of frequency bands, bandwidths,

and protocols [1, 35,36]. As a result, they are ill-suited for DSA networks that aim to

exploit more of the available RF spectrum. Additionally, limited support for concurrent

channels, antennas, and receiver chains, constrain requirements, such as spectrum

sensing, reducing their effectiveness within the cognitive cycle [3].

The modular nature of these platforms often introduces multiple sources of la-

tency and non-determinism, due to data and control signals passing through multiple

interconnects—connecting RF front-ends, FPGAs, and processors. Furthermore, while

FPGAs are well-suited to implementing latency-sensitive algorithms, limited resources

in many of these traditional SDR platforms restrict the extent to which these algo-

rithms can be offloaded [37]. Consequently, these platforms can struggle to provide the

deterministic and low-latency performance required by CR [37–39].

Beyond performance considerations, these SDR platforms also present practical chal-

lenges for implementation of CR systems. Experiments and testbeds are often complex

to configure, highly platform-specific, and difficult to reproduce across testbeds [39].

While these traditional SDR platforms have been important in advancing CR research,

the fragmented architectures, limited scalability, variable latency, and design complexity,
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have made it challenging to satisfy the requirements of DSA. These shortcomings

motivate the investigation of more integrated radio architectures, such as direct-RF

sampling System-on-Chips (SoCs), which offer the potential to address many of the

challenges highlighted above.

1.5 RF-Sampling SoCs as an Enabling Technology

Recent advances in semiconductor technology have led to the development of RF-

sampling SoC devices, which provide an alternative approach to SDRs. Unlike traditional

SDR platforms, where RF front-ends, data converters, programmable logic, and control

processors are implemented as separate components across multiple devices, RF-sampling

SoCs integrate these elements on a single chip [40–42]. By reducing the need for external

connections between major parts of the radio system, this approach mitigates several of

the architectural limitations of traditional SDR platforms in CR/DSA systems [42,43].

A key feature of RF-sampling SoCs is their support for direct-RF sampling, in

which received signals are digitised as close to the antenna as possible. This allows

many traditional analogue components, such as mixers, Local Oscillators (LOs), and IF

stages, to be reduced or removed entirely [42,44,45]. This greatly simplifies the receiver

architecture and allows more of the radio functionality to be reconfigured through

software. Additionally, these devices also support wider bandwidths, higher channel

counts, and more flexible multi-band operation, improving scalability [45, 46]. This

makes these RF-sampling SoCs well suited to CR and DSA systems that operate across

a wide range of frequencies and bandwidths [40,45].

The integration of RF data converters, Programmable Logic (PL), and processors

within RF-sampling SoCs also has important implications for both latency and deter-

ministic behaviour. Because signal processing and control functions are implemented

on the same device, data and control signals do not need to cross external links, such as

USB, PCIe, or JESD204 [41, 46]. This reduces the delays introduced by these interfaces

and the variability associated with host-based control [41].

These single-device RF-sampling SoCs offer the potential for faster and more de-

terministic reconfiguration than traditional SDR platforms, with the AMD Zynq Ul-
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traScale+ (hereafter Radio Frequency System-on-Chip (RFSoC)) representing one of

the most mature and widely available of these devices [46]. However, this increased

level of hardware integration moves much of the remaining complexity into the software

domain. In particular, issues related to design complexity, run-time frequency planning,

and spur suppression remain, and motivate the contributions presented in this thesis.

1.6 Motivation and Scope

1.6.1 RFSoC Development Complexity and the Need for a Design

Methodology

Despite its capabilities, RFSoC development remains complex and time-consuming,

requiring expertise across FPGA design, embedded software, and RF systems [47,48].

The tight coupling between these three domains means that even small design changes

can require modifications across the entire stack. Additionally, typical development

flows primarily target static designs and are not well suited to rapid prototyping and

iterative experimentation, limiting research productivity [48–50].

Therefore, while RFSoC platforms provide the performance and flexibility required

by CR systems, the traditional development flows can limit accessibility for users—

motivating the need for a more productivity-focused design methodology.

1.6.2 Frequency Planning as a Requirement for Cognitive Radio

Direct-RF sampling devices, such as the RFSoC, introduce deterministic spurious signals

(spurs) as a consequence of the data conversion process. If these spurs fall within the

signal band of interest they can significantly degrade receiver performance [48, 51].

Frequency planning is commonly used to avoid this issue by selecting sample rates,

carrier frequencies, and clock frequencies, such that these spurs are shifted outside the

band of interest and can be suppressed by filtering [43,48,51].

In traditional architectures, radio parameters are typically fixed, and frequency

planning is therefore performed once during the design stage. In CR systems, these

parameters are instead adjusted dynamically in response to spectrum availability and PU
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activity. Changes in centre frequency, bandwidth, or sampling rate alter the locations

of spurs, meaning that a frequency plan computed in advance may no longer be valid

once the radio reconfigures [43,48].

Therefore, frequency planning in CR systems must be performed at run-time with low

latency, rather than offline during the design stage. However, existing frequency-planning

tools are primarily intended for static system configuration and are therefore unsuitable

for CR systems that require frequent and time-constrained reconfiguration [52–54].

1.6.3 Reconfigurable FIR Filters for Spur Suppression

After frequency planning has shifted the spurs outside the band of interest, they must

then be suppressed through filtering [43, 48]. These filters are designed to attenuate

specific out-of-band spurs, whose frequency locations depend on the centre frequency,

sampling rate, and clock configuration of the SDR.

In CR systems, these parameters may change frequently and unpredictably, causing

the frequency locations of the spurs to change in a similar manner. This requires

the associated filter parameters to be updated at run-time to ensure effective spur

suppression [55]. Fixed filters—or small sets of pre-designed coefficients—are therefore

unsuitable in this context as the number of possible operating configurations can be very

large, due to the wide range of possible centre frequencies, bandwidths, and sampling

rates.

Moreover, generating filter coefficients on the processing system, then loading

them into FPGA-based filters at run-time, can introduce additional latency and non-

deterministic behaviour, which conflict with the real-time requirements of CR systems [38,

39,55]. Since the filters themselves reside on the FPGA, it is therefore worth considering

computing the filter coefficients directly on the FPGA at run-time instead.
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1.7 Research Aims and Contributions

This thesis addresses the challenges identified in Section 1.6 and makes the following

original contributions to the design and implementation of CR systems based on RF-

sampling SoCs.

First, this thesis proposes a design methodology for developing systems on the

RFSoC platform. The methodology addresses the complexity arising from the tight

integration of RF data converters, FPGA logic, and embedded processors on the RFSoC

by providing a development approach that supports rapid prototyping and iterative

experimentation. This contribution directly addresses the development complexity and

productivity limitations identified in Section 1.6.1 and is presented in Chapter 3.

Second, a scriptable frequency planning tool is presented, enabling the real-time

identification of spur-free operating configurations for RFSoC-based CRs. This work

establishes frequency planning as a run-time requirement for RFSoC-based CR systems,

addressing the limitations identified in Section 1.6.2, and is presented in Chapter 4.

Finally, this thesis introduces a natively fixed-point, run-time reconfigurable Finite

Impulse Response (FIR) filter design method for FPGA hardware. The proposed

method enables deterministic generation of filter coefficients on the FPGA at run-time,

avoiding the latency and non-determinism associated with off-chip coefficient generation

and filter reconfiguration. This contribution directly addresses the need to compute

reconfigurable FIR filter coefficients on the FPGA identified in Section 1.6.3 and is

presented in Chapter 5.

1.8 List of Publications

This section provides a list of publications resulting from the work presented in this

thesis. Publications 1, 2, and 3 are specific to the contributions discussed in Chapters 3,

4, and 5, respectively. Publications 4, 5, and 6 are book contributions that make up

much of the background information presented in Chapter 2. Publication 7 provides an

additional work on wideband spectrum sensing for RFSoC.
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7. M. Šiaučiulis, D. Northcote, J. Goldsmith, L. H. Crockett, and Š, Kaladė,
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1.9 Thesis Structure

The remainder of this thesis is organised as follows:

• Chapter 2 provides a background and literature review for the concepts discussed

throughout this thesis. It explores the evolution of SDR as a foundation for CR,

positioning the RFSoC as a key enabler. By reviewing current academic and

industrial practices, the chapter identifies specific gaps in design productivity, real-

time frequency planning, and deterministic hardware reconfiguration, establishing

the motivation for the subsequent technical contributions.

• Chapter 3 presents an SDR design methodology for the RFSoC, in which a

reconfigurable radio transceiver demonstrator is developed, with built-in software

signal inspection and visualisation. This is facilitated by the use of Model Composer

for FPGA design and the extension of the PYNQ framework to support the RFSoC.

• Chapter 4 looks at reconfigurability within the context of real-time frequency

planning. A novel, open-source frequency planning tool is presented, capable of

calculating device configurations that result in spur-free operation of the RFSoC.

This tool is then used to evaluate real-time frequency planning, which can be used

to reconfigure the RFSoC at run-time.

• Chapter 5 continues the concept of reconfigurability within SDR applications by

presenting a novel FPGA-based filter design method, operating entirely in fixed-

point arithmetic, for use with reconfigurable FIR filters. A number of common

FIR filter design techniques are evaluated to determine their suitability for use

within FPGAs, providing the basis for a technique which operates entirely in

fixed-point arithmetic.

• Chapter 6 provides a résumé of the body of work presented within this thesis,

along with a summary of key results, and future work that could be undertaken

to extend the outcomes of this research.
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Background and Literature

Review

2.1 SDR for Cognitive Radio

2.1.1 Cognitive Radio

The demand for radio spectrum is increasing, while at the same time much of the radio

spectrum is owned by licensed users who underutilise it. This leaves unlicensed users

with much smaller sections of available spectrum in the unlicensed bands, resulting in

these bands becoming congested [56]. For example, it was found in [57] that the MNOs

hold approximately 30% of all spectrum below 3.8 GHz in the United Kingdom (UK),

whereas the unlicensed Industrial, Scientific, and Medical (ISM) bands make up just 5%

of the spectrum within the same frequency range [58]. Due to the growth in devices

requiring use of the spectrum, and with the apparent lack of use of large parts of the

licensed bands, a number of solutions have been proposed to address these issues, with

the most prominent being DSA.

As discussed in Chapter 1, one form of DSA divides users into two categories, the

PU, which is the license holder; and the SU, which is the unlicensed user. In this

DSA model, a PU has exclusive rights to the licensed band, and is permitted to use

it uninterrupted, while the SU attempts to use the licensed band in an opportunistic

manner when the PU is not using the spectrum [12,20]. CR is a key enabler of this type
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of spectrum management, providing intelligence to the radio network, with the ability

to adapt and change radio parameters based on the current state of the spectrum. It

is able to use spectrum sensing to detect unused gaps in a band, known as “spectrum

holes”, and allocate these to a SU.

One key factor in CR is spectrum sensing, where the ability to monitor the spectrum

at a particular time and location is required to determine if any spectrum holes are

available for a SU. Another key factor is the ability for a CR to use the spectrum

intelligently. For example, if a SU only requires a low-throughput connection then a

smaller bandwidth can be used, or if there is significant interference in the area then a

more robust modulation scheme may be required. Because of these factors, CR presents

a number of technical hurdles to overcome in order to make this technology feasible.

These include the ability to detect when a PU is using, or wants to use, a specific band;

communication between a transmitter and receiver, where the perceived spectrum holes

may differ between them; and the requirement for radio parameters to be updated with

low-latency, to avoid any collisions with PUs [12,59].

The operational process of a CR is typically discussed in terms of the cognitive cycle,

which consists of five stages: spectrum sensing, spectrum decision, spectrum mobility,

and spectrum sharing; as shown in Figure 2.1 [20,50].

In the cognitive cycle, the CR scans and captures the current state of the radio

spectrum and identifies available spectrum holes. The CR then identifies the best

spectrum hole to use for the SU, based on that user’s requirements. If there is a change

in the spectrum, for example if a PU is detected or there is a degradation of the channel,

then the CR will move the SU to another available spectrum hole. Finally, the CR

coordinates with other nodes on the network to avoid collisions.

To enable this cognitive cycle efficiently a CR must be able to operate in real time,

have low and deterministic latency [37,60,61]. To maintain QoS of the network a SU

must not interfere with a PU. Therefore, the spectrum sensing techniques used must

be able to quickly detect PUs and update radio parameters accordingly. Moreover, a

deterministic approach must be taken to ensure the CR is predictable and consistent.
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Figure 2.1: The cognitive cycle of a CR.

Factors such as latency in a system must be consistent to ensure that when a PU is

detected, the SU can take action in a predictable time frame [12,62].

2.1.2 Software Defined Radio

A Software Defined Radio can be simply described as a digital radio device in which

some, or all, of its physical layer components are defined in software [63, 64]. This may

include the frequency band it operates in, modulation scheme, wireless protocol, or

standard. The physical (PHY) layer mentioned here is in reference to the lowest layer

of the Open Systems Interconnection (OSI) networking model, in which the PHY is

responsible for the transmission and reception of the raw bits from the Medium Access

Control (MAC) layer above. Within the context of a digital radio architecture, the PHY

layer is responsible for the baseband and RF processing [65].

The concept of SDR was conceived in the early 1990s within the military industry,

where the original goal was to enable interoperability between existing and legacy radios,

and to enable any future communications protocols to be implemented on hardware that

was already deployed in the field [66]. The SDR concept was well-received and instigated

a steady flow of academic research and early commercial products, with proponents
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heralding SDR as the future of radio communications. Even as late as 2011 SDR was

predicted to become the standard technology for both military and commercial radios

by 2020 [67]. While this lofty goal is still to be realised, SDR has continued to evolve,

with most modern radio architectures implementing the SDR concept in some form.

Due to the original goal of SDR being interoperability, the primary technology it

was targeted at was general-purpose processors, where a general-purpose programming

language, such as C or C++, would be used to implement all components of the radio

architecture. However, due to high operational power, and difficulty using low-level

features and operations at the baremetal level, it was quickly found that these devices

were unsuitable for the task [66]. Since then, SDRs have primarily been targeted at a

combination of embedded processor and FPGA, with the RF facilitated by separate

front-end components [1, 5]. This combination of components helped to reduce power

consumption due to the relatively low power pull of both FPGAs and embedded

processors [68]. A further advancement was made with the release of FPGA-based SoCs,

such as the Zynq-7000 SoC from AMD. These SoCs combine the FPGA and embedded

processor on a single device, removing the external communication link between them,

helping to improve latency [69].

2.1.3 Limitations of Legacy SDR Platforms for Cognitive Radio

A wide variety of SDRs are commercially available, including those based on general-

purpose processors, GPUs, FPGAs, SoCs or Digital Signal Processing (DSP) proces-

sors [1, 37, 70, 71]. However, most literature on CR implementation has been focused

on the use of FPGA or SoC-based SDRs—primarily the Universal Software Radio

Peripheral (USRP) series from Ettus Research [1, 71]. These platforms are typically

connected to a host computer via USB or Ethernet, where the radio processing is

performed on the host computer, and the RF is handled by the SDR front-end.

These platforms have been used to demonstrate various parts of the cognitive cycle,

such as spectrum sensing [4], decision making [3], and reconfiguration [35]. However,

while these platforms have shown some success in demonstrating parts of CR functional-

ity, they have been found to be lacking in the performance and capabilities required for
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a complete real-time CR implementation. For example in [4], three SDRs, including two

USRPs, were compared for their suitability in spectrum sensing applications. While

each platform was able to perform spectrum sensing, the instantaneous bandwidth was

limited by the host interface, such as USB or Ethernet. This resulted in wider frequency

bands having to be stitched together from multiple captures, causing the system to miss

short-time transmission bursts and resulting in non-coherent data. In [3], a resource

allocation algorithm was implemented on USRP devices. However, the SDRs were found

to be limited to a single channel and Time Division Multiple Access (TDMA) operation,

and observed considerable latency on the host interface. In [35], reconfiguration of the

radio parameters was performed using a USRP. However, the authors found throughput

and latency to be limited by the host interface. Additional examples exist in the

literature, demonstrating legacy SDRs as insufficient for complete implementations of

CR applications [2,5, 37,72,73]. Here, legacy SDRs are defined as any SDR platform

which is non-RF-sampling.

One of the major limitations of legacy SDRs seen in the literature is the physical

separation between the radio hardware and the processing system. In these systems, raw

data must pass between a typically non-deterministic interface, such as USB or Ethernet,

to then be processed by the host computer. This limits bandwidth and introduces

significant round-trip latency and jitter [74]. These factors reduce the time available

for spectrum analysis and decision-making, which can lead to missed opportunities

for spectrum access, or collisions with PUs. Moreover, the limited bandwidth of these

platforms means that they have to capture the spectrum piecemeal, which can lead to

non-coherent data [4]. For example, the 802.22 band is approximately 800 MHz wide,

which is far beyond the capabilities of the legacy SDRs represented in the literature [32].

Table 2.1 provides a summary of the specifications of commercially available SDRs

used in CR research, showing the limitations in bandwidth and connectivity that are

common across these platforms. Of these devices, only the USRP E310 is standalone,

meaning it does not require a host computer to operate. However, this device is limited

by its bandwidth, only supporting up to 56 MHz.
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Device Name Frequency Range Bandwidth Connectivity Standalone

HackRF One 1 MHz–6 GHz 20 MHz USB 2.0 No

BladeRF 2.0 micro 47 MHz–6 GHz 61.44 MHz USB 3.0 No

LimeSDR USB 100 kHz–3.8 GHz 61.44 MHz USB 3.0 No

Pluto-SDR 325 MHz–3.8 GHz 20 MHz USB 2.0 No

USRP B200/B210 70 MHz–6 GHz 56 MHz USB 3.0 No

USRP N210 DC–6 GHz 25 MHz Ethernet No

USRP X310 DC–6 GHz 160 MHz 10 GbE/PCIe No

USRP E310 70 MHz–6 GHz 56 MHz Ethernet/USB Yes

Table 2.1: Representative summary of commercially available legacy SDRs used in CR
research [1–5].

Therefore, there is a need for a more suitable SDR platform that can meet the

requirements of real-time CR applications, such as higher bandwidths, lower latency,

and better connectivity between the radio and the processing system.

2.1.4 RF-Sampling SDRs

The degree to which a digital radio is software defined depends on how much of its

functionality is performed in the digital domain and, therefore, the point in the signal

path in which the data converters are situated. The more functionality that is digitised,

the more parts of the radio that can be controlled using software, with the ideal SDR

being one in which all functionality is performed in the digital domain, right up to the

analogue front-end, as shown in Figure 2.2.

Figure 2.2: High level architecture of an SDR. The dashed lines depict the varying points in
the signal path that could be digitised.

In previous technologies a major limiting factor was the resolution and speed at

which data converters could operate, forcing the digitising process to happen at an
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IF, rather than directly at the higher radio frequencies, causing systems to rely on

less configurable, and more expensive, analogue components. In recent years, data

converter technology has advanced to where data converters are capable of operating at

RF, helping to move the digitisation process closer to the antenna.

The direct-RF, or RF-sampling, data converter is a device that is capable of operating

at frequencies high enough to sample RF signals directly, without the need for an IF

stage. These devices offer great potential for modern and future radio applications due

to their flexibility and low power consumption compared to their analogue counterparts.

Moreover, the typical issues found in analogue zero-IF architectures, such as offset and

1/f noise, do not apply to these digital zero-IF devices [75].

RF-sampling devices have been in the literature since at least the 1990s, with

each iteration steadily increasing the maximum sample-rate of Digital to Analogue

Converters (DACs) and Analogue to Digital Converters (ADCs), using a variety of

innovative techniques [76–78]. However, these early devices did not have the double-digit

resolutions required for modern communication protocols that demand high Signal-to-

Noise Ratio (SNR), due to the limitations of the technology of the time. Following from

this earlier research, semiconductor technology advanced to the point that results were

reported in the literature showing data converters capable of much higher resolutions

and bandwidths, at multi-Gigahertz sample rates [79,80].

As of 2025, commercial RF-sampling devices from manufacturers such as Texas

Instruments [81] and Analog Devices [82], provide multi-channel DACs and ADCs with

up to 16-bit resolution, Gigahertz bandwidths, and include digital mixers and up- and

down-conversion, all on the same silicon device. However, these devices contain no other

digital signal processing capabilities, relying on separate embedded processors or FPGAs,

connected via a high-speed JESD204B data connection [83]. An exception to this is the

class of RF-sampling SoCs, such as the RFSoC and Versal RF from Advanced Micro

Devices (AMD) [46,50, 84], or Intel’s Agilex 9 SoC FPGA Direct RF-series devices [85]

These RF-sampling SoCs integrate embedded processors, programmable logic, and

RF-sampling data converters into a single device, enabling the development of more

18



Chapter 2. Background and Literature Review

flexible and efficient SDR systems, with lower power consumption and higher performance

than discrete SDR architectures [85,86].

Several factors make these devices ideal for CR applications. Integrated multi-

channel, multi-Gigasample ADCs and DACs replace traditional analogue stages, reducing

front-end complexity, cost, and power consumption. Unlike legacy SDR platforms, the

tight coupling of embedded processors and programmable logic removes the need for

host-side processing, providing the low-latency reconfiguration required for real-time

radio operations [41,46,50].

The ability to replace much of the analogue front-end is another key enabler for CR.

The multi-Gighertz instantaneous bandwidths of the RF-sampling SoCs enables them

to capture and tune parameters entirely in the digital domain. In contrast to legacy

platforms, RF-sampling SDRs can observe the entire band simultaneously, instead of

scanning it piecemeal, increasing the likelihood of detecting spectrum holes and avoiding

PUs.

Out of the various RF-sampling SoCs in the literature, the RFSoC is the most widely

used in the literature and the only one commercially available at the time of writing.

Therefore, the following section provides an overview of the RFSoC.

2.1.5 The Zynq UltraScale+ RFSoC

First produced in 2018, the RFSoC, at the time of writing, has four generations of

devices, with the latest “DFE” device released in 2022. Each device contains up to 16 RF-

sampling DACs and ADCs, with sample rates up to 10 Gsps and 5.9 Gsps respectively [87].

The RFSoC is based on AMD’s Zynq UltraScale+ technology—combining FPGA fabric

and embedded Arm processors—and includes “hardened” RF Data Converter (RF-DC)

and Soft-Decision Forward Error Correction (SD-FEC) Intellectual Propertys (IPs)

connected directly to the FPGA. A fifth-generation device, the Versal RF series has been

announced that will support direct sampling up to 18 GHz at rates up to 32 Gsps [84].

However, this device is not expected to enter production until 2027.

The RFSoC is split into two regions: the Processing System (PS) and the PL.

The PS contains multiple processor units, platform and power management, as well as

19



Chapter 2. Background and Literature Review

functionality to interface with off-chip peripherals. The PL contains the UltraScale+

FPGA fabric—capable of accelerating arbitrary DSP algorithms—as well as the RF-DCs

and SD-FECs, as shown in Figure 2.3.

Quad-Core
Arm 

Cortex-A53

Dual-Core
Arm 

Cortex-R5
SD-FECs

GTY
Transceivers

Processing System Programmable Logic

RF-DACs

RF-ADCs

Figure 2.3: Block diagram showing the major constituent parts of the RFSoC.

A major feature of Zynq UltraScale+ devices is the ability to freely communicate

data between the PS and PL portions of the device using dedicated hardware interfaces.

These communication layers allow the PS components to be operated as a typical

embedded processor, while computationally intensive arithmetic or complex algorithms

can be accelerated on the FPGA. This allows data to move freely between them via the

Advanced eXtensible Interface (AXI) interconnect, with throughput up to 85 Gbps and

latency as low as the nanosecond range [50].

Software on the PS can be run either directly on the chip (known as baremetal),

or on top of an operating system, such as Linux. Baremetal programs typically allow

for greater control over the hardware and provide lower latency, but this comes at

the cost of longer development times due to design complexity. In contrast, using an

operating system, such as Linux, allows many of the low-level operations to be abstracted

away, particularly memory management and task scheduling, making it easier to build

upon pre-built software and drivers. The PS has been demonstrated to be capable of

running a full Linux distribution, such as Ubuntu, making it ideal for on-device software

development and prototyping [48, 50]. This removes the requirement for a separate

communication link between the processor and the FPGA, such as USB or Ethernet

used in legacy SDRs.
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2.1.6 RFSoC Hardware

To facilitate evaluation, development, and prototyping of RFSoC-based systems, a

variety of devices and hardware development platforms are available from AMD and

third party vendors. Therefore, it is useful to select one of these platforms to use as a

reference for the work presented in this thesis. The chosen development platform is the

RFSoC4x2, which contains the XCZU48DR; a third generation RFSoC device.

The RFSoC4x2 is an academic-focused development platform exposing 4x 5 Gsps

ADCs and 2x 9.85 Gsps DACs via SMA connectors with integrated baluns. The board

includes 4 GB each of PS and PL DDR4 memory, as well as a QSFP28 interface

supporting 100 GbE connectivity, promoting high-speed data offload [88, 89]. It is

a more compact and cost-effective platform compared to other RFSoC development

boards, making it ideal for academic research and teaching.

The on-chip resources for the XCZU48DR device are tabulated in Table 2.2, while

a labelled photograph of the RFSoC4x2 development platform, highlighting the key

components and features, can be found in Appendix A.

Table 2.2: XCZU48DR on-chip resources. Replicated from [6]

Category XCZU48DR

Processing System

Application Processing Unit Quad-core Arm Cortex-A53 (up to 1.3GHz)
Real-time Processing Unit Dual-core Arm Cortex-R5F (up to 533MHz)

RF Data Converter

14-bit RF-ADC w/DDC 8 ADCs; up to 5.0Gsps
14-bit RF-DAC w/DUC 8 DACs; up to 9.85Gsps
RF input frequency max 6GHz

SD-FEC 8

Programmable Logic

System logic cells 930K
CLB LUTs 425K

Max distributed RAM 13.0Mb
Total block RAM 38.0Mb

UltraRAM 22.5Mb
DSP slices 4,272
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2.1.7 RFSoC for Cognitive Radio

The architectural features of the RFSoC directly address the technical hurdles of CR

implementation compared to legacy SDR platforms. The integration of high-resolution,

high-speed RF data converters enables the wide instantaneous bandwidths required for

spectrum sensing and the detection of spectrum holes. Additionally, the tight coupling

of the PS and PL provides the low-latency processing and reconfiguration required for

the decision-making and reconfiguration stages of the cognitive cycle. This positions the

RFSoC as an ideal platform for CR applications, and is the primary hardware device

used throughout the work presented in this thesis.

2.2 Limitations of RFSoC Design Methodologies

Users of legacy SDR platforms benefit from a mature ecosystem of tools, including

MATLAB/Simulink [90–93], LabVIEW [94–96], GNU Radio [91,97–99], and Python

via libraries such as SoapySDR [100–103]. These tools provide high-level abstractions of

the underlying radio hardware, promoting high productivity and rapid prototyping [71].

This significantly lowers the barrier to entry for SDR development, allowing researchers

to focus on algorithmic innovation [104].

However, these tools generally lack specific support for RFSoC beyond a few examples.

For instance, the Ettus USRP X410 SDR contains a first generation RFSoC and supports

many of the tools mentioned above. However, its use is limited to a simple “black box”

approach, where the RFSoC is treated as a simple data converter, with limited support

for custom IP development or access to the embedded processor [105]. Furthermore,

it is significantly more expensive than other research-focused RFSoC development

boards [88]. Additionally, [89] showed that the RFSoC could be used alongside GNU

Radio, but this was a custom implementation that does not scale to the general case.

2.2.1 Conventional SoC Design Flow

To take advantage of the full capabilities of the RFSoC, developers are instead faced

with the conventional design flow for SoCs: a Hardware Description Language (HDL) is
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used in Vivado [106] to develop the various IP blocks required for the FPGA design,

using testbenches to confirm correct operation of each component in an iterative fashion.

The IP blocks are then connected together to form the full FPGA design. Software

for the embedded processor is then developed in Vitis [107] using either C or C++,

including linking to any drivers or libraries required, then compiled to a binary format

using a cross-compiler. This software is either compiled to run directly on the hardware

(i.e., baremetal), or as a software layer running on top of a custom Linux Operating

System (OS), generated by using the Petalinux toolchain [108].

While this design flow is typically considered the best method to achieve optimal

performance from the hardware, it demands a significant amount of domain-specific

knowledge and can result in lengthy development times due to its complexity [50]. An

engineer using this method must have intricate knowledge of all aspects of the underlying

hardware; including the PS, PL, and RF data converters; as well as proficiency in both

embedded and hardware description languages. Debugging can add further complexity

to this design flow due to the requirement to test the system both piecemeal and as a

whole. For example, the interaction between PS and PL, shared memory access, and RF

signals transmitting or being received by the data converters. The ability for run-time

signal inspection is also difficult without the use of external instrumentation, which can

be costly for the wide bandwidths and multi-Gigabit data rates of the RFSoC.

Moreover, the traditional design flow is not conducive to rapid prototyping, as the

iterative process of RTL synthesis, place-and-route, bitstream generation, software com-

pilation, and kernel generation creates a “productivity bottleneck”—where productivity

it typically measured in terms of development time and lines of code [109–111].

It should be noted that these issues are not unique to RFSoC development, but

are common across all FPGA and SoC development, albeit with different tools and

languages used for different platforms [109]. With that said, the RF data converters of

the RFSoC do add an additional layer of complexity.
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2.2.2 Productivity Focused Development Tools

To combat this productivity bottleneck, a number of alternative commercial and open-

source design tools are available that aim to abstract much of the complexity of embedded

and FPGA development away. This allows engineers to focus on algorithms, rather

than be concerned about the underlying structure of the hardware. Moreover, these

alternative tools tend to use programming languages and user interfaces that are much

simpler than the tools mentioned above, providing users with “friendlier” development

environments.

FPGA Design Tools

For FPGA development, there are a number of alternative HDLs that use extensions

to higher-level languages, such as C++ [112] or Python [113], known as High-Level

Synthesis (HLS). These extended languages use custom compilers to generate lower-level

HDLs such as Very High Speed Integrated Circuit Hardware Description Language

(VHDL) or Verilog; generally aimed at engineers more experienced in traditional general-

purpose programming languages. These tools have been shown to significantly reduce

development time. For example, [114] showed that in all cases surveyed, HLS reduced

development time—in some cases by up to 50%. However, HLS often requires a coding

style that deviates significantly from the standard syntax of the base language due to

compiler constraints. As such, achieving even modest performance targets still requires

a deep understanding of the underlying hardware [114]. Additionally, the performance of

HLS generated code is often significantly worse than that of handwritten HDL, with the

survey performed by [114] showing a mean performance degradation of approximately

33%.

MathWorks also provides their own tools for both embedded [115] and FPGA [116]

design, using either MATLAB code or within their graphical programming environment,

Simulink. These tools are able to generate lower-level HDL and C from an abstract

description. Due to this abstraction from low-level constructs, the use of these tools

can greatly improve productivity, reducing development time and increasing the ability

to reuse code in other applications, although usually to the detriment of performance.
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However, it has been shown that, in some conditions, the performance of the code

generated by these abstracted tools can approach that of handwritten low-level code,

while greatly reducing the amount of development time [117–119].

Model Composer (previously System Generator) [120] is a model-based design

tool from AMD that integrates into MathWorks’ Simulink environment, providing a

graphical environment for FPGA algorithm design, simulation, and verification. It

provides a blockset of DSP primitives and IP blocks that can be combined with Simulink’s

native signal processing tools—such as signal generators, oscilloscopes, and spectrum

analysers—to develop and verify designs within a single environment. Once verified,

Model Composer generates VHDL or Verilog IP-XACT IP blocks for import into Vivado.

Model Composer has been shown to greatly improve productivity. For example, [121]

showed a 10:1 improvement in development efficiency when implementing a satellite

communication system, while in [122] a 2-3x reduction in design time was observed

when implementing a space-time coded telemetry receiver using the tool, with 10% clock

rate and 30% area penalties observed compared to a hand-coded design.

While each of these tools can be used to design IP blocks for the PL of the RFSoC,

they do not provide support for the embedded software development on the PS, or for

the interaction between the two. This means that users of these tools are still required

to use the traditional design flow for embedded software development, and must have a

detailed understanding of the underlying hardware to ensure that their software can

interact with their hardware design.

Embedded Design and Runtime Environments

The software ecosystem for SoC and RFSoC embedded development is more mature

than the FPGA equivalent, as the PS functions as a standard embedded processor with

specialised peripherals. Users typically work in Vitis to build baremetal applications in

C or C++, or build applications on top of Petalinux or Yocto environments. However,

a few notable tools exist that provide an abstracted development environment and

promote productivity.
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PYNQ is an open-source project from AMD that provides a simplified framework

for embedded development on AMD’s Zynq and Zynq UltraScale+ range of SoC devices.

PYNQ runs an Ubuntu-for-Arm operating system, using AMD’s custom Linux kernel.

It challenges the conventional embedded C development workflow by using a Jupyter

web interface as the Integrated Development Environment (IDE), and Python as the

embedded language [48, 50, 123, 124]. Along with this development environment, PYNQ

also supplies a Python library that exposes many of the embedded features of the target

SoC. This includes Memory-Mapped Input/Output (MMIO) for interacting with the

physical address space, and drivers for IPs such as the AXI Direct Memory Access

(DMA).

The use of Python as an embedded language is unconventional due to its perceived

slow performance metrics, such as execution time, due to it being an interpreted

language [48, 125]. However, because of its popularity, ease of use, and extensive

ecosystem of libraries; development time tends to be significantly faster than the

traditional C approach. Moreover, it is shown that, under certain circumstances, Python

can perform well in low-level operations, such as reading and writing to memory [48].

While no exact measures of productivity have been given in the literature, PYNQ has

been demonstrated to reduce lines of code [48] and reduce system complexity [126].

Additionally, in [127] the workload of undergraduate teaching staff was found to be

reduced with the introduction of PYNQ to the curriculum.

Originally released in 2016, PYNQ is widely used in the research community,

supporting a range of applications, including DSP [48], machine learning [128], and

SDR [50].

Beyond PYNQ, [129] introduced FOS, a framework for abstracted embedded software

development on SoC platforms. FOS provides a high-level, productivity-focused API for

interacting with the hardware, and supports multiple programming languages, including

Python and C++. In [130], Redsharc is introduced, a programming model and network-

on-chip solution for SoC architectures, and supports both AMD and Intel platforms.

Additionally, [131] introduced Cynq, a runtime library based on PYNQ, but written in

C++ instead of Python. However, while these tools show improved productivity and
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similar or better performance than PYNQ, they have not been widely adopted, have

not been actively maintained, and do not support the RFSoC.

In summary, the RFSoC ecosystem lacks a full-stack development flow that supports

rapid prototyping and productivity. Current abstracted design tools are fragmented, and

experimental research tools lack the necessary support and maintenance for widespread

use. This gap suggests that a new methodology should be built upon well-maintained

tools rather than the development of another custom solution. Therefore, the challenge

is to identify and extend a collection of existing tools into a cohesive full-stack design

methodology that prioritises productivity.

2.3 Frequency Planning

High QoS is an essential requirement of CR as it ensures reliable communication and

efficient use of the spectrum [18]. However, the presence of noise and spurious emissions

in RF systems can degrade QoS, leading to misidentification of PU signals or conversely,

masking weak signals of interest [14,132].

Noise in RF systems comes from a variety of different sources including external

components, such as amplifiers and clocks, and within the data converters themselves.

For data converters, there are two main sources of noise: quantisation noise, which

results from the rounding operation when converting a continuous analogue voltage

to a discrete digital representation, and thermal noise, which is produced by quantum

effects within the data converter circuitry and manufacturing imperfections [133,134].

Additionally, limitations of the manufacturing process can cause non-linearities in the

data converter transfer function, leading to spurs in the output.

Both noise and spurs can have adverse effects on the quality of an RF signal. There

are a variety of metrics that are used to characterise the performance of the data

converter—covered in detail in [50]. However, there are two principal performance

metrics that are used throughout the work presented in thesis: SNR and Spurious-Free

Dynamic Range (SFDR).

SNR is defined as the ratio between the power of the input signal and the total

noise power of the system, excluding any spurious components, usually given in dB.
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It quantifies how much the signal of interest stands out from the background noise,

with higher values indicating better signal quality [135]. SFDR is a measurement of

the usable dynamic range of a data converter with respect to any spurious components

present in the Nyquist Zone of interest [50]. A Nyquist Zone is defined as a frequency

range equal to that of the Nyquist rate, starting at 0 Hz. For example the first Nyquist

Zone is from 0 Hz to fs
2 , the second Nyquist Zone is from fs

2 to fs, and so on. SFDR is

defined as the ratio of the power of the input signal to the power of the most prominent

spur, typically given in dBc (decibels relative to the carrier).

Both noise and spurs reduce SNR and SFDR, which in turn degrades system QoS

by reducing throughput and increasing latency. For CR and SDR systems operating in

DSA scenarios with stringent QoS requirements, maintaining high SNR and SFDR is

critical to ensure reliable communication and to avoid interference with other users [136].

2.3.1 RF Data Converters and Interleaving ADCs

The RF data converter subsystem on the RFSoC contains multiple RF-speed ADCs

and DACs, supporting sample rates up to several Gigahertz [87]. To achieve these

high sample rates while mitigating clock jitter issues, the RF-ADCs use an interleaving

technique.

Interleaved ADCs operate by using two (or more) identical ADCs, running from

the same sample clock, that simultaneously sample a signal and combine these samples

to create a higher sample rate than either individual ADC can operate at. This is

achieved by creating a phase difference between the sample clock for each ADC, such

that the signal is sampled at different points in time. For example, for a two-interleaved

ADC, each with a sample rate of 100 MHz, the first ADC will have a phase of 0◦ and

the second ADC will have a phase of 180◦ . When the two sampled signals are then

interleaved, the resultant signal will have a sample rate of 200 MHz, as depicted in

Figure 2.4.

The ADCs on the RFSoC are set up with either four (Quad) or two (Dual) ADCs

per tile, with an interleaving factor of 4 or 8, respectively. The XCZU48DR has a Dual

RF-ADC configuration with an interleaving factor of 8, making the phase difference
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Figure 2.4: Simplified diagram of how two interleaved 100 MHz ADCs create a resultant signal
with a sample rate of 200 MHz.

between each ADC 45◦ (π4 radians). Each ADC has a maximum sample rate of 5 GHz,

meaning that each sub-ADC has a maximum sample rate of 625 MHz.

The interleaving process has one major disadvantage in that every ADC is slightly

different. Manufacturing tolerances, imperfections in the silicon die, and temperature,

among other factors, cause each sub-ADC to behave differently, leading to spurious

emissions (interleaving spurs) when the signals are combined.

2.3.2 Spurious Emissions of RF-Sampling Devices

The International Telecommunication Union (ITU) defines spurious emissions as any

unwanted signal or emission outside the main signal’s bandwidth that can be reduced

without affecting the main signal [137]. Keysight expands this definition to include both

in-band and out-of-band emissions that emanate from the device under test [138]. In

this thesis, spurious emissions (or spurs) refer specifically to unwanted signals generated

during the data conversion process of RF-sampling devices. These may appear in-band

or out-of-band and have the potential to interfere with the signal of interest.

During operation, all data converters will create spurs which affect the signal passing

through them, potentially causing interference and distortion, and reducing SNR. Spurs

occur due to a combination of physics and inaccuracies in the manufacturing process

but, consequently, it is relatively simple to calculate where on the spectrum they will
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occur. In the following sections the most significant spurious emissions caused by data

converters are explored.

Harmonic Distortion

Harmonic distortion is caused by non-linearities along the data converter signal path,

which can manifest as spurs at equally spaced intervals across the spectrum. The

frequencies of these spurs are directly related to the frequency of the input signal, as

integer multiples, and can be calculated by

HDn = nfin, (2.1)

where n is the order of the harmonic and fin is the input frequency. The amplitude

of the harmonics will decrease as n increases due to the physical properties of the

data converter forming a low-pass filter [139]. Typically, the first three harmonics

(HD2, HD3, HD4) are the most prominent [140].

Figure 2.5 shows the first four harmonics of an input tone, showing this integer

multiple relationship. For example, if the input frequency is 200 MHz, then HD2

will be 400 MHz, HD3 will be 600 MHz, and so on. The amplitude of the harmonics

is dependent on the degree of non-linearity the data converter displays as well as

the amplitude of the input signal. Typically, the manufacturer’s datasheet will only

contain data regarding the first two harmonics, sometimes with a variety of input signal

amplitudes [141,142].
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Figure 2.5: The first four harmonic components of an input signal.
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A common measurement of these spurs is total harmonic distortion (THD), which is

defined as the ratio between the power of the input signal and the power of the sum of

all harmonic components—usually stopping at the sixth harmonic [140].

Interleaving Spurs

As discussed earlier, interleaving ADCs combine multiple phase-shifted, lower sample

rate ADCs to achieve an overall higher sampling rate. However, mismatches between

the sub-ADCs can cause spurs to occur in the signal path. The first of these is where

the Direct Current (DC) offset between sub-ADCs is mismatched causing an oscillating

signal to occur, related to the sample rate and the interleaving rate. The set of DC

offset interleaving spurs can be calculated by

fDCk
=

k

M
fs, for k = 0, 1, 2 . . . ,M − 1, (2.2)

where M is the interleaving rate and fs is the sample rate. Figure 2.6 shows the DC

offset effect for a 2-interleaved ADC.
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Figure 2.6: DC offset mismatch for a 2-interleaved ADC.

The remaining interleaving spurs arise from gain and timing (phase) mismatches.

Unlike DC offset spurs, which only relate to the sample rate, gain and phase spurs are

also a function of the input frequency. This set of spurs can be calculated by

fgtk =
k

M
fs ± fin, for k = 0, 1, 2 . . . ,M − 1. (2.3)
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Figure 2.7 shows the effect of both gain and phase mismatches on a signal for a

2-interleaved ADC.
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Figure 2.7: Phase (top) and gain (bottom) mismatch for a 2-interleaved ADC.

Since harmonic distortion can occur before the interleaving process, gain and phase

interleaving spurs can also affect the harmonic components in a manner similar to the

input signal. Although these spurs are typically much lower in amplitude, they can still

introduce in-band interference if not taken into account when frequency planning. Their

locations can be calculated by

fhmixk
=

k

M
fs ±HDn, for k = 0, 1, 2 . . . ,M − 1. (2.4)

Clock Spurs

The sample clocks of the data converters can be another source of spurs along the signal

path. The relationship between the input signal frequency, fin, and the clock frequency,

fclk can have adverse effects on signal quality. For example, if fin/fclk is an integer,
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quantisation noise tends to be concentrated around the harmonics, making it more

difficult to remove them with filtering [135].

The clock spurs occur due to the higher frequency component effectively mixing

with the lower component frequency, similar to a heterodyne mixer. These clock spurs

can be calculated by

fpllmix = fin ± fclk. (2.5)

Spurious Emissions of Bandlimited Signals

The spurs defined in the previous sections assume a single-tone input signal. However,

most communications signals are bandlimited, such that they contain multiple frequencies

over a finite bandwidth. Therefore, any spurs related to the input signal will also be

bandlimited, increasing the likelihood a spur will overlap with the signal of interest,

causing in-band interference. These include gain and phase interleaving spurs, clock

spurs, and harmonics.

Harmonics are generally the most challenging to mitigate due to their nfin relation-

ship with the input signal, which results in much larger bandwidths. For example, the

second harmonic has twice the bandwidth of the input signal, while the third harmonic

has three times the bandwidth. In contrast, gain and phase interleaving spurs, as well

as clock spurs, have bandwidths equal to that of the input signal, making them slightly

easier to manage.

Figure 2.8 depicts an example of bandlimited harmonics with a 100 MHz bandwidth

input signal at a centre frequency of of 450 MHz, and a sample rate of 4 Gsps.

2.3.3 Frequency Planning for RF-Sampling Devices

As was shown in the previous section, the spurious emissions caused by data converters

are deterministic, and their frequency locations can be calculated from system parameters.

This allows spurs to be calculated before a signal is transmitted or received, and to

determine whether a specific configuration will result in a spur (or spurs) overlapping

with the signal of interest. Frequency planning uses this insight to tune data converter
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Figure 2.8: Harmonic bands resulting from a bandlimited signal.

parameters, such as sample rate and clock frequency, to avoid spurs causing in-band

interference.

Frequency planning for RF-sampling devices must also account for additional effects.

For example, in RF-DACs harmonics can appear in the spectrum very close to the

signal of interest when transmitting in the upper Nyquist bands. In RF-ADCs spurs

can alias into the first Nyquist Zone, resulting in a congested spectrum that makes it

difficult to avoid in-band interference [50]. The rest of this section explores these factors

within the context of frequency planning for the RFSoC.

Effects of Aliasing

When calculating the frequency positions of spurs using the equations discussed in

Section 2.3.4, it is clear that for certain configurations, spurs will occur at frequencies

within the upper Nyquist Zones. Any spurs above the Nyquist rate will be aliased into

the first Nyquist Zone, potentially interfering with the signal of interest.

The resultant frequency of a spur after aliasing depends on which Nyquist Zone it

occupies. For example, a spur in the second Nyquist Zone with a frequency of fspur

will be aliased into the first Nyquist Zone with frequency fs − fspur, where fs is the

sample rate. Similarly, a spur in the fourth Nyquist Zone will have an aliased frequency

of 2fs − fspur, and a spur in the sixth Nyquist Zone will have an aliased frequency
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of 3fs − fspur. This repeating pattern allows the frequency of any spur located in an

upper Nyquist Zone to be identified using a simple algorithm: the frequency of the spur

modulo the sample rate is taken, with the result then being subtracted from fs if it falls

within the second Nyquist Zone. A mathematical representation of this algorithm is

shown in Equation 2.6.

faliased =


fspur mod fs, if fspur mod fs ≤ fs

2

fs − (fspur mod fs), if fspur mod fs >
fs
2

(2.6)

Figure 2.9 shows a practical example of aliasing where two harmonics of a 100 MHz

bandwidth input signal, with a centre frequency of 1.15 GHz, are located in the second

Nyquist Zone of a 4 Gsps RF-ADC. As described in Section 2.3.4, HD2 will have

a bandwidth of 200 MHz centred at 2.3 GHz, while HD3 will have a bandwidth of

300 MHz centred at 3.45 GHz. Using Equation 2.6, after aliasing HD2 will have a

centre frequency of 4 − 2.3 = 1.7 GHz, while HD3 will have a centre frequency of

4− 3.45 = 0.55 GHz.
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Figure 2.9: Example of aliased spurs.
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As can be seen from this example, HD2 and HD3 are now positioned on either side

of the signal of interest, requiring a band-pass filter to suppress the spurs. A gap of

400 MHz is left between the closest spur and the signal, amounting to 10% of the sample

rate—more than sufficient for a relatively relaxed filter to be used. However, in this

example only the first two harmonic spurs are taken into account. When considering

additional harmonics, as well as interleaving spurs and clock spurs, the spectrum can

become congested. This makes it more challenging to find a configuration that leaves

sufficient space around the signal of interest, requiring a filter with a much tighter

transition band.

Effects of Digital Down Converters

As discussed in Section 2.3.1, the data converters of the RFSoC also contain digital

complex mixers, as well as Digital Up Converters (DUCs) and Digital Down Converters

(DDCs) in the RF-DACs and RF-ADCs, respectively. If used, both the Numerically

Controlled Oscillator (NCO) and the DDC of the RF-ADCs will have an effect on spur

frequency along the signal path and, because the DDCs come after analogue to digital

conversion, the positioning of the spurs affects the aliased spurs.

In the case of the digital complex mixer, as well as shifting the signal of interest

down to (or near) baseband, all spurs present in the first Nyquist Zone will also be

shifted by the same value. Figure 2.10 depicts an example of this frequency shifting

with a 100 Msps sample rate ADC, a signal with a centre frequency of 40 MHz, and an

NCO mixing frequency of 35 MHz. For simplicity, this example uses a purely real, single

tone signal (i.e. it has no imaginary component and is not bandlimited). Additionally,

to make the calculations easier to follow, only the first harmonic, HD2, is considered.

First, HD2 is aliased into the first Nyquist Zone, from 80 MHz to 20 MHz. Because

the signal is purely real it will also have negative images at -40 MHz, and the aliased

version of HD2 will have a similar image located at -20 MHz. When the signal is mixed

with the NCO of the digital mixer, the signal of interest will shift from 40 MHz to

5 MHz, while HD2 will shift into the negative frequencies, from 20 MHz to -15 MHz.

Similarly, the negative images of the signal of interest and HD2 will shift and wrap
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Figure 2.10: Example of how the NCO shifts frequency components and their images in the
complex spectrum.

around to 25 MHz and 45 MHz respectively, placing them both in the positive Nyquist

Zone. To summarise this phenomenon, the shifts are listed below.

• The input sine wave shifts from 40 MHz to 5 MHz.

• The negative image of the input sine wave shifts from -40 MHz and wraps around

to 25 MHz.

• HD2 is shifted from 20 MHz to -15 MHz.

• The negative image of HD2 is shifted from -20 MHz and wraps around to 45 MHz.

As can be seen from Figure 2.10, the complex mixer has shifted all components

of the signal, including the negative image components. Moreover, the first Nyquist

Zone now contains three components; the signal of interest and its image, as well as the

image of HD2. As more spurs are considered, the spectrum can become congested after

aliasing and mixing, making it difficult to find a favourable frequency plan. A simple

way to avoid this is to just increase the sample rate, leaving more space for spurs to
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sit away from the signal of interest, and avoid the amount of frequency wrapping that

occurs.

Related to this frequency wrapping, decimation can also change the frequency of

spurs within the spectrum. Decimation is the process of reducing the sample rate of a

signal by first suppressing any unwanted signals above the new Nyquist rate, followed

by removing RD − 1 samples out of every RD samples. Any signals that appear outside

of the new Nyquist rate will then be subject to aliasing.

The use of an anti-aliasing filter will suppress any spur above the new Nyquist rate.

However, as these filters are unable to achieve a true “brick-wall” response, any spurs

located near the edges of the Nyquist Zone may not be sufficiently attenuated, and may

be difficult to remove with additional filtering. Figure 2.11 depicts an example of the

effects of decimating by continuing the example from the previous section, decimating

the original signal by a factor of two. This process is listed below.

• The 2x decimation reduces the Nyquist rate from 50 MHz to 25 MHz.

• Having previously been demodulated, the input sine wave and HD2 are within the

new Nyquist Zone 1 (between 0 Hz and half of the new sample rate, i.e. 25 MHz),

and therefore remain unchanged.

• The image of the input signal now resides at exactly the new Nyquist rate of

25 MHz, and is not fully attenuated by the anti-alias filter.

• The HD2 image is now outside the new Nyquist Zone 1, and is wrapped from

45 MHz to -20 MHz. However, the anti-alias filter should suppress this spur

sufficiently, and therefore it can be disregarded.

It is worth noting that in RF-DACs, where mixing and interpolation precede the

digital to analogue conversion process, spurs are not affected in the same way. However,

if any additional mixing takes place in the analogue domain, for example if the RFSoC is

used as an IF processor and the signal is mixed up to millimetre wavelengths (mmWave),

then spurs will be shifted by this mixing process.
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Figure 2.11: Example of how decimation can affect the frequency and amplitude of spurs.

Filtering to Eliminate Spurs

Spurs that are caused by the sampling process can be mitigated with good frequency

planning. This protects the signal of interest from in-band interference, leaving the

out-of-band spurs to be suppressed with filtering. The type of filter required depends

on the state of the spectrum after frequency planning, and the type of data conversion

process.

For ADCs, spurs occur during the data conversion process and are shifted through

the signal path of the DDC, meaning that a digital filter is required to suppress any

spurious components.

The frequency response of the required filter will be determined by the location of

the spurs in relation to the signal of interest. For example, if spurs are located only at

higher frequencies than the signal of interest, then a low-pass filter can be used, while if

spurs are located on either side, then a band-pass filter will be required. However, as

is shown in the following example, effective frequency planning can allow much of the

filtering to be performed during decimation.

Figure 2.12 depicts the resultant spectrum after the example from the previous

section is decimated by an additional factor of two. This process is listed below.
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• The additional 2x decimation reduces the Nyquist rate from 25 MHz to 12.5 MHz.

• The input signal is located within the new Nyquist Zone 1 and remains unchanged.

• HD2 now wraps from -15 MHz to 10 MHz, placing it near the Nyquist Zone 1

boundary where it may not be sufficiently suppressed and additional filtering may

be required.

• The signal image at 25 MHz folds to DC due to decimation, but is expected to be

sufficiently attenuated by the anti-alias filter and can be ignored.
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Figure 2.12: Example of decimation filtering to suppress spurs.

For DACs, spurs will be present only after the digital to analogue conversion, meaning

that an analogue filter is required to sufficiently suppress the spurs. This is particularly

important for transmitters as spurious components can leak into adjacent radio channels,

causing interference with other users.

When considering run-time reconfigurable systems, such as CR, it is worth consider-

ing that the filtering process must be reconfigurable as well. As has been shown in this

section, the frequency locations of spurs, while deterministic, is highly dependent on

the configuration of the data converters. Therefore, a filter must be able to adapt to
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the changing frequency location of the spurs when a device is reconfigured, in order to

provide the best performance.

2.3.4 Frequency Planning for Cognitive Radio Systems

In traditional wideband digital radio applications, where the bandwidth of a signal is

close to the maximum bandwidth of the data converter, in-band interference from spurs

can be difficult, if not impossible, to avoid. In RF-sampling devices, where sample rates

are many times that of the signal bandwidth, in-band interfering spurs can be avoided

with good frequency planning and filtering. This suggests that an RF-sampling SDR

implementing CR would have a frequency planner as a key component of the system,

responsible for calculating spur-free configurations for the data converters to ensure

high QoS in dynamic environments.

For fully autonomous systems, such as in DSA and CR, the radio must continuously

sense the spectrum, decide on a free channel, and reconfigure its data converters on-

the-fly, as shown in Figure 2.13. In this system, a dedicated RF-ADC first performs

real-time spectrum sensing, feeding a CR/DSA decision engine, which identifies an

available centre frequency and bandwidth to transmit or receive on. The frequency

planner then computes a valid sample rate and Phase-Locked Loop (PLL) configuration

that results in a spur-free region around the signal of interest, then instructs the RF

control block to program the RF-DACs or RF-ADCs accordingly. Additionally, a

reconfigurable filter is used to remove the out-of-band spurs.

Several frequency planning tools currently exist that allow users to input device

parameters and visualise the resulting spectrum. However, these tools are limited in

their capabilities, and are not suitable for real-time operation. For example, vendor-

specific tools from manufacturers such as Analog Devices [52], Texas Instruments [143],

Keysight [53], and AMD [144] remain Graphical User Interface (GUI)-driven and

unscriptable, making them incompatible with autonomous systems.

The academic literature on the subject is also limited. In [54] a Java applet for

single-tone intermodulation analysis allowed users to plot mixer products against LO,

RF, and IF, but remained confined to a graphical interface and single-tone signals.
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Figure 2.13: A fully autonomous system, where the frequency planner is used to reconfigure
the RF-ADC and RF-DACs on-the-fly. Solid lines represent the data flow, while dashed lines
represent control signals.

In [145] the authors demonstrated an interactive tool that swept LO, RF, and IF

simultaneously, reducing calculation time, but still bound users to a graphical interface

and offline operation. The Distances Chart of [146] introduced a novel separation-metric

plot to simplify spur distance calculations, but was limited to only harmonic components

and depended on pre-computed diagrams for each new configuration. Additionally, the

authors of [139] introduced a frequency planning method based on an optimization

process that calculated the IF and LO frequencies that provide the highest SFDR

at a specific centre frequency. However, this method was limited to RF-DACs, only

considered harmonic mixing products, and did not provide a complete solution for

real-time frequency planning.

The closest solution for automated frequency planning is presented in [147]. Their

graphic-analytic model predicts spur-free regions for arbitrary Direct Digital Synthesis

(DDS) configurations by identifying intersections between harmonic spurs and guard

bands to define “clean” sectors. In effect, this provides a formula for identifying spur-free

regions for a given set of input parameters.

However, this method only addresses DDS, is limited to single-tone signals, and only

takes into account two harmonic components. Extending this approach to RF-sampling

transceivers would require modelling a significantly wider array of effects, including
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interleaving and PLL spurs, additional aliasing effects introduced by decimation, fre-

quency shifting due to NCO mixing, and multiple Nyquist Zones. Together, these effects

greatly increase the number of spurs and intersections that must be evaluated to identify

spur-free regions. For this reason, the approach used in [147] does not easily scale to

the more general frequency planning problem addressed here.

From this review, it is clear that both the vendor tools and work in the literature

are focused either on manual, offline analysis or simplified architectures, and does not

establish whether real-time, automated frequency planning is practical for RF-sampling

systems. In particular, it remains an open question whether spur-free configurations can

be identified quickly enough to support real-time operation in dynamic environments,

such as CR systems.

2.4 Reconfigurable FIR Filters

FIR filters play an important role in any SDR system; from low-pass filters during

decimation or interpolation stages, to band-pass filters used in channelisers. FIR filters

are typically preferred over Infinite Impulse Response (IIR) filters due to their stability,

ease of implementation, and ability to achieve linear phase responses [132,148].

Typical radio systems contain multiple FIR filters with fixed parameters. In SDR

systems, where multiple wireless communications standards may be supported, the

ability to reconfigure a filter’s coefficients at run-time helps to use hardware resources

more efficiently. These are known as Reconfigurable FIR filters, or RFIR filters.

These RFIR filters are well suited to FPGA architectures due to their parallel

structure and inherent reconfigurability, which allows for fast reconfiguration times and

operation speeds, suitable for CR applications. In recent years RFIRs have become an

active research topic, specifically targeting FPGA-based hardware [149–152].

The design of FIR filters is usually approached by separating the process into two

problems: approximation and realisation. Approximation deals with the computation of

the filter coefficients, where the response is designed to correspond as closely as possible

to an ideal response. The realisation problem deals with how best to implement the

structure of the filter in hardware. For RFIR filters, the literature is primarily concerned
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with the latter. For example, two RFIR filter architectures were developed in [149],

based on distributed arithmetic and a Lookup Table (LUT) multiplication scheme. By

using configurable LUT primitives they were able to achieve reconfiguration times of

less than 100 ns. Or in [153] a canonic signed digit coefficient grouping method was

used to implement an RFIR, achieving low resource and power usage, and an increase

in operation speeds. Further examples from the literature are discussed in [55].

In the works described above and discussed in [55], the approximation part of filter

design is assumed to have already been carried out, with the calculated filter coefficients

typically stored in memory, either on-chip or off-chip. However, on-chip storage reduces

the amount of available resources, while off-chip storage can be expensive in both

Bill of Materials (BOM) costs and engineering time. For FPGAs, on-chip memory

could be in the form of LUTs (distributed memory) or Block Random Access Memory

(BRAM). However, this type of storage is not scalable, especially for systems that

require long-length filters and arbitrary frequency responses, where storage requirements

would become a limiting factor. This signifies that, for a truly dynamic RFIR, filter

coefficients must be calculated on-the-fly and at run-time.

Two obvious choices for calculating filter coefficients on-the-fly are (i) off-chip

embedded or DSP processors and (ii) SoCs, such as the PS portion of AMD Zynq

devices. However, both approaches require a communications link between processor and

FPGA in order to reprogram the RFIR filter, creating a bottleneck, which can increase

reconfiguration and development times. Moreover, for devices such as the RFSoC,

where the RF-DCs are tightly coupled to the FPGA fabric, it is worth considering the

computation of filter coefficients directly on the FPGA.

Figure 2.14 shows a block diagram depicting these three possible methods of pro-

gramming an RFIR filter, as described below:

• In diagram a) an embedded processor is used to compute the filter coefficients

and transfer them to shared memory. A memory controller on the FPGA then

retrieves the coefficients from memory. A separate IP converts the coefficients

into a form valid for the filter architecture, such as adding control signals, and

then reconfiguring the RFIR.
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• In diagram b) an FPGA-based SoC device is depicted, where the filter coefficients

are first calculated on the embedded processor, then transferred to the FPGA via

an AXI interconnect to the coefficient converter. The converted coefficients are

then used to program the RFIR.

• In diagram c) there is no requirement for external memory as the filter coefficients

are calculated directly on the FPGA and passed to the RFIR without the need to

store them in memory first.

a) b) c)

FPGA FPGA FPGA

Embedded
Processor

Memory
Controller

Coefficient
Converter

RFIR

Off-Chip
RAM

Embedded
Processor

AXI-Interface

Coefficient
Converter

RFIR RFIR
Filter

Designer

Figure 2.14: Block diagram depicting three methods of reconfiguring an FPGA-based RFIR: a)
an embedded processor with off-chip memory, b) an SoC, and c) the FPGA-based filter design
method described in Chapter 5.

When comparing these three methods, it is obvious that the architecture shown

in diagram c) requires fewer components and avoids the need for memory access

or communication between off-chip and on-chip components, reducing the overall

reconfiguration time.

FPGA-based filter design has some obvious benefits for CR applications, where faster

reconfiguration times would improve overall system performance. In devices such as the

RFSoC, where the RF-DCs are connected directly to the FPGA fabric, reconfiguration

times can be greatly reduced by computing coefficients on the FPGA.

2.4.1 Filter Design Techniques for FPGAs

FIR filters are a practical choice for SDR systems as they do not include a feedback

element, making them inherently stable, and they are easily constrained to achieve
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linear phase response. If a system has linear phase response it means that all frequency

components of a signal shift in time by the same amount, preserving the original

waveform shape and preventing distortion [154].

A FIR filter will be guaranteed to achieve linear phase response if its impulse response

is even or odd symmetric, or even or odd antisymmetric, around its centre-point. This

results in four types (or classes) of FIR filters—typically denoted I-IV—each with

their own specific properties. Type II filters will always have 0 amplitude at ω = π

(Nyquist) making them unsuitable for high-pass filter responses. Type III and IV

filters have a constant phase shift of 90◦, which can be used for Hilbert transforms or

differentiators [155]. Type I filters are the most universal, allowing for most arbitrary

frequency responses and have zero phase shift, and therefore are the type considered in

this chapter.

Filter design typically starts by defining an ideal frequency response, specific to a

given application. The frequency response, Hd(ω), of an ideal FIR filter can be written

in the form

Hd(ω) =
∞∑

n=−∞
hd(n)e

−jωn, (2.7)

where hd(n) are the filter coefficients, and 0 ≤ ω ≤ π.

Because Equation 2.7 is both infinite in length and non-causal (i.e. includes negative

time samples), the FIR filter can only be realisable if it is truncated to a length N , and

time-shifted such that n ≥ 0; resulting in

H(ω) =
N−1∑
n=0

h(n)e−jωn, (2.8)

where H(ω) and h(n) are the realisable frequency response and filter coefficients,

respectively—now only an approximation of the ideal response from Equation 2.7. This

approximation results in undesirable effects in the frequency response of the filter;

such as ripple in the passband, a decrease in stopband attenuation, and an increase in

transition bandwidth; all of which contribute to a reduction of filter quality. Figure 2.15

depicts a typical frequency response with these effects annotated.
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Figure 2.15: Frequency response of a typical low-pass filter with the effects of approximation
annotated.

A näıve approach to filter design is to simply increase the filter length until the

frequency response meets design specifications. However, this method is impractical due

to the large amount of hardware resources required for even the simplest of applications.

Various FIR filter design techniques have been developed over the years which attempt

to mitigate the effects of approximation, while keeping the filter length small enough to

be practical for hardware implementation.

These issues are compounded when considering a filter design technique suitable

for FPGAs, where arithmetic is generally restricted to fixed-point, and restrictions on

wordlength along the signal path may be necessary in order to avoid excessive bit growth.

These restrictions can cause quantisation errors, causing H(n) to move further away from

Hd(n), which will manifest in poor performance in the stopband. Moreover, because

quantisation errors are accumulative, for applications that require long filter lengths

it maybe necessary to increase the wordlength to mitigate these effects. Quantisation

errors can also be mitigated by various forms of rounding [156–158]. However, this

process can be resource intensive and may not be appropriate for applications where

hardware resources are limited.

All these factors must be taken into account when considering filter design techniques

for FPGA hardware. Therefore, it is worth considering the conditions such a technique

may require. In doing so, three such conditions have been identified:

1. It can produce filters with arbitrary and deterministic frequency responses.
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2. It is suitable for implementation on FPGA hardware.

3. The execution time is deterministic at compile-time (i.e. at IP generation).

For conditions 1 and 3, the word “deterministic” means a process will produce the

same outcome every time it is executed under the same conditions, ensuring repeatability.

FIR filter design techniques can be separated into two categories: optimal and

suboptimal. The rest of this section looks at algorithms in both of these categories

and attempts to identify a suitable algorithm able to satisfy all three of the conditions

enumerated above.

Optimal Algorithms

Optimal techniques, such as the Parks-McClellan [159] and Least Squares [160] algo-

rithms approach filter design as an optimisation problem, where the error between

Hd(n) and H(n) is minimised until an optimal fit is found. Typically, filters designed

using optimisation techniques tend to be of high quality and allow for some fine-tuning

over parameters; such as the width of the transition band. However, optimal design

techniques are inherently unsuited to FPGAs and so will only be briefly discussed here.

The Parks-McClellan algorithm is one of the most well-known and widely used

methods of filter design. It uses an iterative approach where it makes an initial “best

guess” approximation then makes adjustments to the filter until a solution is found

that meets the design specifications [159]. Because of this iterative approach, a solution

may require many iterations to converge, or might not converge at all. This makes

the process non-deterministic, causing it to fail Condition 3. Additionally, while it is

possible to put constraints on the number of iterations to perform, this may result

in non-deterministic and low quality filters; causing it to fail Condition 1. Moreover,

these constraints only give an upper limit to finding a solution, therefore the exact

execution time cannot not be known at compile-time; again failing Condition 3. Finally,

the Parks-McClellan algorithm cannot be computed with wordlength restrictions [161],

failing Condition 2.
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The Least Squares algorithm is another popular filter design method that produces

good quality filters, is relatively simple to implement on traditional hardware and,

unlike the Parks-McClellan algorithm, can be implemented with fixed-point arithmetic.

It avoids the iterative approach to minimising the error between Hd(n) and H(n) by

solving a system of linear equations [155]. However, the algorithm is dependent on a

pseudo-inverse operation which is inherently difficult to achieve on FPGA hardware due

to the division operation (which is both slow and resource intensive); failing Condition 2.

Moreover, the size of the matrices required for long-length filters can also be a limiting

factor.

Furthermore, there are a number of optimal filter design techniques using algorithms

such as integer and linear programming [161], simulated annealing [162], and genetic

algorithms [163]. However, these all suffer from some or all of the issues mentioned

above, making them unable to meet all three conditions.

Suboptimal Algorithms

The two most common methods of suboptimal filter design are the window and frequency

sampling methods. They are suboptimal in the sense that they do not attempt to

minimise an error, and do not require recursive or iterative algorithms—resulting in

a single solution. They typically have fewer tunable parameters compared to optimal

design methods and generally require longer length filters to achieve comparable quality

(i.e. performance in terms of signal integrity and distortion) [155].

These methods do not suffer from the same problems inherent in the optimal

techniques and, therefore, it is worth looking at them in greater detail to determine

their suitability for implementation on FPGA hardware.

The Window Method The window method performs the filter design process entirely

in the time domain. An ideal impulse response, hd(n), representing the desired frequency

response, is multiplied with a window function, w(n), of length N , to create a realisable

filter, h(n). This can be written as
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h(n) = hd(n).w(n), (2.9)

where in the case of a low-pass filter, the impulse response is the sinc function, which

can be written in the form

hd(n) =
sin(ωcn)

πn
, (2.10)

where ωc is the cutoff frequency in radians/sample.

The simplest window to use is the rectangular function, which can be achieved by

simply truncating hd(n) to a given length, N . However, this truncation introduces sharp

discontinuities in the sinc function, resulting in poorer performance in the stopband

and excessive ripple in the passband, known as the Gibbs Phenomenon [164]. Instead

specialised window functions are used which gradually taper the amplitude towards

zero, reducing the discontinuities caused by the truncation. This results in an overall

improved filter performance, particularly in passband ripple.

The most common types of windows used are the generalised cosine windows such as

the Hamming, Hanning, and Blackman. Each window has its own characteristics where

there is usually a trade-off between transition bandwidth and stopband attenuation [7].

A comparison of filter performance for each of these windows is shown in Table 2.3.

Table 2.3: Comparison of various window functions, where ωs is the sampling frequency in
radians/sample and N is the filter length. Replicated from [7]

Window Mainlobe (ωs/N) Transition BW (ωs/N) Peak Sidelobe (dB)

Rectangular 2 0.9 -13
Hanning 4 3.1 -31
Hamming 4 3.3 -41
Blackman 6 5.5 -57

If the filter length, N , is fixed at compile-time then the window function, w(n), can

be precomputed and stored in memory. Furthermore, because the effects of the window

on the filter can be predicted, as shown in Table 2.3, this is able to satisfy Condition 1

by producing deterministic frequency responses. However, while the window method is

simple in concept, it does pose some problems for implementation on FPGA hardware.
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If the cutoff frequency, ωc, is to be reconfigurable at run-time then this introduces

the requirement of a division operation, as shown in Equation 2.10, which can be

challenging to perform on FPGAs efficiently, causing it to fail Condition 2. Moreover,

while the impulse response of a low-pass filter is related to a simple sinc function, other

frequency responses have more complex equations in the time domain, indicating that

this method, in fact, fails Condition 1.

The Frequency Sampling Method Similar to the optimal methods described in

the previous section, the frequency sampling method starts the filter design process by

describing the filter response in the frequency domain. The ideal response, Hd(ω), is

sampled at equally spaced frequencies, ωk = 2πk
N , where k = 0, 1, . . . , N − 1. This can

be written in the form

Hd(ωk) =
N−1∑
n=0

hd(n)e
−j2πkn/N , (2.11)

and is equivalent to the Discrete Fourier Transform (DFT), allowing the filter coefficients

(i.e. the impulse response) to be retrieved using the Inverse Discrete Fourier Transform

(IDFT or Inverse DFT) [160].

As with the window method, the frequency sampling method also poses problems for

implementation on FPGAs. As the response is only defined at the sample points, the

gaps in between the samples are effectively interpolated. This can result in undesirable

effects at the points where large changes in amplitude occur, typically around the

transition band. This can be managed by introducing tapered transition band samples,

but the algorithm to calculate these uses an optimisation technique, which is unsuitable

for implementation on FPGAs [165]. Furthermore, for long-length filters the DFT is

impractical to implement and therefore the Fast Fourier Transform (FFT) algorithm

must be used. However, while the FFT is a well established algorithm able to be

implemented on FPGAs, it is generally fixed to power-of-two values, reducing the ability

to produce odd-symmetric Type I filters, failing Condition 1.

Table 2.4 summarises the comparison of the different filter design techniques against

the three conditions defined above.
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Table 2.4: Comparison of filter design techniques against the three conditions defined in
Section 2.4.

Method Arbitrary Response FPGA-friendly Deterministic

Parks-McClellan Yes No No
Least Squares Yes No Yes
Window Yes Partially Yes
Frequency Sampling No Yes Yes

In summary, this survey indicates that existing filter design techniques fail to meet

the combined requirements of arbitrary frequency response, compile-time determinism,

and FPGA suitability. As such, they remain unsuitable for the constraints of highly

dynamic CR systems on RFSoC devices. This research gap motivates the development

of a filter design technique which satisfies these requirements.

2.5 Chapter Summary

This chapter has provided a survey of the background and related work surrounding

SDR and CR systems. First, the RFSoC was established as an ideal platform for CR,

noting its ability to overcome the latency and bandwidth limitations of legacy SDR

platforms. However, despite these capabilities, three key research gaps were identified.

The first gap is methodological. While established established tools, such as PYNQ

and Model Composer offer productivity gains over the conventional toolflows, they

remain fragmented and do not provide a unified design flow conducive to rapid proto-

typing. The second and third gaps are technical. Existing frequency planning tools

are restricted to offline, interactive use, and current FIR filter design methods are un-

suited for deterministic, run-time reconfiguration required by a highly dynamic spectral

environment.

To address these gaps, the remainder of this thesis is structured around three primary

research questions:

• How can existing design tools be extended to create a unified design methodology

for the RFSoC that promotes productivity?
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• How can a frequency planning tool be designed to operate in real-time within the

latency constraints of a CR system?

• How can a filter design method be developed that allows for deterministic, low-

latency reconfiguration of FIR filters on FPGA fabric?

These questions are explored in this thesis through the following core contributions:

• A full-stack design methodology for the RFSoC that integrates and extends

established tools to enable rapid iteration and experimentation, is presented in

Chapter 3.

• A scriptable frequency planning tool designed to operate within the cognitive cycle,

capable of dynamically identifying and avoiding spurious components caused by

the RF data conversion process, is presented in Chapter 4.

• A filter design technique for calculating and updating arbitrary filter coefficients

directly on the FPGA fabric, providing deterministic execution times and low-

latency reconfiguration, is presented in Chapter 5.

The following chapters detail these contributions, establishing a set of tools and

methodologies that address the technical challenges of implementing real-time, reconfig-

urable CR systems on RFSoC platforms.
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SDR System Design on RFSoC

Devices

3.1 Chapter Overview and Contributions

In this chapter a design methodology is presented for the development of SDR systems

on the RFSoC, with a focus on productivity. Here, productivity is defined in terms of

both lines of code required to interface with hardware, and development time.

To demonstrate this methodology, a fully functional transceiver design is developed

for the RFSoC. This demonstrator provides real-time data inspection and visualisation,

as well as user reconfiguration through software; all performed on a single device. Model

Composer is used to develop the custom HDL IP cores for the PL, with PYNQ as the

target embedded framework. This design methodology is then evaluated in terms of

productivity, community impact, and system performance.

The work in this chapter is based on an original contribution published in the IEEE

Access journal [48], which was one of the first non-AMD publications on RFSoC devices,

and the first to evaluate the PYNQ framework on the platform.

The contributions of this chapter are as follows:

• A rapid-prototyping design methodology using Model Composer and PYNQ.
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• The development of open-source RFSoC drivers for PYNQ to lower the barrier of

entry.

• A Quadrature Phase-Shift Keying (QPSK) transceiver reference design to demon-

strate the methodology.

As [48] contained the work of multiple authors, it is important to highlight this

author’s own contributions to the project, which are as follows:

• Adding AXI functionality to the transmit and receive IPs within Model Composer.

In particular, AXI-Lite for user control and AXI-Stream for data streaming;

discussed in Section 3.4.1.

• Converting the transmit and receive models to AXI IPs for use within Vivado,

discussed in Section 3.4.1.

• Building the overall RFSoC PL design, within Vivado, around the IP cores

developed in Model Composer, including clocking, data inspection, and additional

filtering, discussed in Section 3.4.2.

• Development of basic testing software before the integration of PYNQ was com-

pleted.

• Retrieval of results.

• Contribution of writing and reviewing of the paper.

3.2 Methodology and Design Strategy

As established in Chapter 2, the conventional RFSoC design flow is not well-suited for

productivity and rapid prototyping. While a survey of the literature revealed a number

of academic attempts to address this, these tools suffer from lack of maintenance and

support once the initial research had concluded. Therefore, rather than developing a

new tool, this work instead uses and extends existing and established tools to ensure

long-term support and reproducibility.
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As such, Model Composer was selected for the design and development of IP cores

for use on the FPGA. In particular, this tool was chosen for its ability to accelerate

algorithm development and validation by using Simulink’s built-in signal generators and

spectrum analysers. This allowed signal processing pipelines to be quickly iterated and

validated in simulation before committing to the time-consuming bitstream generation

process.

For the PS runtime, PYNQ was selected due to its well-established effectiveness in

abstraction and productivity. However, at the time of writing the original paper [48],

the PYNQ framework did not support the RFSoC architecture. Therefore, a core

contribution of this work is the extension of the PYNQ framework to support the

device’s RF data converters and clocking infrastructure. The proposed flow is as follows:

• IP Design and Validation (Model Composer): Radio and signal processing

functionality are designed and validated against Simulink sources, with explicit

definitions for hardware control and data introspection.

• System Integration (Vivado): The validated IP cores are exported to Vivado,

where it is integrated with DMA cores to enable data streaming between the PL

and PS.

• Run-time Control (PYNQ): The bitstream is loaded onto the RFSoC, where

Python drivers provide run-time control and visualisation of the system.

3.3 System Architecture Overview

To evaluate the methodology proposed in Section 3.2, a full radio transceiver design was

developed. The architecture of this system is described in this section, with the design

and implementation details of each component described in the following sections. The

purpose of this demonstrator was to act as a proof-of-concept reference design, rather

than to create a high-performance communications system. Therefore, a simple QPSK

modulation scheme is used with a low data rate of 1 kbps. The low data rate allowed

for real-time visualisation in the initial stages of development, providing additional

debugging capabilities.
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Figure 3.1 depicts a functional block diagram of the demonstrator system, split

between the PS and PL portions of the device. On the PL, the FPGA is used to

implement the majority of the DSP algorithms of the transceiver, while the RF-DCs

are used for additional interpolation and decimation, as well as complex mixing via the

integrated NCO. On the PS, the PYNQ framework is used for control of the transmit

and receive architecture on the FPGA, the RF-DCs, as well as visualisation of captured

data throughout the signal path.
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Figure 3.1: Functional block diagram of the SDR demonstrator.

3.3.1 PL System Overview

The FPGA fabric on the PL contains various custom IPs that make up the transmitter

and receiver, shown on the left side of the PL block in Figure 3.1. In the transmitter,

random data is generated, converted to I/Q symbols, pulse-shaped with a Root-Raised-

Cosine (RRC) filter, then passed through a multi-stage interpolation chain before

reaching the RF-DAC. The RF-DAC further interpolates the signal by a factor of 8

(increasing the sample rate to 1024 Msps), then it passes through the complex RF mixer

to be modulated by a carrier. The modulated signal is then converted from the digital

domain into the analogue domain.

The receiver architecture performs a reciprocal chain of operations where the RF-

ADC converts the analogue signal into a digital representation, demodulates it with a

carrier of equal frequency, and then decimates the signal by a factor of 8 before passing
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it to the FPGA. The FPGA signal path performs additional decimation (decreasing the

sample rate from 128 Msps to 4 ksps), followed by coarse synchronisation, a matched

filter, and, finally, timing and frequency synchronisation that allows the QPSK symbols

to be retrieved.

Throughout the signal path of the transmit and receive architectures, there are

various points at which the signal can be visualised, or parameters controlled on the

PS. These are named Observation Points (OPs) and Control Points (CPs), respectively.

For example, after the pulse-shaping filter in the transmit path, there are two OPs that

allow inspection of either time domain or frequency domain data, while the CP after

the interpolation chain allows the gain of the signal to be configured before arriving at

the RF-DAC.

3.3.2 PS System Overview

As shown on the left-hand side of Figure 3.1, the PS hosts the PYNQ framework. PYNQ

runs software that allows the control and configuration of the PL radio architecture,

as well as user interactivity and data visualisation. As discussed in Chapter 2, the

PYNQ framework consists of an Ubuntu-based Linux OS, PYNQ software library, and

a Jupyter web-server, which allows users to write and run code on the board via a web

browser-based IDE running on a client computer.

The PYNQ framework is particularly useful for the initial development stages of

the design process. For example, the browser-based IDE allows users to write and run

embedded code directly on the device with no additional software required on the client

computer, except for a web browser. Moreover, the use of the Overlay class allows

PYNQ to automatically assign drivers to known IPs, as well as to generate generic

drivers for custom IPs. The inclusion of Python also enables the use of established

software libraries, such as Plotly for visualisation, and ipywidgets for user control.

It is important to note that the visualisation and user control are supplemental to the

radio architecture, meaning that these components of the software can be removed after

the development and prototyping stages if required. With that said, these introspection

components can also be useful after deployment as they can be further used as remote
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debugging tools for devices in the field. For example, after the deployment of a radio

it may be necessary to check the quality of received signals periodically and update

parameters depending on these observations. The use of the Jupyter web-server allows

users to remotely access the device from anywhere in the world and reconfigure the

device without requiring physical access.

3.4 Hardware Design

This section describes the design and development of the PL system. As the finer details

of the PL design are described in [48], and the source code is publicly available [166], only

the elements relevant to this thesis are replicated here. In particular, this section outlines

the use of Model Composer for IP design and simulation, how it can be used effectively

for reconfigurable SDR designs on the RFSoC; the use of Vivado’s IP Integrator (IP

Integrator (IPI)) to build a full PL system; and how the data capture and visualisation

infrastructure was designed.

3.4.1 Development of Radio IP Cores

Two approaches were taken when designing the transmit and receive cores in order to

investigate the advantages and disadvantages of monolithic and heterogeneous IP design,

and how it affects software development, discussed later in Section 3.5. The transmitter

architecture was designed as the former, while the receiver architecture was designed as

the latter. Model Composer was used for the development of each architecture, allowing

for the generation of HDL IP cores to be integrated into a complete FPGA design within

the Vivado IDE.

The use of Model Composer enabled continuous testing during development to

verify the correct operation of each IP. While this is possible in other methods of IP

development, such as writing Register Transfer Level (RTL) code and testbenches within

the Vivado IDE, the ability to use Simulink’s built-in signal source and visualisation

tools to provide stimulus for the IPs, and get immediate feedback with the use of

oscilloscopes and spectrum analysers, makes this much simpler in comparison; helping to
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reduce development time. Moreover, as Model Composer is built into the MATLAB and

Simulink ecosystem, it allows for the initial IP design to be first developed and tested

using built-in functions and floating point arithmetic, then incrementally converting

each component of the IP to make it HDL-compatible; all within the same software

package.

The transmitter was developed in a monolithic manner, containing all components

of the transmit logic within a single IP core. The transmitter generates random data,

performed with the use of a Linear Feedback Shift Register (LFSR) at a rate of 1

kbps. The symbols are then Gray encoded [167] and separated into I/Q samples at a

rate of 500 symbols/s. The I and Q samples are then passed separately through an

interpolation chain which consists of an RRC filter, interpolating by 4; and a series of

half-bands and Cascaded Integrator-Comb (CIC) filters, interpolating by a combined

factor of 12,800; bringing the sample rate up to 25.6 Msps. The I and Q samples are

then concatenated at the output of the IP to conform with the input requirements of the

RF-DC IP within Vivado [168]. Three OPs were used for the transmitter architecture,

one after the generation of the I/Q symbols and two after the RRC pulse-shaping filter.

One of the RRC OPs was connected to a hardware FFT IP, allowing frequency domain

data to be passed to the PS. Additionally, a single CP was used that controlled the

gain at the output of the interpolation chain. The CP was set up for use with AXI-Lite,

enabling the control of the gain from the PS using MMIO.

The receiver was developed in a heterogeneous manner, separating the various

stages of the receive logic as individual IPs. The receiver first decimates the signal

from 25.6 Msps to 4 kbps through a reciprocal decimation chain. An FFT-based

coarse synchronisation is then performed followed by frequency correction with the

use of a matched filter, interpolating by a factor of 4. Finally, timing and frequency

synchronisation is performed using the method similar to that described in [169]. Each

of these stages were generated as separate HDL IPs, with an OP connected at each of

their outputs. In contrast to the transmitter, no hardware FFT was used for any of

the OPs on the receiver, opting to use software-based FFTs instead. This was done
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to determine any differences in performance between hardware and software FFTs for

visualisation purposes, as discussed in Section 3.6.

3.4.2 Vivado System Design

Vivado IPI was used to create the PL design around the IP cores developed in Model

Composer. The transmitter and receiver IP cores, as well as any supporting IPs, were

partitioned into separate hierarchical subsystems in order to make the software design

within the PYNQ framework more efficient, as discussed in Section 3.5.

In the top-level design, the Zynq UltraScale+ IP was configured with two High

Performance (High Performance (HP)) slave ports, one each for the transmit and receive

logic, to allow for data streaming between the PS and PL with the use of the shared PS

Dynamic Random Access Memory (DRAM). A single HP master port was used to serve

the various AXI-Lite connections used within the design. The inputs and outputs of

the receiver and transmitter hierarchies were connected to the RF-DC IP respectively,

which was configured with a sample rate of 1024 Msps, 8x interpolation and decimation,

and the NCO was set to fine-mixing mode. Three clock domains were used throughout

the design: a single 100 MHz PL clock, which served all AXI-Lite connections, and two

409.6 MHz off-chip reference clocks for the RF-DACs and RF-ADCs. The reference

clocks were further divided to 128 MHz and 64 MHz to serve the RF-DAC and RF-ADC

respectively. Figure 3.2 shows a high-level block diagram of the top-level Vivado IPI

design.

As the transmitter IP was monolithic, this simplified the design of the transmitter

hierarchy. Each of the OP ports were connected to Data Inspection Module (DIM)

IPs, discussed in Section 3.4.3, which in turn were connected to separate AXI DMA

IPs. This allowed for the data to be streamed from the PL to the PS via shared

memory. The CP was connected to an AXI-Lite interface for the control of the IP

through software on the PS. The main output of the transmitter IP was connected to an

additional 5x interpolation stage, facilitated by an AMD LogiCORE FIR Compiler [170],

which increased the data rate from 25.6 Msps to 128 Msps. This was necessary due to

limitations of the Model Composer software, which restricts the amount of rate change
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Figure 3.2: High-level block diagram of the Vivado IPI design, where ZU+ MPSoC PS is the
Zynq UltraScale+ Processing System IP block.

allowed within a single design, due to its use of clock enables to change the sample rate

internally. The use of the additional 8x interpolation within the DUC of the RF-DAC

upsampled the signal to the appropriate value of 1024 Msps. A high-level block diagram

of the transmitter hierarchy is shown in Figure 3.3.
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Figure 3.3: High-level block diagram of the transmitter Vivado IPI design.

The modular design approach for the receiver IP made the receiver hierarchy slightly

more complex due to the additional connections required between the IPs. The signal

is first passed through a reciprocal 5x decimation stage to convert the signal from the
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RF-ADC from 128 Msps to the 25.6 Msps signal required by the first stage of the

receiver IP core. As most of the IPs have different sample rate and clocking needs, it

would typically be required to use more clocking resources to serve them. However, as

discussed above, it was possible to exploit Model Composer’s use of clock enables to

change the sample rate internally, allowing each IP to be served by the same frequency

clock. As with the transmitter hierarchy, the OPs of the separate receiver IPs were

connected to AXI DMA IPs via separate DIMs. A high-level block diagram of the

receiver hierarchy can be seen in Figure 3.4.
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Figure 3.4: High-level block diagram of the receiver Vivado IPI design.

3.4.3 Data Capture and Visualisation

As discussed in Section 3.3, various points throughout the signal paths of the transmit

and receive IPs are tapped out for data inspection using the OPs. While in [48] this

was done primarily for demonstration purposes, it is also useful during development for

debugging, verification, and analysis of the data. To enable data capture for visualisation,

a custom packetiser IP was created within Model Composer, named the Data Inspection

Module, that worked in tandem with the AMD-supplied AXI DMA IP. This allowed

data packets to be moved from the PL to the PS, via shared DRAM, for visualisation
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within PYNQ and the Jupyter environment. A high-level block diagram of the DIM is

shown in Figure 3.5.
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Figure 3.5: Block diagram of the DIM.

As each OP requires its own DIM, it is necessary that the logic controlling it uses

as few resources as possible, therefore the DIM was designed with efficiency in mind.

The DIM contains a First In, First Out (FIFO) that buffers valid data until the DMA

signals it is ready to perform a transfer to the DRAM, with a packet size that can be

configured from the PS with the use of an AXI-Lite register, along with an enable signal.

The FIFO continuously updates the buffer with new data, ejecting any old data that

is not required, until a ready signal is received. If there is not enough data when the

ready signal is flagged then the FIFO waits until the buffer has been filled.

The DMA IP uses the AXI-Stream protocol, which has a strict dependence on the

tvalid and tlast control signals and, therefore, the DIM must provide these at the correct

time. A counter keeps track of the number of samples that have been passed to the

DMA until the packet size has been reached, with a relational logic block providing

the tlast signal at the end of the packet. A Finite State Machine (FSM) keeps track of

the data passing through the DIM, providing the tvalid signal only when a valid data

transfer is occurring. Together with the tdata signal, containing the valid data, these

signals are combined into a single Master AXI-Stream interface, which is connected to
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the AXI-Stream Slave port of the DMA. An additional start of frame signal is used

by the DIM for use with hardware FFTs, allowing correct packetisation of the FFT

frames.

3.5 Software Design

To provide support for the RFSoC, the software implementation required the development

of two main components that map to the two distinct parts of the hardware: the “hard”

IP comprising the RF data converters and clocking infrastructure, and the “soft” IP of

the transceiver design developed in Model Composer.

These two components require different approaches. For the “hard” IP, it was

necessary to interact with the C-level drivers directly. This required wrapping these

drivers using Python’s C Foreign Function Interface (CFFI) module to expose them to

the PYNQ environment. For the “soft” IP, the use of the standard AXI interfaces in

the CPs and OPs enabled the use of PYNQ’s built-in MMIO and DMA drivers.

3.5.1 Python Drivers for RFSoC Hardware

It is worth reiterating that, at the time of development, there was no PYNQ support for

the RFSoC available. Therefore, one of the main tasks of the project was to add this

support to the PYNQ framework, coinciding with the release of the PYNQ v2.5 version

of the software. This was achieved by working in collaboration with engineers at AMD to

develop the software necessary to integrate PYNQ into the RFSoC platform, including

the drivers required to operate its RF components. Since the publication of [48], the

RFSoC has become a well-established platform within the PYNQ ecosystem, and several

updates have been made to the drivers that interact with the RFSoC hardware since

the work described in the following sections was undertaken. With this in mind, some

information described in this section will not entirely reflect the current state of PYNQ

support for the RFSoC, although much of the code remains unchanged.

Two main components of the RFSoC hardware are required to operate the transceiver:

the RF data converters, and the clocking infrastructure that drives them. While the
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drivers developed for these components ultimately use Python within the PYNQ

environment, it was necessary to develop much of the codebase within the C language.

As the clocks that drive the RF data converters are off-chip, and connected to the

RFSoC via an Inter-Integrated Circuit (I2C) connection, it was convenient to reuse

well-established Linux C drivers that support the I2C protocol, and use the clock

datasheets to build a native C driver based on the register map. Conversely, as the RF

data converters do not have a fully documented register map, it was necessary to use

the vendor baremetal C driver as the base.

Clocking Infrastructure

The RFSoC development board features a set of clock synthesizers that drive the RF

data converters: a Texas Instruments (TI) LMK04208, which is used as a reference clock,

and three TI LMX2594s that provide the sample clocks to the data converter tiles. I2C

is used to program the clocks with register values to change the output frequencies. The

register values come in the form of text files generated from the TICS PRO software,

provided by TI [171]. A simple driver was developed in C that could read the register

values from the provided text files and program the different clocks via the I2C interface.

A thin wrapper was then developed using the built-in CFFI module, which provides a

means of wrapping functions within C code and calling them from within Python. It

is worth noting that the PYNQ v3.0.1 driver for the RFSoC clocking infrastructure

removed the requirement of the C-based driver and CFFI, providing a native Python

driver capable of equivalent functionality [172].

In its current state, the driver is reliant on the use of the text files generated

by TICS PRO to provide the register values required to reconfigure the clocks. As

the software only supports the Windows operating system, and lacks an Application

Programming Interface (API), it is not possible to generate these files and program the

clocks on-the-fly, meaning that all clock frequencies must be known before operation, so

that the text files can be generated in advance. Since the sample rate of the RF-DCs

must be related to the frequency of the sample clock, this severely restricts the ability

to reconfigure the data converters with arbitrary sample rates. However, as the register

66



Chapter 3. SDR System Design on RFSoC Devices

maps for both types of clock synthesizers are fully documented, it would be possible

to modify the driver to directly interact with the NCOs and clock dividers within the

devices, allowing any sample clock frequency to be generated for the RF-DCs, providing

increased flexibility for highly reconfigurable SDR applications.

RF Data Converters

Unlike the clock synthesizers that make up the clocking infrastructure, the RF data

converters on the RFSoC do not have a fully documented register map. Therefore, the

RF-DCs must be configured with the use of the C driver provided by AMD. The C driver

provides a high degree of functionality to the user, allowing almost all of the RF-DC

features to be controlled in software. While it would be possible to implement a direct

translation of the functions available to Python using CFFI, it was found that a more

object-oriented, Pythonic approach was possible, allowing much of the functionality

to be abstracted away, providing a simpler interface for the user to configure and

reconfigure the data converters.

While the C driver provides a flat list of approximately 50 functions, there is a clear

hierarchy to the RF-DCs (made up of blocks within tiles) that can be exploited to create

an object-oriented hierarchical Python driver. Furthermore, within Python it is also

possible to make a distinction between attributes, which get or set values; and methods,

which perform some action. A Unified Modelling Language (UML) diagram depicting

this hierarchical approach can be found in Appendix B.2.

This method of abstraction helps to greatly reduce the amount of required code

compared to the baremetal C driver. For example, Listing 3.1 shows the code necessary

to update the mixer frequency of an RF-ADC using the C driver. In contrast, Listing 3.2

demonstrates the same operation using the Python abstraction.

As can be seen from these two examples, the Python code not only reduces the

number of lines required, but it is significantly easier to read and understand. In

particular, the C driver function call to set the mixer settings requires a pointer to

an ADC tile instance and a set of index parameters, while the Python driver simply

references the specific tile and ADC via the hierarchy, and sets the frequency by accessing
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1 int Status;

2 u16 Tile = 0;

3 u16 Block = 0;

4 XRFdc_Mixer_Settings MixerSettings = {0};

5 XRFdc *RFdcInstPtr = ...

6 ...

7 Status = XRFdc_GetMixerSettings(RFdcInstPtr ,

8 XRFDC_ADC_TILE , Tile , Block , *MixerSettings);

9 if (Status != XRFDC_SUCCESS) {

10 return XRFDC_FAILURE;

11 }

12
13 MixerSettings.Freq = 1600;

14
15 Status = XRFdc_SetMixerSettings(RFdcInstPtr ,

16 XRFDC_ADC_TILE , Tile , Block , &MixerSettings);

17 if (Status != XRFDC_SUCCESS) {

18 return XRFDC_FAILURE;

19 }

Listing 3.1: Example of updating the frequency of an RF-ADC using the C driver.

1 adc_block = ol.rfdc.adc_tiles [0]. blocks [0]

2 adc_block.MixerSettings['Freq'] = 1600

Listing 3.2: Example of updating the frequency of an RF-ADC using the Python driver.

that parameter within the MixerSettings dictionary. In fact, it is possible to perform

this operation in a single line, albeit resulting in less readable code.

3.5.2 Radio Transceiver Drivers

Unlike the “hard” IP drivers described in the previous section, the drivers for the custom

transceiver IPs were implemented entirely in Python. This is made possible by directly

mapping Python classes to the interfaces defined in Model Composer.

Parameter configuration is handled via MMIO. In the hardware design, CPs, such as

signal gain, are assigned specific address offsets on the AXI-Lite bus. The custom Python

driver inherits from PYNQ’s DefaultIP class to bind to the IP core, mapping user-

friendly property names to these physical addresses. For example, in the transmitter IP,

the output gain register is mapped to offset 0x2C. When the user updates the tx.gain
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property, the driver transparently performs a 32-bit write to the corresponding register.

This direct mapping eliminates the need for kernel-level driver development, allowing

for immediate run-time reconfiguration of the FPGA logic directly from the Python

environment.

Live signal introspection is achieved using DMA. The OPs in the hardware are

connected to AXI-Stream interfaces via the custom DIM IP. The Python driver manages

the transfer of this data into the processor’s memory using PYNQ’s DMA class. To

capture a signal, the receiver driver allocates a contiguous data buffer using PYNQ’s

allocate module, and passes the pointer to the DMA. The hardware then streams the

data directly to this buffer. Once this transfer is complete, the data is available as a

native NumPy array, allowing for immediate processing and visualisation within Python

without any additional copying.

As discussed in Section 3.4.1, the transmit and receive IPs created in Model Composer

were developed using two different design strategies. The transmitter was designed as a

monolithic block, encompassing all of the logic within a single IP, while the receiver

was designed heterogeneously, separating the functionality into discrete IPs, interfaced

within the Vivado IPI environment. This had a direct effect on how the drivers for each

were structured.

When designing drivers for custom IPs, PYNQ allows the user to bind a class to an

IP core, or hierarchy of IP cores. For this reason it is customary to write a single driver

for each IP. Therefore, as the transmitter IP is monolithic, this naturally leads to the

design of a driver that is contained within a single class. This method was found to

result in questionable design practices, where a significant portion of the code is copied

and pasted (specifically the code for each OP). While it is possible to improve the code

by further abstraction, it is nonetheless interesting that this method was found to be

“the path of least resistance” for monolithic IPs.

In contrast, as the receiver IP is split into multiple IPs, each with its own OP, the

commonality between each IP is quickly identified. This led to the design of a generic

OP class that each IP can inherit from, allowing a standard set of methods to be shared

between the IP classes, with a smaller subset of methods added to the child classes for
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any unique functionality the IP requires (e.g., OPs that use a hardware FFT). As such,

it was found that this was the preferred approach to IP design for the methodology.

3.5.3 Data Inspection and Visualisation

Another goal of the transceiver design was to allow users to control the hardware

on the FPGA and visualise the data for debugging and testing, all on the RFSoC

itself. To achieve this, front-end software was developed that allowed the control of

the RF-DCs and the various CPs of the transceiver, as well introspection of the OPs

along the signal path within the PYNQ framework, without the need for expensive

external hardware, such as spectrum analysers and oscilloscopes. Three main open-

source software packages were used: JupyterLab, which acted as the main development

and interactive environment; and the Python packages ipywidgets and Plotly, which

provided interactive graphical widgets and plotting functionality, respectively.

JupyterLab is a development environment which runs as a web server on all SoC

devices running PYNQ. It is structured as a client/server system, which allows designers

to write and execute code on the RFSoC via an Ethernet connection between the board

(the server) and a host computer (the client), all within a standard web browser. Users

can write code within a “notebook” that mixes markdown formatted text, Python code

blocks, and the output of any code run within it [173].

As PYNQ allows the use of standard Python code to be run alongside embedded

code, it is possible to incorporate Python’s extensive library of open-source modules for

use within the transceiver software. The ipywidgets module enables interactive graphical

widgets to be used within the Jupyter environment, which can control various elements

of the transceiver with the use of simple callbacks to the drivers. For example, slider

controls were created for the gain and centre frequency of the transmitter, allowing

users to change these settings on-the-fly. Using this method it is possible to create

widgets for any reconfigurable parameter that exists within the RF-DC or custom IP

drivers, enabling full control of the system interactively.

Similarly, the Plotly module provides rich graphical plotting functionality, allowing

users to visually inspect the live data from the OPs, within the Jupyter environment [174].
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The use of Plotly enabled the transceiver software to accommodate visualisations for time

domain, frequency domain, and constellation plots; providing an extensive introspection

of all data along the signal path. Another benefit of using Plotly with JupyterLab is

the split between the server and the client. As the most resource intensive part of

plotting live data is drawing the images on a screen, the use of Jupyter allows this

part to be performed on the client side (i.e., the computer), with the server side only

required to generate a description of the plotting data which, in the case of Plotly, is

done with the JavaScript Object Notation (JSON) format. This significantly reduces

the computational overhead for the PS, which allowed frame rates of the live data to

reach around 20 Frames Per Second (FPS)—more than enough for demonstrative and

debugging purposes.

Using this combination of JupyterLab, Plotly, and ipywidgets, an interactive GUI

was developed that begins to approach that of the dashboards available for expensive

commercial platforms. A screenshot of the GUI developed for the Jupyter environment

can be seen in Appendix B.1.

3.6 Results

In this section both qualitative and quantitative results are given that demonstrate

the effectiveness of the design methodology presented in this chapter, in terms of

productivity and community impact.

Since much of the functionality traditionally realised with external components,

such as spectrum analysers and oscilloscopes, is performed directly on the PS, the

performance of the software is particularly important in determining the validity of

such a design methodology. Moreover, as an interpreted language is used to write the

codebase, as opposed to a compiled system-level language, such as C or C++, the

performance of Python as an embedded language is also of significant interest.
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3.6.1 Community Impact

The transceiver design developed during this work was released as an open-source project

with a permissive licence and [48] was published explaining the design methodology

and implementation details. This proved to have a positive influence on the research

community, spawning a number of additional publications and open-source projects

which were motivated, either directly or indirectly, by this work [175–179].

For example, in [175] the authors implemented an oversampled polyphase filter bank

on the RFSoC, also releasing the work as an open-source project. The paper notes the

difficulties of developing designs that utilise all three components of the RFSoC (PS,

PL, and RF-DCs), and concludes that the use of HLS to design the IPs, and PYNQ to

develop the PS software, enables non-specialised FPGA engineers to develop full-stack

RFSoC designs. Similarly, the authors of [176] implemented an on-chip spectrum

analyser on the RFSoC, using HDL Coder within Simulink to develop the HDL IPs

and PYNQ as the software framework, following a similar design methodology as this

work. In [177], the authors develop a 5G New Radio transceiver for millimetre wave

frequencies, using the RFSoC for IF and the PYNQ framework for the PS software,

noting how PYNQ is useful for enabling on-chip visualisation of the captured signals

on the RFSoC. Finally, in [178], the wideband capabilities of the RFSoC were used to

develop an 1.7 GHz bandwidth chirp synthesizer, using PYNQ to generate the chirps

on the PS, transferring the data to the PL using PYNQ’s DMA driver.

This work has also had influence outside academic circles, being featured in a number

of hobbyist blogs [180–182]. Also, anecdotally, it has been used to train engineers on

the RFSoC and been the basis for at least one commercial product prototype.

3.6.2 Productivity Analysis

With regards to lines of code, a comparison between Listing 3.1 and Listing 3.2 demon-

strates that PYNQ can reduce the amount of code required to update the frequency of

an RF-ADC by a factor of nearly ten. Similar results are observed when comparing the

example RFSoC code in [183] with the equivalent PYNQ implementation.
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While a full quantitative productivity analysis was beyond the scope of this work,

the benefits of the design methodology presented in this chapter are clear. In the

conventional toolflow, the development of a transceiver is a multi-stage process. Verifying

the logic requires the development of custom C/C++ drivers to interface with the FPGA

hardware, followed by the compilation of a PetaLinux distribution to manage the runtime

environment. Furthermore, signal introspection typically requires external hardware,

such as logic analysers, or the development of bespoke GUI applications.

In contrast, the design methodology presented in this chapter removes this overhead.

The use of Model Composer allows for bit-accurate verification of the transceiver

logic within Simulink prior to synthesis. Following bitstream generation, the PYNQ

framework removes the requirement for bare-metal driver development and custom OS

cross-compilation. Furthermore, the signal introspection was achieved using standard

Python libraries directly on the target device, removing the need to create a custom

solution. This demonstrates that the methodology is much simpler and more productive

compared to the conventional flow.

3.6.3 Software Performance

Since most of the metrics discussed in this section rely on understanding of the layout

of the hardware with regards to the various OPs, as shown in Figure 3.1, it is worth

detailing the contents of each, enumerated below:

• OP1: time domain output of the transmitter QPSK symbol generation stage.

• OP2: time domain output of the transmitter RRC filter stage.

• OP3: frequency domain output of the transmitter RRC filter stage, using a

hardware accelerated FFT on the FPGA.

• OP4: time domain output of the receiver decimation filter chain stage.

• OP5: time domain output of the receiver coarse synchronisation stage.

• OP6: time domain output of the receiver matched filter stage.
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• OP7: time domain output of the receiver timing and frequency synchronisation

stage.

It is worth noting that, as OP3 uses a hardware-accelerated FFT to convert data

to the frequency domain, it is FFT frames rather than time-domain samples that are

transferred to the PS via shared memory. This reduces the computation required on the

Arm A53. In contrast, OPs 4-7 on the receiver side all use software FFTs to convert the

time domain signals into the frequency domain. This difference between software and

hardware FFTs, and how they affect performance, is explored in the following sections.

Plotting Performance

An important metric in the performance of the software is its plotting capabilities,

specifically the average frame rate achieved for each type of plot. In the driver code for

the OPs, the target frame rate for the time domain and constellation plots was set to

50 ms (20 FPS), while the FFT plots were set to 300 ms (3.3 FPS). The reason for this

large differential is due to the nature of the data being plotted. Time domain signals

contain far more data than an FFT frame, requiring a much faster redraw rate to keep

pace with new samples of the input signal, whereas in the frequency domain the data

updates at a much lower rate.

Since the real-time plots are drawn within the web browser on the computer, it

is only necessary to measure the rendering performance on the client side, using the

Chrome browser’s built-in DevTools. Using this tool, the performance of the plot redraw

time was measured over a 10 second window, while streaming each plot individually. It

was found that the concept of a frame differs between Plotly and DevTools, meaning it

was necessary to evaluate each redraw event by measuring the time between a function

that is called only once per redraw operation. For the results described here, the function

o.prepareFn was used. Figure 3.6 displays a bar chart of the average frame rendering

times, while Table 3.1 tabulates this data, alongside the number of data points recorded

and the standard deviation, σ. All timing results are given in milliseconds.

As can be seen from the data, the time domain and FFT plots render at almost

their set timer periods of 50 ms (20 FPS) and 300 ms (3.3 FPS) respectively. However,
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Figure 3.6: Average rendering time for each observation point (OP) and plot type. Dashed
lines represent the target frame rates.

the constellation plot performance is largely dependent on the number of data points

per plot, due to time being represented as opacity rather than an axis, causing more

data points to be redrawn each frame. Furthermore, compared to the other OPs, the

time domain plotting rate of OP7 is higher due to additional pre-processing required to

recover and classify the bits as I and Q values, slowing performance down to an average

of around 13 FPS.

Interestingly, there appears to be very little difference between the software and

hardware implementations of the FFT in terms of plotting performance. This indicates

that either a larger FFT could be used or a higher frame rate could be achieved. Although

the hardware implementation of the FFT would always achieve better performance, due

to the reduced amount of computation needed to plot the data in the frequency domain,

these results show that, for the purposes of the demonstrator, adequate performance can

be achieved with a software implementation. This potentially allows FPGA resources

to be freed if required to implement other hardware functions. With that said, if more
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Table 3.1: Rendering periods for each plot type and Observation Point (OP)

Time domain FFT Constellation

OP Points Avg (ms) σ (ms) Points Avg (ms) σ (ms) Points Avg (ms) σ (ms)

Transmitter
OP1 128 51 25.7 — — — — — —
OP2 1024 54 20.2 — — — — — —
OP3 — — — 1024 303 95.7 — — —

Receiver
OP4 1024 54 24.3 1024 281 72.4 1024 225 61.0
OP5 1024 52 22.5 1024 300 1.7 1024 213 31.5
OP6 4096 53 19.1 4096 279 77.0 4096 679 56.8
OP7 128 77 27.3 — — — 128 52 22.6

PS processing power is needed for other functionality, then additional hardware FFTs

could be used instead.

It was found that plotting performance was more than sufficient for human-eye

debugging. While the data rate used in this demonstrator is relatively low, it has been

shown in subsequent work that the visualisation performance can be maintained at

much higher data rates, up to the maximum of the RFSoC [176]. This validates the

use of the PS on the RFSoC for this purpose instead of requiring expensive external

equipment.

PS to PL Latency

Another important metric is the latency between PS and PL when performing the

control functionality. This was measured with the use of timeit, a built-in function

within Python that runs selected code over a large number of iterations and outputs

the average execution time. Using this method it was found that configuring the centre

frequency of a given RF-DC, performed by a CFFI function call from Python to the

C driver, took on average 4.23 ms. In contrast, the MMIO writes to the CPs within

the transceiver design on the FPGA took only an average of 11.5 µs, two orders of

magnitude faster than the CFFI call. This is an encouraging result due to the fact

that PYNQ’s MMIO module is written entirely in Python, an interpreted language

not known for its speed. Therefore, if the full register map for the RF-DCs was ever

76



Chapter 3. SDR System Design on RFSoC Devices

released by AMD, it would be possible to develop a much faster driver for the data

converters, written in Python, by interacting with the MMIO directly.

Processing System Memory and Central Processing Unit (CPU) Usage

It is also worth considering how the PS performs during operation in terms of memory

and CPU usage. As discussed in Chapter 2, the RFSoC contains a quad-core Arm

Cortex A53 processor, running at a maximum clock speed of 1.3 GHz. Figure 3.7 shows

a trace of the 4 GB of PS RAM and each of the CPU cores.
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Figure 3.7: Memory and CPU usage of the Arm Cortex A53 on the RFSoC while loading the
transceiver design (before 30s), and generating and streaming the live-update plots (after 30s).

At 0 seconds the system is idle, using 9% of RAM and very little CPU activity. These

resources are used to run the Ubuntu OS, Jupyter, and a variety of other background

processes used by PYNQ—constituting the baseline.

From 0 to 30 seconds the transceiver is initialised, generating the time domain plots

for OP1, OP2, and OP4. As can be seen from the data, the memory usage only increases

slightly, reaching a maximum of 13%. This is achieved by reusing the same DMA buffer

for each of the OPs, rather than relying on the periodic garbage collection performed

by Python. Additionally, a single CPU core is at maximum utilisation for most of this
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time period. It is important to note that this is not necessarily due to the amount

of processing that is actually occurring on the PS. The CPython interpreter, used by

Jupyter, does not run code concurrently, even for multi-threaded programs [184].

However, due to the implementation of the DMA software there is a blocking wait

period between each DMA transaction, causing the CPU core to idle at full capacity.

This could be mitigated by instead using interrupts, allowing other processes to occur

in between the DMA transaction wait periods.

After 30 seconds the time domain plot for OP4 is generated, set to run at 50 ms

intervals. It can be seen from the data that CPU 2 is now capped at around 80%, due

to the blocking process of the DMA. The reason it is not at 100%, as with the previous

plots, is due to the reduction in data rate. Only 33 ms of samples are requested for

every 50 ms interval, leaving the CPU idle in between these periods.

These results show that the PS of the RFSoC is more than capable of performing

the tasks required of the transceiver described in this chapter, including multiple

data visualisation functions that would typically be performed off-chip on specialised

equipment. While there are many optimisations that could be made to the code written

for this project, these initial software results are encouraging for the use of the RFSoC

for reconfigurable SDR applications.

3.6.4 Hardware Performance

Table 3.2 shows the FPGA resource utilisation for the complete transceiver design. It

was found that a significant portion of logic resources were used by the productivity

components of the design, with approximiately 2% of the total LUTs and 4% of total

DSPs used by the DMAs for the OPs.

While in low-power devices, such as the Artix-7 series, this overhead might be

significant, in the RFSoC this usage is negligible. This demonstrates that by trading

a small percentage of FPGA resources, the design methodology presented in this

chapter can provide significant productivity benefits. This modest usage leaves a large

amount of resources available for implementing multiple instances of the transceiver

78



Chapter 3. SDR System Design on RFSoC Devices

(for a multi-channel design), or additional transceivers that serve different modulation

schemes.

Table 3.2: FPGA resource utilisation of the transceiver on the XCZU28DR RFSoC.

LUTs BRAMs DSPs MMCM PLL

Transmitter 14602 (3.43%) 43.5 (4.03%) 134 (3.14%) 0 (0%) 1 (6.25%)

Receiver 18433 (4.33%) 31.5 (2.92%) 79 (1.85%) 1 (12.5%) 0 (0%)

RF-DCs 2460 (0.58%) 0 (0%) 0 (0%) 0 (0%) 0 (0%)

Total 35630 (8.38%) 75 (6.94%) 213 (4.99%) 1 (12.5%) 1 (6.25%)

3.7 Concluding Remarks

This chapter has presented a design methodology for the development of SDR systems

on the RFSoC, with a focus on productivity.

To evaluate this methodology, a fully functional, reconfigurable RF transceiver

for the RFSoC, incorporating both control and visualisation on a single device was

implemented. The design made use of the PS, PL, and RF-DCs to develop a working

SDR system, where the RF components can be reconfigured and data inspected along

the signal path on-the-fly, eliminating the need for external equipment such as spectrum

analysers or oscilloscopes. The transceiver was developed using Model Composer for

the HDL IP cores, while the software was built around the PYNQ framework, marking

the first publication to use PYNQ for RFSoC system design.

The transmitter and receiver chains were implemented using different IP design

strategies—monolithic and modular, respectively—which helped to highlight the impact

of design methodology on software development. In particular, the modular approach

resulted in cleaner and more maintainable driver code, demonstrating the benefits of

this design approach for IP development.

Performance results show that Python, while not as efficient as a system-level

language such as C, is still capable of meeting the requirements of this design. The

use of standard Python libraries, such as Plotly and ipywidgets, for visualisation and

control within the Jupyter environment provided a user-friendly interface and shorter
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development time compared to traditional methods. The plotting achieved updates

at around 20 FPS for time domain plots, which is fast enough for most prototyping

and debugging tasks. The difference between software and hardware FFTs was smaller

than expected, suggesting that software-based visualisation may be sufficient for many

applications. Additionally, resource utilisation results demonstrate that the productivity

overhead is negligible relative to the available resources on the RFSoC.

Finally, this work has helped to establish PYNQ as a viable framework for SDR

development on the RFSoC, and has since been used in a number of publications and

projects. It shows that full-stack SDR systems can be prototyped and tested on a single

device without the need for external equipment, and that publishing these designs as

open-source encourages collaboration and further work in the field. This has proven

useful not just for SDR, but also in other areas, such as radio astronomy [185] and

quantum computing [186].
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A Run-time Reconfigurable

Frequency Planning Tool for

RF-Sampling Radio Devices

4.1 Chapter Overview and Contributions

Traditionally, frequency planning is performed offline, using a combination of simulation

and hardware testing to determine suitable parameters for a given system. In dynamic

systems, this process must instead be performed in real-time, with parameters updated

during run-time in response to changing conditions. As established in Chapter 2, existing

frequency planning tools remain limited to offline analysis and manual use, and do not

provide direct support for real-time operation in reconfigurable radio systems.

This chapter presents Spur Planning, Evaluation, and Configuration Tool for RF-

sampling dEvices (SPECTRE): a scriptable frequency planning tool for RFSoC devices

that supports run-time selection of spur-free configurations that can be applied directly

on the device for bandlimited signals. The tool is designed to be callable from a

higher-level radio control process, such as the reconfiguration phase of a cognitive radio

cycle. Building on the theoretical background and problem formulation established in

Chapter 2, this chapter focuses on the implementation of SPECTRE and its use as a

practical component within a reconfigurable RF system. SPECTRE is then used to
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evaluate a small set of simple search strategies for real-time frequency planning, with

the results used to provide guidance on algorithm choice and show practical limitations.

The emphasis of this chapter is to establish feasibility and suitability of SPECTRE

under real-time constraints, rather than on identifying optimal search methods. In

summary, the main contributions of this work are as follows:

• A feasibility-driven demonstration that frequency planning for RF-sampling devices

can be performed at run-time on RFSoC hardware, making it suitable for use in

cognitive radio applications operating under real-time constraints.

• The design and implementation of a scriptable frequency planning tool for RFSoC

devices, allowing frequency planning to be integrated into autonomous radio

control processes.

• A comparative evaluation of simple brute-force search strategies, used to as-

sess which classes of algorithms demonstrate execution time and deterministic

properties compatible with real-time operation.

All data underpinning the work in this chapter are openly available from the

University of Strathclyde KnowledgeBase at [187].

4.2 Frequency Planner Tool Implementation

The task of creating an automated frequency planning tool for RF-sampling devices

can be framed as a search problem over a large combinatorial space. Based on the

theoretical background given in Chapter 2, given a centre frequency, fc, and signal

bandwidth, BW , the objective is to identify a valid sample rate, fs and associated PLL

frequency that produce a valid frequency plan. This requires searching a large, discrete

parameter space of possible sample rates and derived PLL frequencies, while satisfying

various design constraints, such as:

• Spurious-free operation: Ensuring no significant spurs overlap with the signal of

interest defined by fc and BW .
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• Bandwidth constraints: Ensuring the sample rate is sufficiently high for the

specified bandwidth.

• Device constraints: Hardware-specific limitations, such as PLL frequency and

sample rate ranges.

The design and architecture of SPECTRE addresses this challenge through constraint-

based pruning and simple, sequential search strategies.

4.2.1 Design and Architecture

The initial design of the frequency planning tool was a fully-operational, GUI-driven

Python-based application, released as an open-source project. The tool allows users to

input system parameters and generate a graphical representation of the frequency plan,

similar to many of the existing offline frequency planning tools discussed in Chapter 2.

This earlier implementation comprised three components: a calculation engine for

frequency and spur analyses, a user interface providing interactive parameter exploration,

and an application layer integrating both calculation and interface components. The

source code for this earlier implementation is freely available online, allowing the reader

to inspect, use, or modify it as needed [188].

The newly developed tool, SPECTRE, builds upon this earlier design, reusing and

extending the calculation module. It comprises three additional functional components:

PLL frequency generation, an automated search module, and integration with the

RFSoC. The search module controls the overall process, selecting candidate sample

rates and PLL frequencies and invoking the calculation and PLL generation modules as

needed to evaluate each configuration.

The inputs and outputs of each component are summarised as follows:

• The calculation module takes as input a signal centre frequency, bandwidth, and

a selected set of spur mechanisms, and produces as output a frequency plan

consisting of the signal band and the corresponding spur frequency ranges.

83



Chapter 4. A Run-time Reconfigurable Frequency Planning Tool for RF-Sampling Radio
Devices

• The PLL frequency generation module takes as input a candidate sample rate

and the target device configuration, and produces as output a list of valid PLL

frequencies that are compatible with that sample rate.

• The automated search module takes as input the user-defined signal parameters

and device constraints, and produces as output either a valid pair of sample rate

and PLL frequency, or an indication that no valid configuration exists.

• Finally, the RFSoC integration module takes the selected sample rate and PLL

frequency and applies them directly to the hardware.

Each of these components are detailed in the following subsections. Additionally,

complete code listings for these modules are available at [187].

Calculation Module

This module performs the spur calculations using the equations introduced in Chapter 2

Section 2.3.2. Inputs to this module include the centre frequency, bandwidth and the

selection of spur types, while the output is the associated frequency plan containing the

signal of interest and the user-specified spurs.

PLL Frequency Generation

This module automatically generates a valid set of PLL frequencies based on the

user-defined sample rate, and device configuration. It replicates and extends the logic

described in the RFSoC RF-DC documentation and the original xrfdc driver [168,183].

As discussed in Chapter 2, the PLL frequency of the RFSoC must be some fraction

of the sample rate such that

fs =
fpll
R

N

D
, (4.1)

where fs is the sample rate, fpll is the PLL frequency, R is the input reference clock

divider, N is the feedback divider, andD is the output sample clock divider. Rearranging

this equation to determine a valid value for fpll gives
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fpll =
fsRD

N
. (4.2)

Each divider has a subset of valid values that are device dependent. Therefore, to

generate a valid set of PLL frequencies, the module iterates through all valid combinations

of R, N , and D. The exact numeric limits and allowed values are taken from the device

datasheet and driver [168,183].

By only generating PLL frequencies that are valid for the given input parameters,

this ensures that the search module only evaluates valid configurations, reducing the

search space and improving efficiency.

Automated Search Module

This module receives the user-defined centre frequency and bandwidth, generates the

corresponding list of candidate sample rates, prunes and randomises the list, then

iteratively tests each sample rate against the generated PLL frequencies. In this context,

a candidate sample rate simply refers to a valid sampling frequency within the limits

supported by the target device and the signal of interest.

Pruning removes values that are unsuitable based on known constraints. At the

sample-rate stage, candidate values are restricted to the range supported by the target

device and must exceed the signal centre frequency, ensuring that the signal lies within

the first two Nyquist zones. At the PLL stage, additional pruning is applied by discarding

PLL frequencies that lie within a fixed threshold of the signal centre frequency, as these

configurations are known to produce undesirable mixing products. The default threshold

is set to 1 MHz, but this can be adjusted by the user as needed.

As this version of the tool is primarily focused on demonstrating feasibility, the

search proceeds sequentially through the resulting list in a brute-force manner, and

terminates as soon as a valid configuration is identified. The search includes a randomise

option that, when enabled, shuffles the order in which the sample rates are tested.

Randomisation is included as an alternative ordering of the candidate lists, rather than

a change to the underlying search procedure.
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For each candidate sample rate and PLL frequency, the module generates a frequency

plan using the calculation module, and checks for any spurs that overlap with the signal

of interest using the following logic:

(Smin < Pmax) ∧ (Smax > Pmin), (4.3)

where Smin and Smax are the minimum and maximum frequencies of the signal of

interest, Pmin and Pmax are the minimum and maximum frequencies of the spur, and ∧

represents the logical AND operation.

The following steps describe the search process at a high level and are intended to

help relate the text to the flowchart shown in Figure 4.1. The goal of the algorithm is

simply to find any configuration that meets the spur-free requirements, rather than to

compare or rank multiple possible solutions.

1. Initialise the frequency planner with the user-defined signal centre frequency,

bandwidth, and spur types to check for in-band interference. Generate a list of

valid sample rates for the given inputs, then prune and randomise this list.

2. Select the next sample rate from the list and update the frequency planner model

to reflect this choice, generating the corresponding signal band and sample-rate-

dependent spurs.

3. Evaluate whether the current sample rate provides a valid frequency plan based

on input specifications using the calculation module. If valid, generate a list of

compatible PLL frequencies. If invalid, return to step 2 and select the next sample

rate.

4. Select the next PLL frequency from the list and generate the corresponding

frequency plan.

5. Evaluate whether the current PLL frequency provides a valid frequency plan. If

valid, return the sample rate and PLL frequency as the solution. If invalid, return

to step 4 and select the next PLL frequency. If all PLL frequencies have been
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exhausted, return to step 2 and select the next sample rate. If all sample rates

have been exhausted, return an error indicating no valid solution exists.

Figure 4.1 provides a visual overview of this process. The initialisation block

corresponds to the setup described in Step 1. The decision point labelled “Valid

fs?” reflects the sample-rate evaluation in Step 3, where spurs associated with the

current sample rate are checked against the signal band. The subsequent loop over

PLL frequencies corresponds to Steps 4 and 5, with the “Valid PLL Freq?” decision

representing the evaluation of PLL-dependent spurs. The loop-back paths in the figure

indicate the cases where a candidate sample rate or PLL frequency is rejected and the

search continues with the next available option.

The search terminates successfully as soon as a sample rate and PLL frequency are

found for which no in-band spur overlap is detected. If all candidate PLL frequencies are

rejected for a given sample rate, the algorithm proceeds to the next available sample rate.

If all candidate sample rates are exhausted without identifying a valid configuration, the

algorithm terminates and reports that no feasible solution exists for the given inputs.

For completeness, a formal algorithmic description defining the variables and control

flow of the search procedure is provided in Appendix C.

Initialise
Generate
Freq. Plan

Valid fs?
Generate PLL

Freq. Plan
Valid

PLL Freq?

PLL List
Exhausted?

fs List
Exhausted?

Success

Failure

Yes

No

Yes

No

Yes

No

No
Yes

Figure 4.1: Flowchart of the sequential search algorithm through candidate sample rates and
PLL frequencies to identify a valid frequency plan.

RFSoC Integration

Once the search algorithm identifies a valid sample rate and PLL frequency, this module

can directly reconfigure the RF data converters on the RFSoC device. This capability
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enables practical, real-time reconfiguration of the hardware, suitable for automated

real-time applications.

This module utilises the PYNQ framework for RF-DC control, including the xrfdc

and xrfclk drivers [50]. In particular, the xrfdc driver is used to reconfigure the RF-DCs

with the new sample rate and PLL frequency, while the xrfclk driver is used to set the

reference clock.

4.3 Results

This section presents the results of a series of experiments designed to evaluate SPECTRE

using metrics relevant to its intended use in CR systems. This includes the ability to

find valid spur-free configurations under changing constraints, and the execution time

and predictability of the tool when run on representative hardware.

The results in this chapter are presented without a direct comparison to existing

state-of-the-art frequency planning methods, as described in Section 2.3.4. Existing

frequency planning tools from device vendors are designed for offline, manual analysis

and do not support scripted or autonomous operation. Academic approaches reported

in the literature focus on narrower problem settings, such as single-tone signals or

transmitter-only architectures, and typically evaluate performance using signal quality

metrics, such as SFDR and SNR, at a single fixed configuration. These approaches do

not address repeated reconfiguration, execution time, or suitability for use inside an

autonomous control loop, as described in Chapter 2 Section 2.3.4, which is the intended

use case for SPECTRE.

The experiments were conducted across thousands of test cases with varying centre

frequencies, bandwidths, and spur constraints. For each test case, the frequency planner

searched for a valid combination of sample rate and PLL frequency that would provide

a spur-free signal. The chosen device for these experiments was the XCZU48DR, which

determined the available sample rates and PLL frequencies.

To evaluate how the performance of SPECTRE varied as spectral constraints changed,

three different spur tiers were defined, each representing a different level of spectrum

complexity:

88



Chapter 4. A Run-time Reconfigurable Frequency Planning Tool for RF-Sampling Radio
Devices

• Low Tier: Includes the most dominant spurs, such as second- and third-order

harmonics and primary interleaving spurs.

• Medium Tier: Extends the Low Tier by including additional higher-order harmon-

ics and all interleaving spurs.

• High Tier: Encompasses all known spur types, including interleaved harmonics.

Each tier represents a different level of constraint on SPECTRE. Lower tiers simplify

the search process but may result in spurs, not included in the search, overlapping with

the signal of interest, leading to lower SNR. The higher tiers, in contrast, consider a

wider range of spurs, making it less likely to find a valid configuration, particularly for

wideband signals.

Additionally, three different search space algorithms were evaluated. These algo-

rithms were selected to represent distinct ways of exploring a large, discrete search

space, rather than to identify an optimal search strategy. The aim was to assess fea-

sibility and practical trade-offs relevant to real-time operation, including whether an

exhaustive search is required, the execution time of the planner, and the predictability

of its behaviour. In this context, an exhaustive search is one that evaluates all valid

configurations in the defined search space, ensuring that a valid solution will be found if

one exists.

• Ordered Search: An exhaustive search that evaluates all valid configurations in

a fixed, ascending order, terminating as soon as a valid solution is found or the

search space is exhausted.

• Random Search: An exhaustive search in which all valid configurations are

evaluated exactly once, but in a randomised order. The search terminates when a

valid solution is found or all configurations have been evaluated.

• Coarse Grid Search: A non-exhaustive search that evaluates a uniformly subsam-

pled grid of the parameter space. This reduces the number of evaluations but may

miss valid configurations that lie between grid points.
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These algorithms were chosen to examine different aspects of the frequency plan-

ning problem. Ordered search provides a baseline, establishing the upper bound for

computational effort. Random search remains exhaustive, while removing ordering bias,

allowing the effect of randomisation on execution time and variability to be examined.

Coarse grid search is a pragmatic approach aimed at reducing execution time, making

it suitable for assessing whether a fast, non-exhaustive strategy can provide acceptable

solutions for real-time operation.

Together, these experiments characterise the trade-offs between completeness, ex-

ecution time, and predictability across system constraints and different algorithmic

approaches.

All data collected during these experiments, along with the code used to generate

the results, has been made publicly available at the University of Strathclyde’s online

repository for reproducibility and further research purposes [187].

4.3.1 Frequency Plan Success and Failure Rates

This first set of experiments focused on the more general success and failure rates of

SPECTRE across all spur tiers and a wide range of bandwidths. This analysis was

necessary to establish a baseline understanding of SPECTRE’s performance before

evaluating the performance of the different search algorithms. Therefore, to gather these

results, the exhaustive ordered search algorithm was used. This ensured that if a valid

solution existed, it would be found.

Success Rate by Bandwidth and Spur Tier

This first experiment measured the success rate of finding a valid frequency plan for

each spur tier across different bandwidths, from 10 MHz to 100 MHz in increments of

10 MHz. Each bandwidth was tested with a range of centre frequencies, from 1 GHz to

5 GHz in increments of 10 MHz, resulting in 400 centre frequencies tested per bandwidth

per tier.

Figure 4.2 shows the success rate of each tier as a function of bandwidth. Each bar

shows the contribution of a given tier to the total number of successful frequency plans
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found. The results show that for bandwidths up to 70 MHz, all tiers achieved a 100%

success rate, indicating that, across these bandwidths, there is always a configuration

that will result in a spur-free signal.
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Figure 4.2: Success rates of frequency plans by bandwidth.

However, the high tier success rate begins to drop as the bandwidth passes 70 MHz.

This is an expected result and reflects the increased number of spurs considered in the

high tier. As more spurs are added, the probability that one will overlap with the signal

of interest increases, particularly for wideband signals.

This highlights an important trade-off in system design. While reducing the number

of considered spurs increases the likelihood of finding a valid frequency plan, particularly

for wideband signals, this may result in reduced signal quality. Although spurs considered

in the high tier are typically lower in amplitude, they can still introduce a measurable

drop in SNR if they overlap with the signal of interest. For RF systems with stringent

SNR requirements, this could result in an unacceptable drop in performance. Therefore,

for these types of systems, it may be necessary to reduce the bandwidth of the signal to

ensure spur-free operation.
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Distribution of Failures by Spur Type

To better understand which spurs were most likely to result in invalid frequency

plans, this experiment tracked the cause of each failure across a comprehensive sweep

of configurations. This included bandwidths from 10 MHz to 100 MHz and centre

frequencies from 1 GHz to 5 GHz.

Rather than simply counting the number of failures, the experiment tracked the

individual spur responsible for each configuration failure. This data was then aggregated

to identify the spurs that most frequently resulted in unsuccessful frequency plans.

Figure 4.3 shows the ten most frequently occurring spurs that caused invalid frequency

plans, sorted by overall percentage. The results show that the most problematic spurs

are the harmonics and the interleaving-related harmonics, accounting for over 70% of

all failures.

The fifth-order harmonic (HD5) is the most common cause of failure which, along

with HD3 and HD4, account for over a fifth of all failures. This is consistent with

expectations, as the bandwidth of the harmonics is proportional to the bandwidth of

the signal of interest, as discussed in Section 2.3.2, and therefore more likely to cause

in-band interference.

Several interleaving-related harmonic spurs also appear prominently in the results.

While these are typically much lower in amplitude than the main harmonics, and therefore

less likely to cause significant interference, for systems with high SNR requirements, as

discussed in the previous section, these spurs may still need to be considered.

4.3.2 Algorithm Performance

With a baseline understanding of SPECTRE, the next set of experiments focused

on evaluating the performance of the three search algorithms. The goal of these

experiments was to assess which algorithm was best suited for real-time applications

by measuring the success rate and computational efficiency of each algorithm under

different configurations.

Computational efficiency is defined here as the number of valid frequency plans

found (successes) divided by the total number of iterations required to find them, where
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Figure 4.3: Top spur types causing failures. HDn denotes the nth harmonic (nfin). All spurs
of the form fsx p/m hdn correspond to interleaving-related harmonic spurs. fs4 and fs8 indicate
sample-rate fractions (fs/4 and fs/8), while p/m denote additive or subtractive mixing. For
example, fs8 m hd2 represents a spur at fs/8− 2fin.

an iteration corresponds to the evaluation of a single candidate configuration. This

metric is dimensionless, with higher values indicating better performance.

Algorithm Efficiency by Spur Type

This experiment measured the computational efficiency of three search space algorithms—

ordered search, random search, and coarse grid search—across the three spur tiers.

The purpose of this analysis was to determine how each algorithm performed under

increasing signal quality requirements. In particular, the goal was to identify which

algorithms were most efficient at finding valid configurations, measured by the number

of candidate configurations evaluated before a valid solution was found, as the solution

space decreased with increasing spur complexity.

Figure 4.4 shows the mean efficiency of each algorithm within each spur tier. As

expected, efficiency decreases as spur complexity increases, reflecting the reduction in

solution space caused by the increased number of spurs. The results show that, for

all tiers, the random search algorithm consistently outperforms the others in terms of
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efficiency, particularly in the low and medium spur tiers where the solution space is

larger. The coarse grid algorithm is also shown to perform well, especially in the low

and medium spur tiers.
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Figure 4.4: Algorithm efficiency by spur tier.

The ordered search algorithm shows the lowest efficiency across all spur tiers. As

this algorithm checks configurations in ascending order, it can spend many iterations

inside regions of nearby sample rates that all produce invalid plans for a given input. In

contrast, the random search algorithm is less likely to stay confined to such regions, as

it samples configurations from across the entire solution space in a random order. One

potential solution to this is to reverse the order of the ordered search, starting with the

highest sample rates and working downwards. However, this would most likely always

result in a higher sample rate being selected, which may not be desirable in all cases,

particularly for power-constrained applications. This is left as an area for future work.

As the ordered search and random search algorithms are both exhaustive, they are

guaranteed to find a valid frequency plan if one exists. In contrast, the coarse grid

search algorithm is not guaranteed to find a valid solution, as it only searches a subset

of the solution space. Therefore, these results show that the random search algorithm is

the most efficient for finding a valid frequency plan.
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Success Rate for Each Algorithm by Bandwidth

This experiment measured how each search space algorithm responded to increasing

signal bandwidth, focusing on their ability to find valid solutions under growing spectrum

constraints. All three algorithms were tested across a range of bandwidths from 10 MHz

to 100 MHz in increments of 10 MHz, with a range of centre frequencies tested for

each bandwidth, from 1 GHz to 5 GHz in increments of 10 MHz. The goal was to

determine which algorithms were prone to failure as the solution space decreases with

the increasing bandwidth. All three spur tiers were tested and the results aggregated to

provide a general overview of algorithm performance.

Figure 4.5 shows the success rate of each algorithm as a function of bandwidth. As

also observed in Figure 4.2, the exhaustive search algorithms, random and ordered,

maintain a 100% success rate up to 80 MHz, followed by a sharp decline, reaching around

80% at 100 MHz bandwidth. As both the ordered and random search algorithms are

exhaustive, they guarantee that a valid solution will be found if one exists. Therefore,

any reduction in success rate is due to the absence of valid solutions, rather than a

failure of the algorithm itself.
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Figure 4.5: Success rate for each algorithm by bandwidth.
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In contrast, the coarse grid search algorithm shows a clear decline in performance

as bandwidth increases. Starting at around 40 MHz, the success rate begins to drop,

eventually falling below 70% at 100 MHz. This is due to the fact that the coarse grid

search only searches a subset of the solution space, and is more likely to miss valid

solutions as the bandwidth increases.

These results highlight the importance of using an exhaustive search in wideband

applications where valid configurations are sparse. They also show that increasing signal

bandwidth places a limit on the ability to find spur-free configurations. This implies

that systems requiring spur-free operation may need to operate within more restrictive

bandwidth limits.

Algorithm Computational Efficiency

The following two experiments measured the computational efficiency of the three

search space algorithms—random search, ordered search, and coarse grid search—across

approximately 12,000 test cases with varying centre frequencies, bandwidths, and spur

tier constraints. One focused on the number of iterations required to search the solution

space, while the other measured the total execution time to find a valid solution for

each algorithm.

The two separate experiments were performed for complementary reasons. First,

iteration count provides a hardware-independent measure of algorithm efficiency. Sec-

ond, execution time measurements determine the algorithm’s suitability for real-time

applications.

Iteration-Based Analysis

To evaluate the computational cost of each search algorithm, the number of iterations

required to find a valid configuration was recorded for both the sample rate and PLL

search phases. Iteration count is used as a proxy for computational effort because each

iteration follows the same sequence of checks, and differences between search algorithms

arise from how many such checks are required before a valid solution is found. This
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allows the algorithms to be compared in a way that is independent of implementation

details and execution platform.

Figure 4.6 shows two box plots comparing iteration distributions across the three

algorithms for both sample rate and PLL searches. The data is also summarised in

Table 4.1, which shows the mean, median, maximum, and standard deviation of iteration

counts for each algorithm.

To better understand these plots it is worth reviewing the box plot nomenclature.

Each box plot shows the distribution of iteration counts for each algorithm. The blue

box represents the interquartile range (IQR) and spans the 25th to 75th percentiles. Its

height is a direct measurement of variability. The vertical lines above the main box

extend to 1.5x the IQR, indicating where the bulk of the data lies beyond the middle

point. Finally, the dots represent outliers beyond this range, denoting rare cases that

deviate from the main distribution.
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Figure 4.6: Distribution of sample rate, PLL, and total iteration counts for each search
algorithm.

The results show that for sample rate iterations, the ordered search algorithm

exhibits the highest and most variable number, consistent with its sequential search

approach. In contrast, the random search and coarse grid search algorithms show much

tighter main distributions. Although the random algorithm displays the lowest median,

its standard deviation is almost 200x compared to the coarse grid search.
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Table 4.1: Summary of fs and PLL iterations required by each algorithm.

Algorithm Mean Median Max Std

fs Iterations

Coarse Grid Search 4.5 3.0 11 3.3

Random Search 116.5 1.0 3999 593.9

Ordered Search 515.7 59.0 3999 982.7

PLL Iterations

Coarse Grid Search 1.0 1.0 8 0.7

Random Search 1.0 1.0 9 0.4

Ordered Search 6.1 1.0 66 12.7

In comparison, the PLL list iteration counts are orders of magnitude lower across all

search algorithms, with only modest variation for both random and coarse grid searches.

This suggests that the majority of computational cost is spent during the sample rate

search.

These results highlight not only the mean iteration count, but also the variance and

presence of outliers in the data. For real-time applications, deterministic behaviour is

as important as average performance. Therefore, the coarse grid search algorithm offers

the best overall performance, achieving both low average iteration count and greater

predictability.

Execution Time Analysis

While iteration count provides a hardware-agnostic measure of computational effort,

execution time reflects real-world performance. For each centre-frequency and bandwidth

configuration, execution time was measured for a single run of each search algorithm,

from the start of the search until either a valid frequency plan was found or the

candidate list was exhausted. Each reported timing therefore corresponds to one

complete frequency planner execution for a given configuration and algorithm. A sample

size of 1,230 configurations was taken for each algorithm, spanning centre frequencies

from 1,000 MHz to 5,000 MHz, signal bandwidths from 10 MHz to 100 MHz, and three

spur tiers.

Table 4.2 shows the mean, median, standard deviation, and maximum execution

times for each algorithm, run on the RFSoC4x2 development board. These results
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confirm the trend observed in the iteration analysis, that the ordered search algorithm is

the slowest and most inconsistent, with execution times taking over 34 seconds in some

cases. The random search algorithm performs better, but has high standard deviation.

The coarse grid search algorithm, in contrast, demonstrates both low execution times and

variance, with a mean execution time of 39.60 ms and a median of 21.09 ms—potentially

fast enough for real-time performance.

While the random search algorithm’s median is comparable to that of the coarse grid

search, its high variance suggests that it may not be suitable for real-time applications.

Overall, the ordered search and random search are, on average, 101x and 24x slower

than the coarse grid search algorithm, respectively.

Table 4.2: Summary of execution times for each search algorithm run on an RFSoC4x2
development board.

Algorithm Mean (ms) Median (ms) Max (ms) Std (ms)

Coarse Grid Search 39.60 21.09 182.69 37.27

Random Search 957.07 30.02 32858.20 7985.28

Ordered Search 4030.91 110.62 34829.90 4684.42

Additional results were obtained by running the same experiment on an AMD

Ryzen 9 7940HS x86-based CPU to act as a baseline for comparison. A summary of

these execution times are shown in Table 4.3.

Table 4.3: Summary of execution times for each search algorithm run on an AMD
Ryzen 9 7940HS CPU.

Algorithm Mean (ms) Median (ms) Max (ms) Std (ms)

Coarse Grid Search 2.28 1.33 12.49 2.11

Random Search 50.98 1.52 1710.53 244.75

Ordered Search 226.81 7.35 1977.36 445.46

These results show that all search algorithms perform better on the x86-based

CPU than on the RFSoC4x2 development board. The coarse grid search algorithm

is still the fastest, with a mean execution time of 2.28 ms and a median of 1.33 ms.

This is consistent with expectations, as the x86-based CPU has a significantly higher

clock speed and more powerful hardware than the Arm Cortex A53 available on the

RFSoC4x2—with max clocks speeds of 5.2 GHz and 1.2 GHz, respectively.
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The purpose of this comparison is to demonstrate that the performance of the

frequency planner tool is dependent on the underlying hardware and the implementation

of the algorithms. With further optimisation, it may be possible to achieve lower

execution times on the RFSoC itself. For example, the use of parallel processing or

hardware acceleration could be implemented, or a system programming language such

as C/C++ could be used to implement the algorithms, rather than Python. These

improvements could further reduce the execution time of the frequency planner tool,

making it more suitable for real-time applications.

4.3.3 Summary of Results

The results detailed in this section demonstrate that, while all three search algorithms are

capable of finding valid frequency plans, they differ significantly in terms of computational

cost and consistency. The ordered search, while exhaustive, exhibits poor efficiency and

highly variable performance. The random search improves efficiency but can still suffer

from unpredictable performance. The coarse grid search offers the most deterministic

performance, combining low execution times with predictable behaviour.

However, it is important to note that the coarse grid search algorithm is not

exhaustive and, as has been shown, may fail to find a valid solution even when one

exists, especially at higher bandwidths. Therefore, for the best performance, a hybrid

approach may be more appropriate, where a coarse grid search is first attempted for

speed, falling back to an exhaustive random search only if required. This approach

would provide fast operation in most cases, while still ensuring that a valid solution is

found if one exists.

4.4 Concluding Remarks

This chapter presented the design, implementation, and evaluation of a run-time

reconfigurable frequency planning tool for RF-sampling devices, focusing on deployment

within autonomous, real-time radio applications.
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First, a novel frequency planning tool, SPECTRE, was introduced, capable of

identifying valid sample rate and PLL frequency configurations for arbitrary signal

centre frequencies and bandwidths. The tool was then shown to be integrated into the

RFSoC, allowing it to reconfigure the RF data converters based on the input and output

settings.

To evaluate the performance of the planner, a set of experiments were conducted,

focusing on the performance of the planner for real-time applications. The results

evaluated the tool’s success rates across different spur tiers and signal bandwidths

and identified the most common spurs that cause in-band interference. Additionally,

the computational efficiency of three simple search algorithms was assessed—ordered,

random, and coarse grid searches—using both iteration counts and execution time to

evaluate performance.

These results revealed two key trade-offs. First, the most common spurs that cause in-

band interference were the harmonics, with lower-amplitude interleaving spur harmonics

also appearing frequently—appearing in the low and high spur tiers, respectively. The

results showed that while including all spurs in frequency planning ensures spectral

integrity, it reduces the likelihood of finding a valid frequency plan, especially for

wideband signals. This suggests that for RF systems with stringent SNR requirements,

it may be necessary to reduce the bandwidth of the signal to ensure that a spur-free

configuration can be found. Second, the random search algorithm demonstrated the

most efficient performance between success rate and iteration count, but exhibits high

mean and variance in execution time. In contrast, the coarse grid search algorithm

demonstrated the fastest execution time and lowest mean and variance. However, unlike

the random search, it is not exhaustive and may miss valid solutions.

Based on these results, future work could explore the performance benefits of a

hybrid approach, where a coarse grid search is first attempted, followed by an exhaustive

random search if a valid configuration is not found.

While the current tool demonstrates strong performance and flexibility, several

additional areas remain open for further investigation. This includes the evaluation of

alternative search algorithms that could achieve faster and more deterministic results.
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Additionally, much of the code written for this proof-of-concept design could be optimised

to improve performance. With that said, the current implementation shows promising

execution times, even on the resource-constrained RFSoC, with median and maximum

values below 22 ms and 185 ms, respectively. The former of these meets the requirements

for real-time CR applications as set out in Chapter 1, while the latter still requires some

improvement.
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Chapter 5

A Natively Fixed-Point Run-time

Reconfigurable FIR Filter Design

Method for FPGA Hardware

5.1 Chapter Overview and Contributions

In Chapter 3 a method of designing reconfigurable SDR systems on RFSoC devices was

discussed where, with the use of software drivers, various parameters of the RF-DCs

could be controlled, and the results viewed using hardware-based introspection. In that

chapter, the radio transceiver design developed was fixed in hardware, meaning that its

parameters could not be changed at run-time (with the exception of the gain control at

the end of the transmit path). As discussed in Chapter 2 the goal of SDR is to develop a

radio in which some, or all, of its parameters can be reconfigured at run-time. Therefore,

this chapter presents a novel, natively fixed-point filter design method for FPGA-based

RFIR filters. Based on a hybrid between the window and frequency sampling filter

design methods, it allows FPGA-based RFIRs to be reconfigured at run-time, directly

on the FPGA.

The work in this chapter is based on an original contribution published in the

IEEE Open Journal of Circuits and Systems [55], where the original hardware was

developed for Zynq devices. To align it with the objectives of this thesis, the algorithm

103



Chapter 5. A Natively Fixed-Point Run-time Reconfigurable FIR Filter Design Method for
FPGA Hardware

implementation from Section 5.2 and the results discussed in Section 5.4 have been

updated for deployment on the RFSoC.

In summary, the main contributions of this work are as follows:

• An FPGA-based Filter Designer, capable of generating deterministic, fixed-point,

linear-phase filter coefficients and frequency responses; suitable for SDR applica-

tions.

• A filter design and reconfiguration algorithm that is capable of execution times of

2.52 µs and transition bandwidths less than 1% of the sample rate; suitable for

applications with very low latency requirements.

• To the best of this author’s knowledge, the only natively fixed-point filter design

method developed specifically for FPGA hardware.

This chapter presents a novel fixed-point FIR filter design method based on this

hybrid approach that operates entirely on the FPGA, removing the need for external

processors or memory to generate coefficients. This method computes coefficients

deterministically, at run-time, with reconfiguration times fast enough to be suitable for

real-time operation.

5.2 A Hybrid Approach to Filter Design for FPGA Imple-

mentation

In Chapter 2 Section 2.4 various filter design techniques were evaluated for their

suitability for FPGA implementation compared against three conditions: the ability to

produce arbitrary and deterministic frequency responses; suitability for FPGA hardware;

and deterministic execution time. While the window and frequency sampling methods

were found not to be suitable on their own, in practice it is possible to combine them to

create a filter design technique that can satisfy all three conditions, enabling it to be

implemented on FPGAs. In this work, this combination of the two methods has been

named a hybrid approach, although in some literature it is referred to as the Fourier

series method [189].
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Starting with the frequency sampling method, Hd(ωk) is sampled at equally spaced

frequencies of length, NFFT , where log2(NFFT ) is an integer, and is symmetric around

NFFT /2, making the filter have linear phase response. The Inverse Fast Fourier

Transform (IFFT) is used to compute the time domain coefficients, then truncated

to the desired filter length, N . Finally, the coefficients are multiplied with a window

function, of length N , to create the desired filter.

This hybrid approach alleviates the problems each technique has for FPGA im-

plementation. Firstly, because the filter response is now determined in the frequency

domain, any arbitrary response can be easily computed where, in the case of a low-pass

filter, the sinc function can be written in the form

rect(
ωk

2ωc
) =

 0 ωc/2 < ωk < ωs − ωc/2,

1 otherwise.
(5.1)

Secondly, the use of windowing can both smooth the undesirable filter effects caused

by the sharp discontinuities in the transition band, allowing for deterministic filter

responses, and enable the filter to be truncated to an odd-symmetric length, enabling

Type I filters to be produced. Finally, if the filter length, N , is fixed at compile-time,

deterministic execution times can be achieved.

This allows the required mathematical operations for the entire algorithm to be

reduced to additions, multiplications, and the IFFT algorithm—all suitable for imple-

mentation on FPGAs—demonstrating that this hybrid filter design technique is able to

satisfy all three conditions.

5.3 Hardware Design

In the original paper [55] this chapter is based on, the Filter Designer was developed for

the PYNQ-Z2 development board, which contains the XC7Z020—a mid-range device

within AMD’s Zynq SoC family of devices. For the purposes of this thesis the hardware

and software design have been adapted for the RFSoC4x2 development board containing

a third generation RFSoC device, the XCZU48DR. The results given at the end of this

chapter are based on this new, RFSoC-targeted work.
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This section describes how using the design methodology introduced in Chapter 3,

the Filter Designer algorithm was translated to a Model Composer IP, then incorporated

into a larger test environment on the RFSoC using Vivado and the PYNQ framework.

5.3.1 IP Design

The Filter Designer algorithm described in the previous section can be broken down

into six steps:

1. Calculate frequency response.

2. Generate frequency response.

3. Perform Inverse FFT.

4. Truncate filter to N samples.

5. Perform window operation.

6. Reconfigure RFIR.

The diagram in Figure 5.1 shows a simplified system-level block diagram of the

algorithm, which was developed using Model Composer, showing each of the steps. The

rest of this section describes each of these blocks in detail.

Generate Freq.
Response

Inverse
FFT

Calculate Freq.
Response

Truncate
Filter

Window AXI-Stream
Control

reload

config11
11
1trigger

nhighs

nlows

start
rout

valid

1
14
1

data

valid 1

b

1

bdata

valid

data

valid 1

b0
10fc

Figure 5.1: Simplified block diagram of the Filter Designer. b is the number of bits dependent
on system configuration. bo is the number of bits constrained at compile-time by the user.

Calculating the Desired Frequency Response

To calculate the desired frequency response of the low-pass filters, two values are required:

the cutoff frequency, fc; and the FFT length, NFFT . Because fc is a percentage of the

normalised sample rate and, at this stage in the algorithm, NFFT is the effective sample
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rate, the number of high samples (i.e., the 1 values from Equation 5.1) required for the

passband can be calculated as

nhighs = ∥fcNFFT ∥, (5.2)

where ∥∥ denotes rounding to the nearest integer.

As the desired filter is real only (i.e., the coefficients contain no imaginary compo-

nents), then the frequency response is required to be symmetrical around NFFT /2. This

means that the total number of high samples required for the entire frequency response

is ∥2fcNFFT − 1∥. The number of low samples (i.e., the 0 values from Equation 5.1)

required for the entire stopband can then be calculated as

nlows = NFFT − (2nhighs − 1). (5.3)

The FFT length, NFFT , is fixed at compile-time, while fc is taken as an input at

run-time. The value of fc is constrained to a fixed-point wordlength of 10 bits, all of

which are fractional. As the resolution of the fractional bits in fixed-point arithmetic is

2−b, the total resolution of the cutoff frequency is approximately 0.1% of the sample

rate.

Since the value of NFFT is always a power of two, Equations 5.2 and 5.3 can be

calculated with a single multiply and a series of shifts and adds—taking a total of three

clock cycles to complete. The output of this step is constrained to an 11-bit wordlength,

chosen empirically as the minimum wordlength that consistently produced the best

filter performance across a range of cutoff frequencies and FFT lengths.

Generating the Desired Frequency Response

An FSM is used to generate the correct frequency response, containing five states: IDLE,

SoF, HIGHS, LOWS, and WAIT. The FSM has three inputs, nhighs and nlows from the

previous stage, and a trigger, Trig, which pulses high for one clock cycle when the value

of fc changes; and three outputs, Start, rout, and Valid.
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When Trig goes high, the SoF state is entered, outputting the start of frame signal

required by the IFFT IP as well as the initial data and valid signals—automatically

moving into the HIGHS state after one clock cycle. The HIGHS and LOWS states are

controlled by an internal counter that outputs the appropriate number of high and

low samples, as well as the valid signal. After the LOWS state has finished, a status

flag is set and the HIGHS state is entered again to output the remaining high values in

order to make the frequency response symmetrical. The HIGHS state exits to the WAIT

state when the status flag is set. The WAIT state is used to ensure that the trigger has

reset before generating a new frequency response, moving to the IDLE state when this

condition has been satisfied. Once entered, the IDLE state resets all counters and flags

and awaits the next trigger event.

A state diagram of the frequency response generator FSM is shown in Figure 5.2,

while an example output of the FSM is shown in Figure 5.3. The output of this step is

constrained to a 14-bit wordlength.

Inverse FFT

The next step in the algorithm is the inverse FFT, which transforms the filter frequency

response into the time domain impulse response. This is performed by the LogiCORE

Fast Fourier Transform v9.1 IP block, which is distributed by AMD and available in

Model Composer. While this step can be performed by any FPGA-based FFT algorithm,

the LogiCORE IP was chosen as it is designed and optimised specifically for AMD

FPGAs.

The FFT IP block follows the AXI-Stream standard, requiring tdata, tvalid, and tlast

input signals; while providing the same signals on the output. The input tlast signal is

used to signify the end of an FFT frame, in this case provided by a size NFFT -delayed

version of Start from the previous stage. The FFT IP is the primary source of latency

in the signal path and is directly proportional to the size of NFFT .

As the signal from the previous stage is entirely real and symmetrical the imaginary

inputs and outputs can be ignored. It should be noted that, because of quantisation

errors, there will be a low amplitude signal present in the imaginary output port. The
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Status = 0
Start = 0

rout = 0
Valid = 0

IDLE

Start = 1
rout = 1

Valid = 1

SoF

Start = 0
rout = 1

Valid = 1

HIGHS

Status = 1
Start = 0

rout = 0
Valid = 1

LOWS

Start = 0
rout = 0

Valid = 0

WAIT

Count < nhighs

Count < nlows

Trig == 0

Trig == 1

Status == 0

Status == 1

Figure 5.2: State diagram for the frequency response generator FSM.

output wordlength of this step is left unconstrained and is dependent on both the size

of NFFT and the FFT IP configuration. For example, using the default IP settings, and

with NFFT=1024, the output wordlength is 25 bits.

Truncating to an N-tap Filter

The NFFT -length impulse response output by the FFT is stored in a single-port RAM,

implemented using BRAM. As the FFT IP outputs the samples in a bit-reversed order,

the samples are first stored in the natural order before being truncated. Bit reversal

simply means that the bits representing the indices of the samples are reversed—not

the samples themselves. For example, for an 8-length FFT, each sample index can be

represented by 3 bits (23 = 8). In bit-reversed order, the first sample out of the FFT

(sample 0012) is actually the fourth sample (sample 1002); the second sample (0102)
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A
m
pl
itu
de

NFFT

nhighs nlows nhighs-1

rout

Figure 5.3: Example output, rout, of the frequency response generator FSM.

remains the second sample; the third sample (0112) is actually the sixth sample (1102);

and so on.

A ROM containing the bit-reversed indexes, and attached to the address line of the

RAM, is used to write each sample of the FFT output to the correct (natural order)

memory address. This process allows the N -length filter to be more easily retrieved

from the RAM. It should be noted that, while the LogiCORE FFT IP does allow for

the sample indexes to be output in the natural order, it was found during development

that it added much more latency to the output than the method described above.

As Type I filters are symmetrical around their centre tap, only M = (N + 1)/2

coefficients are required to accurately replicate them. The M filter coefficients are

retrieved from the RAM with the use of an FSM containing three states: IDLE, WAIT,

and ADDR. The WAIT state is entered when a filter has started loading into the RAM,

signified by the tvalid signal going high. When the entire NFFT -length filter has been

written to RAM, the valid signal goes low and the ADDR state is entered, where a counter,

initialised at NFFT −M , is used to read out the M coefficients from the RAM. The

IDLE state is used to loop until a new filter is stored in the RAM. This step introduces

a delay of NFFT + 3 clock cycles. A state diagram of the FSM is shown in Figure 5.4.

Windowing the Filter

At this stage, the M -length filter is multiplied by a window function, which is stored

in a ROM and read out using a counter. The window can be of any type, with only

M coefficients required to be stored (i.e., half the window function). The multiply
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addr = 0
valid = 0

IDLE

addr = 0
valid = 0

addr = Count
valid = 1

ADDR

tvalid == 0

Count < NFFT

tvalid == 1

Count = NFFT-M
INIT

WAIT

Figure 5.4: State diagram for RAM control FSM.

operation adds a 1-cycle delay, and the wordlength of the signal is constrained at the

output.

Reloading the Filter Coefficients

The LogiCORE FIR Compiler IP used in this work requires two AXI-Stream channels to

reconfigure the filter: the Reload channel, used to download the coefficients into memory;

and the Config channel, used to prompt the filter to start using the new coefficients.

The Reload channel requires three signals: tdata, tvalid, and tlast. The tdata signal

contains the filter coefficients, while tlast is used to signify the end of the M -length

filter. Once the reload signal has finished, an empty, 8-bit packet is sent to the Config

channel, along with a tvalid signal, for a single cycle. Thus, the entire reprogramming

of the filter, using the LogiCORE FIR Compiler IP, requires M+1 cycles to complete.

A timing diagram of this entire reconfiguration handshake is shown in Figure 5.5.

This handshake is performed by a FSM containing four states: IDLE, VALID, LAST,

and LOAD. The VALID state is entered when the input tvalid line goes high, outputting

the Reload channel tdata and tvalid AXI-Stream signals for M − 1 samples (controlled

by an internal counter). The LAST and LOAD states only operate for a single cycle, where

they output the final tlast signal of the Reload channel, and the required Config channel
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clk

reload_tdata din

reload_tvalid

reload_tlast

config_tdata 0

config_tvalid

Figure 5.5: AXI-Stream timing diagram for the LogiCORE FIR Compiler.

empty packet, respectively. The FSM then stays in the IDLE state until a new tvalid

signal is detected. A state diagram of the FSM used in this stage is shown in Figure 5.6.

5.3.2 System Design

In order to determine that the Filter Designer operated correctly, and to acquire specific

results, it was necessary to incorporate the HDL IP created in Model Composer into a

larger SoC design. This section describes both the Vivado hardware design required

for the PL, and the software design required for the PS, in order to build this test

environment.

Vivado Design

The hardware design was developed in the Vivado IDE, and based around the Filter

Designer IP generated in Model Composer. The Filter Designer’s AXI-Stream compliant

Reload and Config Master ports were connected to the respective Slave ports of the

LogiCORE FIR Compiler, while its memory-mapped port was connected to an AXI

Interconnect IP. Only a single input is required, fc, which is controlled by a 32-bit

AXI-Lite register.

AXI-Stream data is passed between the RFIR on the PL and the PS via shared

off-chip memory, arbitrated by an AXI DMA controller IP. The FIR Compiler’s Slave

and Master AXI-Stream data ports are connected to the respective ports on the DMA
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r_tdata = 0
r_tvalid = 0
r_tlast = 0

c_tvalid = 0

IDLE

VALID

r_tdata = din
r_tvalid = 1
r_tlast = 0

c_tvalid = 0

LAST

LOAD

r_tdata = 0
r_tvalid = 0
r_tlast = 0

c_tvalid = 1

r_tdata = din
r_tvalid = 1
r_tlast = 1

c_tvalid = 0

Valid_in == 0

Count < M

Figure 5.6: State diagram for the AXI-Stream signal control.

IP, while the DMA’s memory-mapped port is connected to the AXI Interconnect IP.

The DMA was set up in read/write mode in order to both send and receive data.

The Zynq UltraScale+ PS IP was configured with one General Purpose (GP) Master

port, and one High Performance (HP) Slave port, while a single PL clock was used for

all IPs. Two clock frequencies were used while collecting result data, 100 MHz and

250 MHz. A simplified block diagram of the Vivado IPI diagram is shown in Figure 5.7.

Software Design

As the Filter Designer IP has only a single input, controlled by an AXI-Lite register,

the software required to operate it is simple. However, when putting the Filter Designer

IP into the larger test environment—as described in the previous section—the software

requirements become more complex. For this reason, the software for the design was

developed within the PYNQ framework.

As discussed in Chapters 2 and 3, PYNQ provides built-in drivers and APIs for

various IPs, as well as providing the means to create your own drivers for custom IPs.
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Figure 5.7: Simplified Vivado IPI block diagram for the test environment.

As the only requirement to initiate a filter on the Filter Design IP is to write the cutoff

frequency to an AXI-Lite register, then only the PYNQ MMIO module is required.

In order for data to be sent to the RFIR and the filtered data to be received back

again, the PYNQ DMA module is used. This requires a Contiguous Memory Array

(CMA) to be created, then filled with the data to be sent to the filter via shared memory.

An equal-sized CMA is also required to accept the received data, again, through shared

memory. This setup allowed test data to be easily sent to, and received from, the FIR

Compiler in order to confirm that the filter had been correctly reconfigured.

The PYNQ framework was additionally used to generate the results in Section 5.4.6,

where the execution times between the filters computed entirely in fixed-point arithmetic

using the Filter Designer IP (i.e., natively), and fixed-point filters that are initially

designed using floating-point arithmetic and are later converted to a finite wordlength

(i.e., non-natively). This distinction between native and non-native methods of designing

filters is continued throughout the rest of this chapter.

5.4 Results

In this section a number of filters designed by the Filter Designer are discussed, the effect

that wordlength restriction and FFT size have on filter quality is determined, and a

comparison is made between these filters and filters designed non-natively. Additionally,
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the execution time of the Filter Designer is investigated, and similar comparisons are

made between native and non-native implementations.

For the purposes of this work, filter quality is determined by stopband attenuation

and transition bandwidth, where the former is measured at the -3 dB point at the end

of the mainlobe; and the latter is measured at the highest sidelobe in the stopband

(see Figure 2.15). To allow the data collected to be viewed more clearly, stopband

attenuation measurements are displayed as a second-order polynomial fit, where the

general trend of the data is shown, rather than the exact data itself, and at least some

deviation from this trend should be expected. An example of this is shown in Figure 5.8,

where the actual captured data is displayed alongside the trendline of the graph—in the

rest of this results section, only the trendlines are shown. Any measurements shown

between data points derive from the actual data and not from the trend. To reiterate

this point, the trendlines are used only as a means for the reader to better understand

the data, not to display the measurements taken.

All results in this section were retrieved in simulation, except where data from

hardware was necessary (e.g., execution times, hardware utilisation etc.). A subset of

simulated results were confirmed in hardware and found to be equivalent.

5.4.1 Effects of Wordlength Constraint on Filter Quality

Throughout the signal path of the Filter Designer the wordlength is left unrestricted,

except at the output where it can be constrained by the user at compile-time. To

understand what effect constraining the output wordlength has on filter quality, stopband

attenuation and transition bandwidth were measured over a range of filter lengths for

six different output wordlengths, ranging from 16 bits to 32 bits. For these results,

NFFT and fc were fixed at 1024 and 0.33, respectively.

As can be seen from Figure 5.9, at shorter wordlengths, somewhat counter-intuitively,

stopband performance worsens as the filter length increases. This effect is due to the

fact that quantisation errors are accumulative. Thus, the more coefficients there are,

the more quantisation errors there will be, therefore affecting the filter performance.

This effect can be counteracted by increasing the wordlength, where better performance
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Figure 5.8: Recorded data overlaid with trendlines. The data shows stopband attenuation
over N with respect to wordlength constraint. NFFT = 1024, fc = 0.33.

in the stopband is seen as N and wordlength increase—displaying stopband attenuation

as high as 88 dB—with no increase in performance seen beyond 24 bits.

The results in Figure 5.10 show that wordlength has little effect on transition

bandwidth, displaying a similar downward trend as N increases for all wordlengths

tested—typical for the Blackman window used. The smallest transition bandwidth

measured in these results was 0.68% of the sample rate.

From these results it is clear that, although longer wordlengths are required to

achieve the best performance in the stopband, this is only the case for large values

of N and only up to 24 bits, where the benefits of increasing the wordlength plateau.

For all wordlengths tested between 18 bits and 32 bits, the stopband performance is

almost identical for N < 200. For wordlengths between 20 bits and 32 bits, similar

stopband performance for N < 350 can be seen. This trend continues with only a

few dB difference in stopband performance between 21 bits and 24 bits at N = 500.

With that said, in order to obtain the best performance, the remaining results in this

section use an output wordlength of 24 bits.
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Figure 5.9: Trendlines of stopband attenuation over N with respect to wordlength constraint.
NFFT = 1024, fc = 0.33

5.4.2 Effects of N FFT on Filter Quality

As the most resource-heavy component of the Filter Designer is the IFFT, it is worth

exploring how FFT length affects filter quality, in order to minimise resources while

still achieving the best possible filter performance. Results were obtained by measuring

stopband attenuation and transition bandwidth over a range of filter lengths for five

values of NFFT . It is known from [165] that, when using the frequency sampling method,

filter quality degrades when the FFT length is less than twice that of the filter length.

For this reason, it is worth framing the results based on the ratio between the two

(i.e., N/NFFT ), and to limit the maximum value of N to half that of each value of

NFFT used.

By using this N/NFFT ratio, Figure 5.11 shows that very little performance is gained

in the stopband by increasing the FFT length and, in fact, performance plateaus at

NFFT = 1024, with the highest attenuation measured at 88 dB. If this result were to

be taken alone it would seem unnecessary to use longer FFTs, as this would increase

hardware resources for no obvious gain in performance. However, when the results
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Figure 5.10: Transition bandwidth overN with respect to wordlength constraint. NFFT = 1024,
fc = 0.33

from Figure 5.12 are taken into account, it can be seen that, to achieve the narrowest

transition bandwidths, longer FFT lengths are still required.

Results from Figures 5.11 and 5.12 were measured with a fixed value of fc. It is

worth noting though that stopband attenuation is not constant for all possible values of

fc. To determine the effect fc had on filter quality, stopband attenuation was measured

again with 25 values of fc taken for each value of N . From this data the mean and

standard deviation were calculated, as shown in Figure 5.13. These results show that

deviation from the mean is much larger for shorter FFT lengths, further demonstrating

that larger FFT lengths are required to keep filter quality consistent.

5.4.3 Comparison Between Native and Non-Native Coefficients

When considering the quality of natively designed filters, it is worth comparing them to

filters designed by non-native means. It is, of course, expected that a filter designed in

floating point would, given the same parameters, outperform one designed entirely in

fixed-point. However, it is beneficial to examine how much they diverge when considering

the trade-offs between them.
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Figure 5.11: Trendlines of stopband attenuation over N/NFFT with respect to NFFT . fc=0.33,
wordlength=24.
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Figure 5.12: Transition bandwidth over N/NFFT with respect to NFFT . fc=0.33,
wordlength=24.

To make this comparison, the MATLAB filter design function fir2 was chosen as it

uses an algorithm similar to the Filter Designer described in this chapter, albeit using
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Figure 5.13: Mean (symbol) and standard deviation (error bar) of stopband attenuation over
N/NFFT with respect to N/NFFT . Each data point uses 25 values of fc to calculate the mean.
Wordlength=24.

floating point arithmetic. The fir2 function has some additional functionality that

allows for constraining the transition band, which typically comes at the detriment

of stopband performance. For this reason the native filters are compared to the non-

native filters designed both without and with these constraints (denoted as A and B,

respectively).

If the performance in the stopband is compared between the native filters and

the unconstrained non-native filters, as shown in Figure 5.14, it can be seen that the

non-native filters greatly out-perform the native equivalents, with up to 30 dB difference

at its maximum. However, when comparing the transition bandwidth of the same filters,

as shown in Figure 5.15, the native filters out-perform the non-native filters—albeit not

to the same extent.

The reason why the native filter performs better in the transition band in this

scenario is due to the implementation of fir2 where, in this case, the transition band

was left unconstrained. However, if the transition band of the non-native filter is

constrained such that it performs similarly to the native filters, as shown by the Non-
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Native (A) curve in Figure 5.15, the results from Figure 5.14 show that the difference

in stopband attenuation between native and non-native filters is reduced dramatically;

from 30 dB at its maximum down to 9 dB. This demonstrates that native filters can

approach the quality of non-native filters under certain conditions.
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Figure 5.14: Trendline comparison of stopband attenuation over N between native filters and
two variants of non-native fixed-point filters. NFFT=1024, fc=0.33, wordlength=24.

5.4.4 Effects of N and N FFT on FPGA Resources

Along with a single run-time configurable parameter, the Filter Designer also has three

compile-time configurable parameters: the filter length, N ; the FFT length, NFFT ; and

the wordlength. As wordlength is only constrained at the output of the Filter Designer,

it is worth exploring how N and NFFT affect the FPGA resources on the XCZU48DR

RFSoC device. Three FFT lengths were used; 256, 512, and 1024; and for each value of

NFFT , three filter lengths were used: 10%, 20%, and 30% of NFFT (to the nearest odd

value).

As can be seen from Table 5.1, N has very little effect on hardware resources, with

the changes in LUTs most likely due to optimisations made by the compiler. This is

because, for most of the signal path, the filter length is equal to the FFT length, only
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Figure 5.15: Comparison of transition bandwidth over N between native filters and two
variants of non-native fixed-point filters. NFFT=1024, fc=0.33, wordlength=24.

being truncated before the window operation. For every increase in NFFT , around 400

more LUTs are used, with a small increase in DSPs and BRAMs also seen due to more

samples being be stored in the single-port RAM IPs and the FFT IP.

With the RFSoC having considerably more resources than the device used in [55],

the resource utilisation is particularly low—using as little as 0.39% of LUTs, 0.28%

of BRAMs, and 0.26% of DSPs—leaving plenty of space for additional logic on the

hardware.

5.4.5 Effects of N and N FFT on Execution Time

Using the same hardware implementation as the previous section, measurements were

taken to determine how N and NFFT affected execution time. A simple HDL counter

was used to measure the number of clock cycles between writing to the fc AXI-Lite

register and observing the tvalid signal of the Config port going low—signifying that the

reconfiguration of the RFIR was complete. Two clock frequencies were used: 100 MHz,

and 250 MHz.
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Table 5.1: FPGA utilisation for varying values of N and NFFT . Wordlength=24 bits.

N N/NFFT LUTs BRAM DSPs

NFFT=256

25 0.1 1655 (0.39%) 3 (0.28%) 11 (0.26%)

51 0.2 1656 (0.39%) 3 (0.28%) 11 (0.26%)

101 0.3 1657 (0.39%) 3 (0.28%) 11 (0.26%)

NFFT=512

51 0.1 2025 (0.48%) 3 (0.28%) 14 (0.33%)

153 0.2 2028 (0.48%) 3 (0.28%) 14 (0.33%)

205 0.3 2027 (0.48%) 3 (0.28%) 14 (0.33%)

NFFT=1024

101 0.1 2462 (0.58%) 3.5 (0.32%) 14 (0.33%)

307 0.2 2467 (0.58%) 3.5 (0.32%) 14 (0.33%)

409 0.3 2467 (0.58%) 3.5 (0.32%) 14 (0.33%)

As can be seen from Table 5.2, execution times increase almost linearly for changes

in both N and NFFT . This result is to be expected as latency within the signal path is

directly proportional the filter length. The reason why there is not an exact doubling

between increases in NFFT is due to optimisations in the FFT algorithm which allow it,

to a certain extent, to minimise the amount of calculations needed.

These execution times are especially short when compared to software methods of

reconfiguring RFIRs, discussed in the following sections, measuring as little as 2.52 µs

for a clock rate of 250MHz; removing any bottleneck to other parts of the radio.

5.4.6 Comparing Native and Non-Native Execution Times

In order to meaningfully compare execution times between native and non-native design

methods, a system is assumed where both are controlled by the PS on the RFSoC.

The native design method requires an AXI-Lite register to be written to on the PS,

while the rest of the process is performed on the PL. For the non-native design method,

filter coefficients must be calculated on the PS, then transferred to the PL via shared

memory. To perform the AXI-Stream handshake required by the FIR Compiler (as

described in Section 5.3.1), two AXI DMAs are used: one for the Reload channel and
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Table 5.2: Execution time of Filter Designer with respect to N and NFFT .
Wordlength=24 bits.

N N/NFFT Cycles t(µs) @
100 MHz

t(µs) @
250 MHz

NFFT=256

25 0.1 630 6.3 2.52

51 0.2 643 6.43 2.57

101 0.3 668 6.68 2.67

NFFT=512

51 0.1 1164 11.64 4.66

153 0.2 1215 12.15 4.86

205 0.3 1241 12.41 4.96

NFFT=1024

101 0.1 2219 22.19 8.88

307 0.2 2322 23.22 9.29

409 0.3 2373 23.73 9.49

the other for the Config channel. PYNQ is the assumed target software framework.

The steps required to reload the FPGA-based RFIR using non-native filter coefficients

are enumerated below:

1. Calculate filter coefficients for a given set of parameters.

2. Convert floating point coefficients to integer values.

3. Copy coefficients to Reload channel DMA buffer.

4. Initiate Reload channel DMA transfer.

5. Copy reconfiguration packet to Config channel DMA buffer.

6. Initiate Config channel DMA transfer.

These steps were separated into two functions: design filter, which performs

steps 1 and 2 on the list; and reload filter, which performs the remaining steps.

The following sections describe how the execution times of the non-native filter design

method were measured, and compare the results to those from Section 5.4.5.
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Measuring DMA Transaction Time

To perform the AXI-Stream handshake needed to reconfigure the FIR Compiler, two

AXI-DMAs are required: one for the Reload channel and the other for the Config

channel. To transfer data using the PYNQ DMA class, it is necessary to create a CMA

to store the data, copy the data over to the array, initiate the DMA transfer, and wait

for the transfer to complete. As two DMAs are required to reconfigure the RFIR, this

wait time between DMA transfers can be a significant bottleneck.

In order to measure the time taken to perform the steps in the reload filter

function, the built-in Python function timeit was used. This function runs selected

code over a large number of iterations and outputs the mean and standard deviation.

Using this method, execution times of 1.30 ms and 1.38 ms were measured for N=51

and N=101, respectively. This is approximately 50% faster than the results measured

in [55], which used a Zynq SoC device containing the Arm Cortex A9, compared to the

Arm Cortex A53 on the RFSoC.

To measure the DMA transaction time in hardware, a small HDL counter IP was

created and used to measure the number of clock cycles between when the tvalid signal

of the Reload DMA channel went high and the tvalid signal of the Config channel went

low, signifying that both DMA transactions had completed. As this measurement had

to be recorded manually only 20 readings were taken, where a mean of 309 µs and

333 µs were recorded for N=51 and N=101, respectively, at a clock rate of 100 MHz.

These results are shown in Table 5.3.

Table 5.3: Hardware-measured execution time of reload filter function. Wordlength=32 bits,
clock=100 MHz, sample size=20.

N Mean
(Cycles)

Mean (µs) σ (µs)

51 30,861 309 24.28

101 33,266 333 85.89

The discrepancy between the hardware results from Table 5.2 and the software

results shown in Table 5.3, arises because the time taken to create and fill the DMA

buffers is not recorded in the hardware results. This signifies that the use of DMAs can
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create a bottleneck. Additionally, the results were found to be non-deterministic, with

a standard deviation, σ, of 24.28 µs and 85.89 µs for N=51 and N=101, respectively.

This non-deterministic behaviour is due to the overhead of the Linux operating

system running on the PS, which gives no guarantees on when specific operations will be

executed, or even if two operations will happen consecutively. This could be mitigated

with the use of a real-time kernel or operating system, or even by removing the operating

system entirely with the use of baremetal code. However, doing so inevitably leads to

more complex design specifications and longer development time.

Measuring Software Filter Design Time

In the previous section, only the time taken to reconfigure the filter was taken into

account; omitting the time taken to design the filter and convert it to integer values—all

performed in the design filter function. To design the filter, the firwin2 function

(part of Python’s SciPy library) was used. firwin2 uses the window method to design

filters, and was chosen due to the minimal input parameters it requires, and its relative

speed compared to other design methods available in the same library. Moreover, it is

similar in functionality to the MATLAB function, fir2, discussed in Section 5.4.3.

Using timeit again, execution times of 1.71 ms and 2.41 ms for N=51 and N=101,

respectively were recorded for the design filter function on its own. When both

design filter and reload filter functions were timed together, execution times of

3.25 ms and 4.03 ms were recorded for N = 51 and N = 101, respectively—three orders

of magnitude slower than the Filter Designer results recorded in Table 5.2.

As mentioned previously, these long execution times could be the result of the Linux

overhead. To test this hypothesis, a basic implementation of the window method was

developed and run as a baremetal program on the Arm processor, and was found to

have similar results. The best time over 1000 iterations was recorded as 0.8 ms and

3.14 ms for N=51 and N=101, respectively.

These results show that the time taken to design and reconfigure an RFIR using

the native method is three orders of magnitude faster than attempts to do the same
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using non-native means. A comparison of the execution times recorded using the native

method and those recorded for the non-native methods are shown in Figure 5.16.

FPGA

C

Python

N=101
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6.68 µs

3.14 ms

4.03 ms

6.43 µs

3.25 ms
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Figure 5.16: Comparison between software (Python and C) and hardware (FPGA) execution
times of the filter design algorithms. The Python software times are taken from the timeit

results, which include both the design filter and reload filter functions. The C software
time only includes the execution time of designing the filter. The FPGA times are taken from
Table 5.2, where NFFT = 256, with a system clock rate of 100 MHz.

5.5 Concluding Remarks

This chapter has presented a novel FPGA-based design methodology for reconfigurable

FIR filters, operating natively on the FPGA fabric at run-time. The motivation for

this work was established in Chapter 4, where RFIRs were shown to be essential for

real-time frequency planning in fully autonomous systems, such as DSA and CR.

A range of optimal and suboptimal filter design methods were evaluated against three

conditions to assess their suitability for FPGA implementation. This led to a hybrid

approach that combines both frequency sampling and window methods to compute

fixed-point filter coefficients entirely on-chip. By generating coefficients directly on the

FPGA, this method avoids the latency and design complexity introduced by off-chip

memory and processor communication—removing a key bottleneck in reconfigurable

systems.
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An extensive set of results was obtained, demonstrating the algorithm’s ability to

produce high-quality filter coefficients—achieving stopband attenuation up to 88 dB and

transition bandwidths less than 1% of the sample rate. When compared with non-native

approaches, the proposed method achieved execution times as short as 2.52 µs—over

three orders of magnitude faster—while offering the deterministic behaviour required

for real-time applications. Importantly, under certain conditions, the native fixed-point

method was shown to approach the quality of the non-native equivalent.

As discussed at the start of this chapter, deterministic, on-the-fly filter design has

obvious benefits for SDR applications, where faster reconfiguration improves overall

throughput of the system. While some constraints remain, such as fixed compile-time

parameters for filter length and wordlength, the ability to generate filters deterministi-

cally on the FPGA opens up possibilities for a new class of low-latency, reconfigurable

SDR platforms, capable of supporting next generation wireless systems.
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Conclusions

6.1 Résumé

In summary, this thesis has presented a design methodology and algorithms for the

development of SDR and CR applications for RF-sampling SoCs, namely the RFSoC.

The work aimed to address the issues surrounding spectrum scarcity through two main

objectives. The first was to develop a methodology that enables the creation of fast

and efficient algorithms, while remaining as accessible as possible—achieved in part

by the release of each project as open-source. The second was to develop algorithms

focused on reconfigurability, determinism, and productivity. The following chapter

summaries demonstrate how these objectives were met through theoretical and practical

contributions.

In Chapter 2, a background and literature review was provided to establish the

context for the research. This chapter explored the evolution of SDR and its role as

a key enabler for CR and DSA. It detailed the internal architecture of the RFSoC,

highlighting how its integration of high-speed RF-DCs and programmable logic addresses

the hardware requirements of modern radio systems. Finally, the chapter identified

critical gaps in existing workflows regarding design productivity, real-time frequency

planning, and deterministic filter reconfiguration, which served as the motivation for

the subsequent technical chapters.
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In Chapter 3, a design methodology was developed for the RFSoC, using Model

Composer for custom FPGA IP design and PYNQ as the embedded run-time environ-

ment. The use of heterogeneous versus monolithic IP design methods was explored to

determine their impact on driver development. Additionally, PYNQ was extended to

support the RFSoC, facilitating the development of drivers for both integrated hardware

peripherals and custom FPGA designs. To evaluate this methodology, a reconfigurable

QPSK transceiver was implemented on the RFSoC, leveraging the PS, PL, and RF-DCs.

This design included signal inspection and visualization logic for debugging, as well as

the capability to control and reconfigure the RF data converters via software running

on the PS.

In Chapter 4 a run-time reconfigurable frequency planning tool, SPECTRE, was

developed—capable of real-time operation on the RFSoC. A scriptable tool was intro-

duced, capable of identifying spur-free regions of the spectrum based on input parameters,

such as centre frequency and bandwidth. The tool was extended to support autonomous

configuration of the RF-DCs on the RFSoC—enabling CR applications. A range of

simple search algorithms were implemented and evaluated in terms of success rate,

computational efficiency, and performance.

In Chapter 5 a novel, natively fixed-point filter design method was presented,

specifically targeting FPGA-based reconfigurable FIR filters, and implemented on a

RFSoC device. The algorithm developed uses a hybrid of window and frequency sampling

filter design methods, capable of generating deterministic, fixed-point coefficients natively

on the FPGA. The algorithm was developed in Model Composer, and tested on RFSoC

hardware using the PYNQ framework for verification. Additionally, a comprehensive

analysis of the coefficients generated by this filter design method was given, acting as a

design guide for engineers.

6.2 Summary of Results

This section summarises the results of the work presented in this thesis, highlighting

the key findings from each chapter.
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The design methodology presented in Chapter 3 demonstrated that complex

SDR systems can be rapidly prototyped on the RFSoC using a combination of Model

Composer and the PYNQ framework. By implementing a fully functional transceiver,

the work established that signal control and visualisation can be achieved entirely on

a single device, eliminating the need for external instrumentation. A comparison of

monolithic and modular IP design strategies highlighted that a modular approach results

in significantly more maintainable software drivers. Furthermore, the results validated

the use of Python for real-time interaction, achieving visualisation rates of 20 FPS with

negligible resource overhead. This work established PYNQ as a viable framework for

RFSoC development, facilitating subsequent applications in fields ranging from radio

astronomy to quantum computing.

The frequency planning tool, SPECTRE, developed inChapter 4 addressed the issue

of identifying spur-free regions of the spectrum in real time. Three search strategies

were evaluated: ordered, random, and coarse grid. The results showed that, while

including all possible spurs ensured spectral integrity, it made it more difficult to find

valid frequency plans at high bandwidths—with success rates dropping to below 40%

at 100 MHz bandwidths. The random search method provided the best performance

in terms of success rate and iteration count, but lacked deterministic behaviour. In

contrast, the coarse grid search exhibited more predictable performance, with execution

times on RFSoC hardware shown to be below 40 ms, but tended to miss valid solutions

at higher bandwidths. Therefore, a hybrid search method was proposed, combining

coarse grid and random search methods, which would balance coverage and performance.

The filter design method presented in Chapter 5 was motivated by the need for

run-time filter generation in CR applications. By combining window and frequency

sampling techniques, a natively fixed-point filter design method was developed and

implemented on an FPGA using Model Composer and evaluated using PYNQ. The

method generated filters directly on the FPGA, removing the need for external filter

generation tools and allowing for faster reconfiguration times. Results showed stopband

attenuation as low as 88 dB, narrow transition bandwidths of less than 1% of the sample

rate, and execution times three orders of magnitude faster than equivalent non-native
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methods. Resource usage was less than 1%, even for longer length filters, making this

method suitable for SDR and CR applications.

These results demonstrate that the RFSoC is a powerful platform for building

low-latency, reconfigurable radio systems using accessible design tools, with enough

flexibility to support both real-time performance and high productivity.

6.3 Further Work

While the results in this thesis have established the RFSoC as a useful platform for

SDR and CR applications, there are several areas where further investigation could

build on the methods and tools developed in this work.

In Chapter 3, it was found there was little difference in performance between

hardware and software implementations of the FFT used for signal visualisation. This

suggests that larger FFT sizes or higher frame rates could be supported, potentially

improving resolution or responsiveness during debugging. Additionally, while the

generated HDL from Model Composer was effective in terms of functionality, it would

be of interest to formally evaluate the quality of this generated code compared to other

HLS tools and handwritten RTL. Metrics such as resource usage, timing closure, and

throughput are of particular interest, and found lacking in the academic literature—

especially for more complex applications.

In Chapter 4, additional results showed that SPECTRE achieved significantly faster

execution times on a host-based processor, with the coarse grid algorithm running more

than 10x faster than on the RFSoC. This opens the possibility of moving SPECTRE

to a host computer and using it to control the RFSoC remotely. Doing so could

allow more complex and computationally intensive algorithms to be used without the

constraints of the comparatively low-power Arm processor on the RFSoC. With that

said, improvements could still be made to the current implementation, such as optimising

the code for parallel processing or hardware acceleration, or even using a system-level

language, such as C++, to improve performance. Additional search algorithms could
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also be evaluated to improve coverage or reduce variance. All of these would improve

SPECTRE’s suitability for real-time operation.

In Chapter 5, one of the challenges described when discussing the Least Squares

filter design method was the need for a pseudo-inverse operation, which is historically

difficult to implement on FPGAs. However, since the publication of the original paper,

MathWorks have released a Real Burst QR Decomposition IP block as part of their

HDL Coder software. This block could be used to revisit the problem, allowing the

Least Squares algorithm to be implemented on the FPGA. However, as mentioned

in the chapter, for longer length filters, matrix size may still be a limiting factor. In

addition, newer FPGA families such as the AMD Versal include DSP58 slices with native

floating-point support [190]—making it feasible to implement more advanced design

methods in hardware. Exploring these options would be a valuable area of research,

complementing the work presented in the original paper.

Finally, since the original publications and early stages of this thesis were completed,

the landscape of machine learning and artificial intelligence has changed significantly.

Tools and frameworks that were unavailable just a few years ago are now being used to

solve optimisation and design problems across a wide range of engineering disciplines.

Given the emphasis in this work on automation, adaptive system design, and real-time

decision-making, it would be worth investigating how modern AI/ML techniques could

be applied to the methods presented here. With that said, it is important to note that

while AI/ML techniques can be used for optimisation and decision-making, they often

require large amounts of data and computational resources, which may not be feasible

in all scenarios. Therefore, careful consideration should be given to the specific use case

and the available resources when exploring these techniques, as traditional methods still

continue to provide reliable and deterministic solutions.

6.4 Final Remarks

As wireless demand continues to grow, the need for a more efficient use of the radio

spectrum becomes increasingly important. Technologies such as DSA, SDR, and CR,

offer promising solutions to this problem but, until recently, the hardware required to
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support real-time reconfigurability has been limited. This thesis has shown that RF-

sampling SoCs, such as the RFSoC, provide the necessary hardware to build practical,

low-latency radio platforms that can adapt to changing conditions and requirements.

The methodology and algorithms developed in this thesis—from a full transceiver

design to an integrated frequency planning tool and RFIR filter design method—

demonstrate a framework for building future wireless systems that make better use of the

available spectrum. Together, they address the challenges of adaptive and autonomous

wireless system design, with a focus on reconfigurability, determinism, and productivity.

134



Appendices

135



Appendix A

RFSoC4x2 Development Platform

136



Appendix A. RFSoC4x2 Development Platform
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1: RF Data Converters
2: SD Card
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4: PL DRAM
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6: RFSoC
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Figure A.1: Labelled photograph of the RFSoC4x2 development platform.
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RFSoC QPSK Transceiver Design

B.1 QPSK Transceiver Jupyter Notebook

B.2 RFSoC C Driver UML Diagram
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DC
A B

Figure B.1: An example of a Jupyter notebook running the transceiver design, providing
real-time control of the hardware and visualisation of the signal path, displaying A) the main
view of the notebook showing markdown formatted text and Python code blocks, B) ipywidget
controls, C) a Linux terminal session, and D) a live constellation plot.
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RFdcDacTileC RFdcAdcTileC

RfdcConfigC
Private Methods
MultiConverterInit()
MultiConverterSync()

Attributes
IPStatus

RfdcTileC
Public Methods
StartUp()
ShutDown()
Reset()

Attributes
FabClkOutDiv
FIFOStatus
ClockSource

SetupFIFO()
DumpRegs()

PLLLockStatus

blocks

RFdcBlockC
Public Methods
ResetNCOPhase()
UpdateEvent()

Attributes
BlockStatus
MixerSettings
QMCSettings
CoarseDelaySettings
NyquistZone

RFdcADCBlockC

Attributes
DecimationFactor
ThresholdClearMode
ThresholdSettings
CallibrationMode
FabRdVldWords

Private Methods
ThresholdSitckyCert()

RFdcDacBlockC
Attributes

InterpolationFactor
DecoderMode
OutputCurr
InvSincFIR
FabWrVldWords

tiles

Figure B.2: A UML class diagram of the data converter driver written in Python.
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Algorithm 1 Frequency planner search over sample rate and PLL frequency

Require: Signal centre frequency fc, bandwidth BW
Require: Device sample-rate limits fdev

s,min, f
dev
s,max, step ∆fs

Require: Spur sets: sample-rate stage Sfs (tiered), PLL stage Spll
Require: PLL prune threshold ∆fpll (default 1 MHz)
Ensure: A valid pair (fs, fpll) or Failure

1: fs,min ← max
(
fdev
s,min, fc

)
, fs,max ← fdev

s,max

2: Build the list of candidate sample rates Fs ← {fs,min, fs,min +∆fs, . . . , fs,max}
3: Optionally shuffle Fs (randomised ordering)
4: for all fs ∈ Fs do
5: Set planner parameters (fc, BW, fs)
6: if any spur in Sfs overlaps the signal band (Eq. 4.3) then
7: continue
8: end if
9: Generate candidate PLL frequencies Fpll ← ValidPllList(fs)

10: Remove candidates within ∆fpll of fc:
Fpll ← {fpll ∈ Fpll : |fpll − fc| > ∆fpll}

11: Optionally shuffle Fpll (randomised ordering)
12: if Fpll = ∅ then
13: continue
14: end if
15: for all fpll ∈ Fpll do
16: Set planner PLL frequency to fpll
17: if no spur in Spll overlaps the signal band (Eq. 4.3) then
18: return (fs, fpll)
19: end if
20: end for
21: end for
22: return Failure
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