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Abstract

The MeerKAT Radio Telescope is a 64 element antenna array under

construction in South Africa. This array will be used to observe ra-

diation from celestial sources at radio frequencies. Once completed,

this radio telescope will be the largest and most sensitive radio tele-

scope in the Southern hemisphere. MeerKAT is being designed to

observe radio signals produced by celestial sources at UHF-, L-, S-

and X-band frequencies.

With the development of the X-band receivers for MeerKAT sched-

uled to start in the near future, research is required to determine

an optimum receiver design for this frequency band. There are two

architecture options available for digitization of this band namely di-

rect digitization of the entire band or digitization of a portion of the

frequency band using a heterodyne configuration.

In this thesis, both these options are investigated to determine the

feasibility of both these architectures. A key outcome of this investi-

gation will be the derivation of the specifications of the anti-aliasing

filter used in a direct digitization receiver as well as the image reject

filter used in the heterodyne receiver. The design of a wideband mi-

crowave filter capable of meeting these specifications is also presented.

To conclude this investigation, the impact of the designed filter on the

performance of the system is presented.
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Chapter 1

Introduction

This thesis investigates two digitization options which can be used in the receiver

architecture of the MeerKAT telescope. The first option is a direct digitization

receiver and the second a heterodyne receiver. These receiver architectures must

be suitable for operation at the extended X-band frequency range of 8 to 14.5

GHz as required by the MeerKAT radio telescope. In this introduction a brief

background to the project is given. Thereafter the objectives for this thesis are

identified. An outline of the contents of the thesis is also given in this introduction.

1.1 Background

The 64 element radio astronomy antenna array known as MeerKAT, is currently

being constructed in the Northern Cape Province of South Africa [3]. This array

is designed to observe radio signals produced by celestial sources at UHF-, L-,

S- and X-band frequencies (refer to table 2.1 for definitions of bands). The first

phase of the project was to build receivers for the UHF-, L- and S-band while

the X-band design has been postponed to the second phase of the project. In

preparation for the start of the X-band receiver development, research is required

to determine the various architecture options for the X-band receiver.

1



CHAPTER 1. INTRODUCTION 2

1.2 Objectives

In this thesis two possible receiver architectures are considered as possible solu-

tions to perform digitization of the specified frequency range. The first option

is to directly digitize the entire frequency range. The second option is to down

convert a portion of the specified frequency band to some suitable Intermediate

Frequency (IF) before digitization.

The objective of this thesis is to evaluate the feasibility of both these ar-

chitecture options. Key system design parameters such as Analogue to Digital

Converter (ADC) sample rates, Local Oscillator (LO) and IF frequencies are

evaluated as part of this investigation. A key outcome of this investigation is the

specification of both the anti-aliasing and image reject filters required by these

two architecture options.

The next objective will be to design a microwave filter based on these specifi-

cations. The goal will be for this filter to be used in both applications as either an

anti-aliasing or an image reject filter. The impact of the designed filter response

on the two types of receivers is also investigated.

1.3 Thesis Outline

This thesis is organized in the following manner:

Chapter 2 provides a high level introductory overview of radio astronomy with

particular focus being given to the MeerKAT telescope and the science which is

being planned for the X-band receiver.

Chapter 3 provides an overview of the signal chain of the MeerKAT Telescope.

Chapter 4 provides a detailed analysis of a direct digitization receiver with

the main focus being on determining the sample rate of the ADC as well as the

requirements of the anti-aliasing filter required for direct digitization systems.
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Chapter 5 provides a detailed analysis of a heterodyne receiver. In this chapter

specific focus is given on the selection of LO and IF frequencies. Analysis is also

done to determine the impact of the various mixing products as well as the image

frequency on the performance of the system. The specifications of an image reject

filter required for this architecture is also derived.

Chapter 6 combines the requirements of the anti-alias and image reject filters

for the two architectures into one set of requirements for a microwave filter which

can be used for both architectures. Investigation is done into finding a suitable

filter topology which can meet these specifications. Finally a filter is designed

and constructed based on the selected topology.

Chapter 7 provides a high level system design of the receiver based on the

two architectures. Some of the major components required by the system are

also identified. The impact of performance of these components as well as the

designed filter on the system is also presented.

Chapter 8 presents the conclusions and recommendations of this thesis.



Chapter 2

Introduction to Radio Astronomy

Since the first detection of radio signals generated by cosmic sources, the science

of radio astronomy has expanded tremendously over the last century. This expan-

sion has led to the construction of many radio telescopes across the world. Many

observatories across the globe have been constructed to observe the radiation

from the universe, using these very sensitive radio telescopes. As an introduction

to this thesis, a broad overview of radio astronomy is given including an introduc-

tion to the largest and most ambitious radio astronomy project ever constructed

namely the Square Kilometre Array (SKA). A brief overview is given of cosmic

signals and their properties which is important to understand when designing

receiver systems for radio telescopes.

2.1 Background of Radio Astronomy

Radio astronomy is a sub field of astronomy that studies celestial objects at

radio frequencies [4]. The first detection of a celestial object was made by Karl

Jansky in 1931, who detected radiation generated by the Milky Way. Since then,

detections of many radio sources have been done. These include stars, galaxies,

quasars, pulsars and masers. One of the key properties of celestial sources is

4
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Figure 2.1: Source brightness as a function of frequency.
Image from presentation by Dr.M Gaylard, HartRAO

that the source radiates electromagnetic energy over a wide frequency range as

shown in figure 2.1. In this figure, the radiation intensity of the hottest stars,

the sun, a human body and left over cosmic radiation from the Big Bang is

shown as a function of frequency and wavelength [5]. Visible light emitted from a

source, such as a star or the sun, contains only some of the information regarding

the properties of that source. Much more can be determined of the source by

observing over the full spectrum generated by the source. Refer to section 2.5 for

more detail on the properties of cosmic signals.

Observatories have been constructed throughout the world that are dedicated

to observing sources at specific portions of the spectrum. One such an example

is the High Energy Stereoscopic System (H.E.S.S) located in Namibia [6] which

observes sources at gamma-ray frequencies. For radio astronomy, observations

are however typically done at frequencies from 100MHz to about 100GHz.

Observations for radio astronomy are performed by collecting cosmic radiation

using large parabolic antennas. These signals are then converted to electrical
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Figure 2.2: Arecibo observatory in Puerto Rico.
Image by Arecibo Observatory

signals using very sensitive radio front-ends and receivers. Electrical signals are

then amplified and filtered to select the frequency band of interest before being

digitized for further processing. In order to achieve the sensitivity requirements

needed to detect cosmic signals, the antennas used by observatories are typically

designed to be as large as possible. The output power delivered by an antenna is

given by the following equation

Po = Prad × Aeff (2.1)

From this equation it can be seen that, the output power delivered by an antenna

to a load, Po in Watts, is a function of the power density of the radiated signal,

Prad in Watts per square meter, that arrives at the antenna and the effective

area, Aeff in square meter, of that antenna. The larger the effective area of the

antenna, the more power will be delivered to the load. One of the most famous

examples of such an observatory is the Arecibo Observatory in Puerto Rico where

a 305 metre diameter radio antenna was constructed inside a massive sinkhole

[7]. A photo of this observatory is shown in figure 2.2.

To construct these very large antenna structures is very difficult and expen-

sive since these structures require specialized infrastructure and mechanical struc-

tures to support the weight of these antennas. Similar system sensitivity can be

achieved by adding signals form an array of antennas in phase. This type of

radio astronomy is referred to as an interferometer [4] and refers to an array of
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Figure 2.3: Y-shaped configuration of the VLA.
Image by NRAO/AUI

antennas used to observe the same source by adding signals from all the anten-

nas in the array in phase such that the combined signal approximates that of a

signal produced by a large antenna. Instead of one large antenna many smaller

and cheaper antennas can be constructed and placed at some distance from each

other. The signals produced from all these smaller antennas can be coherently

added after corrections have been made for differences in phase due to the phys-

ical separation of these antennas. The difference in phase between antennas is

also used to resolve the exact position of the source on the sky [4]. An example

of such an interferometer is the Karl G. Jansky Very Large Array (VLA) located

in New Mexico, USA [8]. Interferometry is discussed further in section 2.3.

This array comprises of 27 25-metre radio telescopes which are arranged in

a Y-shape configuration as shown in figure 2.3. In this configuration, the maxi-

mum distance between antennas is 36km. This allows scientists to determine the

position of sources in the sky to the same accuracy as would be possible with a

theoretical antenna that has an diameter of 36km. Similarly the sensitivity of this

system is equivalent to that which can be achieved by an single dish parabolic

antenna with with diameter of 130m [8].
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2.2 Introduction to SKA

The Square Kilometre Array (SKA) is an international project which aims to

construct the world’s largest radio telescope with an aim to achieve an overall

antenna collecting area of one square kilometre [9].The SKA aims to achieve this

goal by building an antenna array of approximately 2000 antennas which will

be located in Southern Africa and Australia. As a technology pathfinder to this

project the National Research Foundation (NRF) of South Africa, has constructed

a technology demonstrator instrument in the Karoo area of South Africa. This

technology demonstrator will be incorporated into phase one of the SKA project.

This instrument is called MeerKAT and refers to a 64 element antenna array

located near Carnarvon in the Northern Cape province of South Africa [3].

The antenna used by MeerKAT is an offset Gregorian topology. An offset

Gregorian antenna is a parabolic antenna that consists of a main parabolic re-

flector which focuses electromagnetic waves onto a secondary concave shaped

reflector which in turn focus the electromagnetic waves on the system front-end

[10]. This design ensures an unobstructed beam for observations of celestial ob-

jects [11]. The MeerKAT antenna uses a main reflector with a diameter of 13.5m

and sub-reflector diameter of 3.8m.

The antenna will be fitted with four different receivers which will allow for

the observation of celestial sources at UHF-, L-, S- and X-band frequencies. An

antenna fitted with front-ends and receivers is called a Receptor. A picture of

one of these Receptors is shown in figure 2.4.

As of December 2016, 21 of these Receptors have been constructed. These

antennas have been fitted with the L-band front-ends and receivers. The develop-

ment of the UHF- and S-band front-ends and receivers are also in progress while

the development of the X-band front-end and receiver is planned for the near

future. The work of this thesis will serve as an input to the X-band development.

The frequency bands for MeerKAT are summarized in table 2.1.
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Figure 2.4: MeerKAT antenna.

Table 2.1: MeerKAT frequency bands.

Band name Frequency range
UHF-band Frequency 580 - 1015MHz
L-band Frequency 900 - 1670MHz
S-band Frequency 1750 - 3500MHz
X-band Frequency 8000 - 14500MHz

2.3 Interferometry

As already discussed a, greater antenna collecting area can be achieved by build-

ing lots of small antennas and coherently adding the signals from these antennas.

This type of radio astronomy instrument is called an interferometer. A block

diagram of a two antenna interferometer is shown in figure 2.5 [4]. The two

antennas are physically separated by D meters which is also known as the base-

line. Cosmic electromagnetic waves reach the antennas as a planar wave since the

electromagnetic wave is observed in the far filed. In this case the wave reaches

antenna B before A due to the observation angle, θ, resulting in a time delay

between the received signals, referred to as the geometric delay τg. As the earth

rotates, θ changes which also results in a change in τg. Geometric delay, τg, can
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Figure 2.5: Block diagram of interferometer.
Image adapted from [4]

be calculated using the equation

τg =
D

c
sinθ (2.2)

The output of these antennas is multiplied and time averaged in the Correla-

tor. The output of the multiplier of the Correlator, F , can be calculated using

equation 2.3 if the source is assumed to be radiating a sine wave at a single
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frequency of f .

F = 2sin [2πft] sin [2πf (t− τg)]

= cos2πfτg − cos(4πft)cos(2πfτg)− sin(4πft)sin(2πfτg)
(2.3)

The second and third terms of equation 2.3 is fast varying as f τg << f t

and can easily be filtered out leaving the fringe function given in the following

equation

F = cos

(
2πD

λ
sinθ

)
(2.4)

where λ is the wavelength in metres of the frequency at which the observa-

tion is performed.The two antennas have different components of velocity in the

direction of the sources due to the rotation of the earth. The signals reaching the

antennas therefore suffer different Doppler shifts 1. When the signals are com-

bined in the multiplying action of the receiving system, a sinusoidal output arises

from the beats between the Doppler shifted signals. The variation of in τg is as

a result of the rotation of the earth is a delay which needs to be compensated

for. The method used is referred to as fringe stopping. Fringe stopping is outside

the scope of this work and will therefore not be discussed further. However, the

ability of the instrument to perform fringe stopping is greatly affected if there

are uncontrolled variation in instrumentation delays between antennas. Variation

in instrumentation delays, τi, can be due to temperature change or variation in

manufacturing of components. This is an important aspect to be considered in

the design of receivers.

1Change in frequency by an observer due to a source moving either towards or away from
the observer.
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2.4 Key Science Planned for X-band

The key science case for the X-band receiver of MeerKAT is to perform a high fre-

quency galactic plane survey of the southern sky known as MeerGAL (MeerKAT

High Frequency Galactic Plane Survey). This science case aims to perform a

survey of the galactic plane over the frequency range of 10-14 GHz. The mea-

surements which will be performed will include broadband continuum observa-

tions 1, high resolution spectral line observations 2 as well as the observation of

masers 3 and Radio Recombination Lines (RRL). This survey aims to perform

the deepest and most high resolution survey of the southern galactic plane at 14

GHz. MeerGAL also plans to perform observations of 12.2GHz CH3OH masers

[12]. Although the frequency range of the X-band system is from 10 -14GHz, the

instantaneous or processing bandwidth required is ≥ 2GHz.

2.5 Overview of Cosmic Signals

Voltages induced by cosmic sources do not contain information in the usual en-

gineering sense. These signals typically have a Gaussian random noise response

which is assumed to be identical to the noise generated by electronics components

such as resistors and amplifiers. The characteristics of these signals are, for most

sources, invariant with time. The power generated by celestial sources are mea-

sured in Jansky with 1 Jansky being equal to 10−26Wm−2Hz−1 or−220dBmHz−1

[4]. Most power from sources is in the form of continuum radiation. Continuum

radiation means that the power of a source shows a slow variation with frequency

and may be regarded as constant over the receiving bandwidth of the instrument

[4]. The Power Spectral Density (PSD) of some continuum sources are shown in

figure 2.6 [1].

1Refers to the observation of sources with power spectrum that shows slow variation with
frequency over the observation bandwidth

2Refers to observations of sources that shows concentrated power in a small portion of the
observed bandwidth

3Naturally occurring source of spectral line emissions which can be generated from Comets
and other cosmic sources



CHAPTER 2. INTRODUCTION TO RADIO ASTRONOMY 13

Figure 2.6: Power Spectral Density (PSD) of a continuum source [1].

Spectral line radiation is generated at specific frequencies by atomic and

molecular process. A fundamentally important line is that of neutral atomic

hydrogen (H1) at 1420.405 MHz. Another example of spectral line emissions is

that of Helium and Methanol which radiates at 8.665 and 12.179GHz respectively.

The frequency of these spectral lines is within the frequency range of the X-band

receiver. A list of some of the most important molecular lines are listed in the

table 2.2 [4].

Table 2.2: Some important radio lines.

Chemical name Chemical Formula Frequency (GHz)
Deuterium D 0.327
Hydrogen H1 1.420
Methyladyne CH 3.335
Helium He 8.665
Methanol CH3OH 12.179
Water H2O 22.235

The frequency bandwidth of these lines is negligibly small, but the line is

spread in frequency as a result of red shift. Redshift refers to the increase in

wavelength, or decrease in frequency, of electromagnetic waves due to the source
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moving away from the observer. The redshift factor, z, of a source is a comparison

between the frequency at which the source radiates compared to the frequency

at which the source is observed. This relationship is given by equation 2.5.

z =
frad − fobs

fobs
(2.5)

where frad is the radiation frequency of the source and fobs is the observation

frequency. It can be seen from this equation for z = 1 , the observation frequency

is 0.5 frad. Radio astronomers can observe sources at redshifts as high as z = 5 [13]

which explains the need for wide bandwidth and continuous frequency coverage

of the spectrum using various receivers. As an example the natural resonance

frequency of a water molecule is given by table 2.2 as 22.235 GHz which is way

outside the frequency range of the X-band receiver. If this frequency is red

shifted by z = 1 the observed frequency will be 11.118 GHz which is now inside

the received band.

Another important characteristic of cosmic signals is that these signals are

propagated such that the observed polarization, geometric orientation of oscilla-

tion, of the signal is mainly linear. Electric and magnetic fields generated by an

electromagnetic wave are positioned orthogonally to each other along the direc-

tion of propagation in linearly polarized signals. A signal is said to be vertically

polarized if the electric field oscillates in an up/down motion as observed by the

receiving antenna. Conversely the signal is said to be horizontally polarized if

the signal oscillates in a left/right motion as observed by the receiving antenna.

This concept is illustrated in figure 2.7. Since very little information regarding

the cosmic source of an observed signal is known, radio telescopes observe re-

ceived cosmic signals in both horizontal and vertical polarizations. This enables

scientists to determine the polarization state of the source.

The system therefore needs to be able to receive and process cosmic signals

which can either have a continuum power spectrum or can be in the form of

definite spectral lines as shown in table 2.2. In addition to this the system also

needs to observe in both horizontal and vertical polarizations. Chapter 3 describes

how the properties of these signals are used to determine the design specifications
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Figure 2.7: Linear polorization of electromagnetic wave [2].

of the MeerKAT X-band receiver architecture.

2.6 Summary

In this chapter an overview of radio astronomy is given. This overview has led

to the identification of some very important characteristics of cosmic sources

and radio astronomy instruments which needs to be considered when designing

receivers for radio astronomy applications. These are summarized below. These

characteristics will be expanded on in chapter 3.

• Signals produced by celestial sources are similar to the noise produced by

electronics

• Radio astronomy sources can be either broadband continuum sources or

they can radiate at definite spectral lines

• The observation frequency of radio sources can differ from the radiation

frequency due to redshift. This necessitates the design of very wideband

receivers.

• Variation in instrumental delays due to temperature changes as well as
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manufacturing tolerances affects the ability to perform fringe stopping in

interferometers.

• The instantaneous or processing bandwidth is less than the full observation

bandwidth



Chapter 3

Receiver Signal Chain Analysis

The analogue signal chain of a radio telescope has a major impact on the overall

performance of the system. It ultimately determines the sensitivity of the tele-

scope. In this chapter, a detailed analysis is given of the analogue signal path to

determine the key requirements which drives the design of the receiver.

3.1 Signal Chain of MeerKAT Telescope

A block diagram of the typical analogue signal chain is shown in figure 3.1 for

a direct digitization receiver and in figure 3.2 for a heterodyne receiver. The

analogue part of the signal path is divided into two subsystems namely the front-

end sub-system and the receiver subsystem. The front-end and the receiver is

connected via one metre of coaxial RF cable. These two sub-systems are discussed

in the subsequent sections.

17
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Figure 3.1: Block diagram of MeerKAT signal chain for direct digitizing receiver.
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Figure 3.2: Block diagram of MeerKAT signal chain for heterodyne receiver.
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3.1.1 Front-end

As already discussed in section 2.2, cosmic signals are focused on to the horn

assembly of the front-end using the combination of the main- and sub-reflector of

the offset Gregorian MeerKAT antenna shown in figure 2.4. The front-end collects

the celestial electro-magnetic (EM) waves and converts these to electrical format

using an Ortho-Mode Transducer (OMT). This OMT is a waveguide component

used to separate the linearly polarized electro-magnetic waves emitted by celestial

sources into two channels which contains the horizontal and vertical polarized

signals.

The horn of the front-end plays a vital role in shaping and tapering the an-

tenna beam. Incorrect horn shape can cause loss in power and increase in antenna

side lobes. These problems can be avoided by matching the shape of the horn to

that of the sub reflector [11].

Once the EM signal is converted to an electrical microwave frequency 1 signal,

this signal is amplified by a Low Noise Amplifier (LNA) as well as a second

amplification stage before entering the receiver subsystem. The front-end plays a

vital role in the overall sensitivity of the radio telescope as noise generated by this

sub-system will significantly degrade the overall noise figure of the system. For

this reason radio astronomy telescopes typically deploy front-ends which operate

at below cryogenic temperatures. This means that critical components inside the

front-end, namely the OMT and LNA, is cooled to < 93.15K 2. The typical

temperature for the MeerKAT front-end is 70K.

The reason for the cooling of these critical components to such extremely

cold temperatures is to reduce the equivalent system noise temperature Tsys of

the instrument. Unwanted noise power, Pn measured watts, introduced by elec-

tronic components such as OMT and LNAs can be calculated using the following

expression:

1Signal with frequency of 300MHz to 300GHz
2Definition of cryogenic temperature according to United States National Institute of Stan-

dards and Technology
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Pn = k TsysB (3.1)

Where k = 1.38 × 10−23 (Joules / Kelvin) known as Boltzmann constant, Tsys

equivalent noise temperature (Kelvin) and B is the total bandwidth, in Hertz

(H), over which the noise power is measured. It is clear from this equation that

unwanted noise power generated by the system can be reduced by decreasing the

noise temperature of the system which explains why radio astronomy receivers

typically operate at cryogenic temperatures.The typical noise temperature of the

entire front-end is ≤ 30 kelvin (K). Based on this analysis, any cosmic signal

presented at the input to the front-end needs to be larger than the noise power

generated by the front-end in order for the system to be able to detect it. For

this front-end the noise power in 1 Hz bandwidth can be calculated using 3.1

as 4.14 × 10−22 Watts or −183.83dBm. The key specifications of the front-end

sub-system is given in table 3.1 [14].

Table 3.1: Front-end key specifications.

Parameter Specification
Frequency range 8-14.5GHz
Gain 46dB
Noise temperature ≤ 30K

3.1.2 Receiver

The main purpose of the receiver subsystem is to digitize the signal produced by

the front-end. This can be done either by designing a receiver which digitizes

the band of interest directly, without any down-conversion in frequency, or by

designing a receiver that uses a heterodyne architecture to frequency translate

the band of interest to a suitably lower frequency IF before digitization. In

both these cases the signal produced by the front-end needs to be conditioned

to be compatible with specifications of the Analogue-to-Digital Converter (ADC)

which is being used. Conditioning of the signal prior to conversion can include
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the following:

1. Bandpass filtering of the signal to select only the band of interest while

rejecting unwanted signals

2. Bandpass filtering of the signal to prevent aliasing of unwanted signals dur-

ing the conversion process.

3. Down-conversion of the band of interest to a suitable IF frequency.

4. Gain adjustment of the signal to ensure that the power level of the signal

entering the ADC is correct.

Once signal conditioning has been done, the ADC converts this band limited

signal into digital format at a rate which depends either on the bandwidth of the

IF signal if down-conversion is done or by the Nyquist zone which is sampled in

the case of direct digitization. The digitized data is then arranged in Ethernet

packets by the Field Programmable Gate Array (FPGA) and transmitted to the

correlator via optical Ethernet interfaces. The correlator receives data from all

the receptors and determines the signal path delays between them. The correlator

then compensates for these delays before adding the signals from all receptors in

phase as if the signals were produced from one large antenna.

Both the front-end and the receiver are physically located on a platform which

is located between the main reflector and the sub-reflector of the Receptor shown

in figure 2.4. There is no environmental protection for these sub-systems resulting

in very strict environmental requirements in which these systems must operate.

The physical realization of the receiver for the current L-band is shown in figure

3.3.

3.2 Functional View of Receiver Signal Path

In this section a functional view of the signal path inside the receiver is presented.

By analyzing the functions that the receiver needs to perform, key specifications
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Figure 3.3: Physical view of the equivalent L-band receiver.

Figure 3.4: X-band receiver functions.

can be identified which will ensure that the overall performance expectation of the

system is met [15]. The functional flow diagram of the X-band receiver is shown

in figure 3.4. Each of these functions are described in the subsequent sections.

3.2.1 Filter X-band Signal

3.2.1.1 Frequency Response

Filtering requirements for the receiver is heavily dependent on the architecture

chosen for the digitization. The filter requirements for a heterodyne architecture

is very different form the filter requirements of the direct digitization architecture.

For a heterodyne receiver, an image reject filter is required, while an anti-aliasing
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Figure 3.5: Terrestrial X-band interference measurement on MeerKAT site.
Black trace represents the noise floor of the measurement system. Measurement

data shown by green and red traces.

filter is required for a direct digitisation architecture. The specifications of these

filters are derived in chapters 4 and 5 respectively. The main aim of this section

is to determine filter requirements based on system effects like interfering signals.

The frequency range for the X-band front-end of MeerKAT is 8-14.5GHz as

given in table 2.1. This frequency range therefore defines the passband of the

filter. To understand the specifications on the stopband of the filter, an audit

needs to be done on unwanted signals present in the environment which can enter

the signal path. If the power levels of these signals are large enough, it can cause

the receiver to operate in a non-linear state which will reduce the overall system

performance. Unwanted signals can either be generated by terrestrial sources

such as point to point communication systems, or can be generated by space

borne sources such as satellite communication systems.

Measurements on the MeerKAT site [16] was performed to determine the

levels of unwanted terrestrial signals in the specified frequency range. The result

of this measurement is shown in figure 3.5. It is clear from these measurements

that there is no need to provide out of band rejection for unwanted terrestrial

signals over the frequency range of 5 to 22GHz.

Currently no measurements have been performed on the site to determine the

levels of space borne unwanted signals. Frequency allocations by the International
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Table 3.2: Satellite frequency utilization.

Application Frequency range
Broadcast Satellite Service(BSS) uplink 5.9-6.4GHz
Space research 8-9 GHz
Fixed Satellite Services (FSS) 10.7-11.7GHz
BSS downlink 11.7 - 12.2 GHz
Ku-band uplink 14.5-14.8 GHz
Alternate Ku-band BSS uplink 17.3-18.1 GHz

Telecommunication Union (ITU) do however specify the frequency bands that are

being utilized by satellites. Table 3.2 list the most prominent frequencies close to

the passband [17] as provided by ITU. Most of the frequencies are inside the band

of interest and can only be avoided by ensuring that the antennas do not point

directly to these satellites during observations. The out of band signals needs to

be rejected by the filter of the receiver.

In order to determine the exact amount of suppression required for the out of

band signals actual measurements must be performed to determine the level of

these signals on site. Since this measurement is outside the scope of this work,

signals at 7 and 15 GHz are specified to be suppressed by ≥ 15dB [14].

An estimate of the filter order required to achieve the stopband suppression

can be made for a Chebyshev low pass filter prototype using the following equation

[18]:

n ≥
cosh−1

√
10 0.1LAS−1)

10 0.1LAR−1

cosh−1 Ωs

(3.2)

where LAS is the required stopband rejection and LAR is the required passband

ripple in dB. Ωs is the ratio between the upper passband frequency fU and the

stopband frequency fS given by the following equation:

Ωs =
fS
fU

(3.3)
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Figure 3.6: RF Filter response.

For this application, an 16th order Chebyshev filter will be required given that

LAS = 15 dB at 15GHz and assuming a passband ripple of LAR = 0.1 dB. The

frequency response of such a filter is shown in figure 3.6. The filter response of

a 9th and 13th order filter is also shown on the same graph. It is clear from this

graph that the lower stopband rejection specification can be met by a 13th order

filter, but this filter will not achieve the upper stopband frequency specification.

3.2.1.2 Passband Ripple

Within the passband of the receiver, the amplitude flatness needs to be controlled

such that the the ripple is less than 2dB peak to peak [14]. Ripple within the

passband can be caused by standing waves due to impedance mismatch, filter

design constraints and due to the frequency response of components such as

amplifiers and mixers.

A good input match is required to ensure that no standing waves 1 are gener-

1Superposition of an incident and reflected wave on a transmission line. Reflected wave is
caused by an impedance mismatch.
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ated on the interface between the front-end and the receiver. A good input match

is ensured by placing an attenuator at the input of the receiver [19]. Standing

waves on transmission lines are normally caused by mismatches between a source

and a load. These standing waves can result in undesired ripple inside the pass-

band of the system and therefore need to be carefully managed. The amplitude

ripple which can be induced due to impedance mismatch between the front-end

and the receiver can be calculated using equation 3.4 [19].

Apk−pk = 20 log10 [1 + |ΓFE × ΓRx|]− 20 log10 [1− |ΓFE × ΓRx|] (3.4)

If the front-end and the receiver is assumed to have a reflection coefficient of

Γ = 0.177, the peak to peak amplitude variation due to impedance mismatch

will then be approximately 0.6dBpk−pk across the passband. Reflection coefficients

can be converted to return loss which is a more commonly used parameter using

equation 3.5. Γ = 0.177 therefore equates to 15dB return loss.

RLdB = 10 log10(Γ
2) (3.5)

Components such as the amplifiers and mixers will typically not produce

passband ripple, but rather a linear slope over frequency. Since ripple due to

impedance mismatch already contributes 0.6 dB, other contributing factors to

passband ripple need to be constrained such that they do not degrade the pass-

band response by more than 3.4 dBpk−pk. This specification has a significant

impact on the choice of filter topology as well as selection of amplifiers and other

microwave components as will be shown in chapter 7.
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3.2.1.3 Instantaneous Bandwidth

From the science cases discussed in section 2.4 the instantaneous bandwidth needs

to be≥ 2GHz. The instantaneous bandwidth requirements can easily be achieved

in the case where direct digitization is performed. In the case where down-

conversion is performed, a trade-off needs to be done between image rejection

and instantaneous bandwidth. This tradeoff is discussed in detail in chapter 5.

3.2.2 Amplify Signal

3.2.2.1 Receiver Gain

In order to determine the gain of the receiver, the output power level from the

front-end system must first be determined. The minimum output power from the

front-end, PFE in dBm, is a function of the system noise temperature, gain and

the bandwidth and can be calculated using the following equation:

PFE = 10 ∗ log10
[

kTB

1× 10−3W

]
+GFE (3.6)

where K is Boltzmann constant (1.38 × 10−23) , T is the system noise tem-

perature, B is the processing bandwidth and GFE is the gain of the front-end in

dB. For the specifications of the front-end given in 3.1, the output power level

of the front-end is −44.8 dBm. This signal needs to be amplified by the receiver

such that the input power level to the ADC’s 12 dB below Full Scale (dBFS). By

ensuring the AC input is operating at this power level, the sampling efficiency of

the system will meet specification [14]. This power level determines how many of

the ADC bits are toggling when the minimum power level is present at the input

to the ADC. Assuming that the full scale power level of the ADC is 0dBm, the

gain of the receiver can then be calculated using the following equation:
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G(dB) = PADC − Pnom = 32.8dB (3.7)

3.2.2.2 Noise Temperature

As previously stated, the noise temperature performance of radio telescopes have

a direct impact on the sensitivity of the overall system. For this reason a key

design factor of the front-end is to minimize the noise figure. The choice of Low

Noise Amplifier (LNA), physical operating temperature as well as losses in front

of the LNA all contribute to the degradation of the noise figure. The contribution

of the receiver to the overall system temperature is however minimal since the

receiver is preceded by the front-end which has a significant amount of gain

(46dB).

In the case of the receiver, the first component in the line-up will not be a low

noise amplifier, but rather a wide band attenuator as already discussed in section

3.2.1.2. This attenuator is followed by a filter with insertion loss. To understand

the impact of the losses inside the receiver on the overall noise figure performance

of the system, a noise figure analysis of a cascaded system shown in 3.2 needs

to be performed. The noise figure of the cascaded front-end and receiver can be

calculated using the following equation [19]:

F = FFE +
FRx
GFE

(3.8)

where FFE and FRx is the noise factor of the front-end and receiver respec-

tively, while GFE is the gain of the front-end. The conversion between noise

temperature and noise factor is given by the following equation:
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F = 1 +
TFE
T0

(3.9)

where TFE is the equivalent noise temperature of the front-end and T0 is the

reference temperature which is 290K. Given the specification listed in table 3.1

as well as equation 3.9 the noise factor of the front-end is calculated as 1.1034 or

0.428dB.

In the case of the receiver, the insertion loss of the attenuator and the filter

adds to the noise figure of the amplifier [19] shown in figure 3.2.For noise analysis

purposes, the attenuator, filter and amplifier can be therefore be equated to a

single amplifier with gain of GRx and noise figure of NFRx = A+ IL+NFamp =

8 + 2 + 3 = 13 dB. Using equation 3.8, the cascaded noise factor can now be

calculated once NFRx has been converted to linear form. The resultant cascaded

noise factor of the front-end and the receiver is calculated as 1.1037 or 0.429dB.

From this analysis it is clear that an attenuator at the input to the receiver

followed by a filter only degrades the overall noise figure of the system by 0.027%

by less than 0.001dB.

3.3 Key Design Requirements

The analysis performed in this chapter has led to the identification of key specifi-

cations of the receiver which is listed in table 3.3. This table also lists some other

key specifications which was not explicitly derived as part of this analysis, but

are important specifications which needs to be considered as part of the design

of the receiver [14]. These include:

• Signal to Noise Ratio (SNR) Ratio of the signal power to noise power in

the receiver.

• Spurious Free Dynamic Range (SFDR) Signal strength ratio between the
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Table 3.3: Key performance requirements.

Parameter Specification
Frequency range 8-14.5GHz
Stop band rejection 15 dB
Lower stopband frequency fl 7GHz
Upper stopband frequency fu 15GHz
Passband ripple ≤ 3.4 dBpk−pk
Instantaneous bandwidth ≥ 2GHz
Gain 20.7 (dB)
SNR ≥ 23dB
SFDR ≥ 55 dBc
Group delay ≤ 3.5ns
Returnloss ≤ −15dB

fundamental signal to the strongest spurious signal.

• Group delay Time delay as a function of frequency of signals passing through

a device such as an amplifier or filter.

These specifications will be extensively used in the next chapters where the two

digitization architecture options of the receiver will be discussed and analyzed.



Chapter 4

Direct Digitization

There are two possibilities that need to be evaluated for the sampling of the

specified frequency range, namely direct digitization of the spectrum or down-

convertion of a portion of the spectrum by means of a heterodyne receiver. In

this chapter direct digitization of the band is discussed. As an introduction to

this chapter an overview of sampling theory is also presented.

4.1 Sampling Theory

4.1.1 Baseband Sampling

Sampling of a continuous time signal, x(t), at a periodic sample rate of T = 1/fs

results in a discrete time sequence, xT , being derived for n number of samples.

At any value of n, the discrete time sequence relates to the continuous time signal

as xT (n) = x(nT ) [20]. During the sampling process, each sample is attached to

(multiplied with) a direct delta function, δ( t
T
− n), which leads to the expression

32
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for the sampled signal being given by equation 4.2 [20].

xT (t) =
∞∑

n=−∞

x(nT )δ(t/T − n) (4.1)

In order to get a spectral view of the sampled signal, a Fourier transform of

xT (t) can be taken. This Fourier transform is given by equation 4.2 [20].

FXT (ω) =
∞∑

k=−∞

FX(ω − kΩ) (4.2)

This Fourier transform shows that the spectrum of the original signal, FX, is

replicated infinitely many times in the sampled spectrum. These replicas are

spaced Ω = 2πfs apart. In the case of baseband sampling, the spectrum of x(t),

FX, is assumed to be 0 outside the frequency range of [0, B] where B is the

bandwidth of the signal defined by equation 4.3. The centre frequency, fc of the

band is defined in equation 4.4.

B = fH − fL (4.3)

fc =
fH + fL

2
(4.4)

fH and fL are the upper and lower frequencies of the passband. Spacing of the

replicas is a function of the sampling rate fs and the center frequency fc. These

replicas are spaced fc±kfs apart, where k = 0,±1,±2... [20]. This is illustrated in

figure 4.2. In this figure, two scenarios are shown. In figure 4.2 (a), the sampling

rate is chosen such that the replicas are far apart from each other. In figure 4.2

(b), the choice of sampling rate does not allow for the replicas to be sufficiently

separated and aliasing occurs. Reconstruction of the original signal becomes very

difficult when aliasing occurs as two terms cannot be determined from their sums.

Aliasing is therefore an undesirable condition. To prevent aliasing in baseband

sampling applications, the sampling rate must be greater than twice the signal
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Figure 4.1: Replicas of sampled spectrum.
(a) No aliasing. (b) Aliasing

Figure 4.2: Replicas of sampled spectrum for bandpass sampling.
(a) Band limited signal. (b) Sampled signal.

bandwidth which in this case is twice the highest frequency fH . If no aliasing

occurs, the original signal can easily be reconstructed by extracting the part from

−fs/2 to fs/2 and taking the inverse Fourier transform. Although baseband sam-

pling is the preferred option for sampling, it often leads to impractical sampling

rates.
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4.1.2 Bandpass Sampling

An alternative to baseband sampling is to perform bandpass sampling where the

sampling rate is chosen as a function of the bandwidth of the signal and not the

upper frequency [21]. This type of sampling allows for the direct conversion of

some RF band to baseband without the use of analogue downconversion. The

RF signal is bandpass filtered which means that, from a theoretical view, signals

outside the passband is 0. As already discussed, replications of the sampled signal

will be created at integer multiples of the sample rate which includes 0 times fs or

baseband. This means that if the sample rate is appropriately chosen, a replica of

the band limited signal will be positioned at baseband. This is shown in figure 4.2.

In figure 4.2 (a) a band limited signal is shown to be positioned between 0 and fs.

During sampling, replicas of the original spectrum are created at multiples of fs

resulting in the spectrum shown in figure 4.2 (b) [20]. The spectrum at baseband

is now inverted or flipped.

As for baseband sampling, aliasing can also occur if fs is incorrectly chosen

[22]. To prevent aliasing in bandpass sampling, the sample rate is constrained by

the following equation 4.5.

2 fH
n
≤ 2 fL
n− 1

(4.5)

where fH and fL are the upper and lower cut-off frequencies of the frequency

band which is being sampled. The integer n refers to the factor by which the

signal is under sampled and is constrained using equation 4.6.

1 ≤ n ≤ b fH
fH − fL

c (4.6)

4.2 Direct Digitization Options

Based on the theory presented in section 4.1, the MeerKAT X-band band can be

sampled either at full Nyquist rate, baseband sampling, or at a rate that satisfies
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Figure 4.3: Baseband sampling of X-band.
(a) Received spectrum. (b) Sample rates and Nyquist zones overlaid. (c)

Sampled spectrum. Baseband signals remain at baseband. Signals from Nyquist
zone 1 flips to baseband.

the conditions for bandpass sampling. These two options will now be discussed.

4.2.1 Baseband Sampling

Based on the theory discussed for baseband sampling, the band of interest needs

to be constrained such that the entire band falls in the region of [0, 0.5 fs]. This

also implies that the sampling rate needs to be chosen to be fs ≥ 2fU to prevent

aliasing. Since fU = 14.5GHz , refer to table 3.3, the sample rate must be greater

or equal to

fs ≥ 2fH ≥ 2× 14.5GHz ≥ 29Gsps (4.7)

Figure 4.3 illustrates the baseband sampling process for the band of interest
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given the sample rate of 29Gsps. In (a) of this figure the entire spectrum up to fs

is shown. The red and the blue lines represent out of band signals. In figure (b),

the sample rate fs as well as 0.5fs is shown by the dashed lines. The gap between

fU and 0.5fs is shown by G and is referred to as the guard band. Note that if

fs = 2fU the guard band is zero. The spectrum of the sampled signal is shown in

figure (c). Signals in the range of [0, 0.5 fs] are replicated at baseband, while out

of band signals in the range [0.5 fs, fs] alias to baseband and add to the signals in

the range [0, 0.5 fs]. These unwanted signals can easily be removed by performing

low pass filtering of the received spectrum before digitization. Baseband sampling

is preferred in most applications due to the simplicity of the low pass filter as well

as the resultant signal processing algorithms [20]. The problem with this method

is however that there are currently no suitable commercial ADCs available that

can sample at the specified rate. Another matter to consider is that the data

rates which will be generated by such an ADC, if it exists, will be in the order of

87Gsps per polarization if a 3 bit ADC is assumed. This amount of data is very

difficult to manage using current FPGA technology. For this reason this option

will not be considered as part of this work.

4.2.2 Bandpass Sampling

An alternative to baseband sampling will be to perform bandpass sampling of

the band of interest as discussed in section 4.1. In this method, the incoming

spectrum is bandpass filtered prior to being sampled at a rate which is below

the Nyquist rate. For bandpass sampling, the sample rate is constrained by the

following:

2 fH
n
≤ 2 fL
n− 1

(4.8)

where fH and fL are the upper and lower cut-off frequencies of the frequency

band which is being sampled. The integer n refers to the factor by which the
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signal is undersampled and is constraint using the following equation:

1 ≤ n ≤ b fH
fH − fL

c (4.9)

Using these constraints, the under sample factor can be calculated as n = 2

for the specified frequency range. Since n is known, fs can also be constrained

using equation 4.8, resulting in 14.5 ≤ fs ≤ 16 Gsps. Recent technology advances

have been made that resulted in ADCs that can sample at these rates. One such

example is a 26Gsps ADC from Analog Devices [23]. This ADC can sample up

to 26Gsps and provide three output bits for each sample. Bandpass sampling is

therefore a viable option which can be considered for this design, provided that

3 bits are sufficient.

This analysis has highlighted one of the main advantages of bandpass sam-

pling. The sampling rate required to sample the same frequency range can be

reduced from 29Gsps to approximately 15Gsps which also means that the data

rate required has been reduced.

4.3 Disadvantages of Bandpass Sampling

The major disadvantage of bandpass sampling is that unwanted signals from all

Nyquist zones aliases into the band of interests. There is no way to distinguish

these unwanted signals from the wanted signals. Bandpass filtering of the com-

plete signal chain up to the point of sampling therefore needs to be carefully

considered. The way the sampled spectrum aliases when bandpass sampling is

performed is shown in 4.4.

In this figure the received spectrum is shown in sub-plot (a). The band of

interest is shown in green while out of band signals are shown by the red, blue

and green traces. In sub-plot (b), the sample frequency, fs, as well as 0.5fs,

1.5fs and 2fs is shown by the dashed lines. These also set the boundaries for

baseband signals (0 to 0.5fs), Nyquist zone 1 (0.5fs to fs), Nyquist zone 2 (fs
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Figure 4.4: Aliasing spectrum in bandpass sampling.
(a) Received spectrum. (b) Received spectrum with sample rate and Nyquist

Zones overlaid. (c) Sampled spectrum.

to 1.5fs) and Nyquist zone 3 (1.5fs to 2fs). The sampled spectrum is shown

in sub-plot (c). The wanted signals located in Nyquist zone 1 is replicated at

baseband where it adds to the unwanted signals at baseband. To complicate

things further, unwanted signals from Nyquist zones 2 and 3 also replicated at

baseband where they add to the wanted signals in the band of interest as well

as the unwanted signals at baseband. This degrades the system dynamic range

and efficiency 1 performance. It is clear from this diagram that strict bandpass

filtering is required to remove unwanted signals at baseband as well as Nyquist

zones 2 and 3 prior to sampling. This filtering is performed by an anti-aliasing

filter which is discussed in the next section.
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Figure 4.5: Stopband of anti-aliasing filter.

4.4 Anti-aliasing Filter

From figure 4.5 it can be seen that the upper and lower frequencies at which

aliasing of signals starts is defined as follows:

fstop(L) = fL − 2(fL − 0.5 fs) (4.10)

fstop(H) = fH + 2(fs − fH) (4.11)

where fstop(L) and fstop(H) are the the frequencies at which aliasing of the spec-

trum starts and defines the lower and upper stopband frequencies respectively.

It is clear from these equations that the stopband frequencies are defined by the

sampling frequency (fs). If the sampling frequency is selected as 15GHz, the

lower stopband frequency for this filter will be 7 GHz while the upper stopband

frequency will be 15.5GHz. This selection of fs results in a symmetrical filter

specification as the gap between the stopband frequencies and the passband fre-

quencies being the same at either side of the filter. A symmetrical filter roll-off is

therefore achieved. If the sampling frequency is increased to 15.2Gsps, an asym-

metrical filter response is required as the gap between fH and the upper stopband

frequency is larger than that of the gap between the fL and the lower stopband

frequency. The exact choice fs can therefore be used to optimize the design of the

anti-aliasing filter [24]. The filter topology suggested as part of this work leans

towards a symmetrical filter implementation resulting in the sampling frequency

1Refers to the ratio of the output and input Signal to Noise Ratio (SNR) of the receiver
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of 15Gsps being selected for this work.

The amount of stopband rejection required for this ultra-wideband receiver

depends on the following:

• Signal to noise ratio requirements

• Rejection of specific out of band interfering signals such as satellite or air-

borne transmitters.

The analysis of these system parameters are outside the scope of this work

but they are required for the specification of the filter. Specifications listed in

table 3.3 states that 15 dB of rejection is required at 7 and 15GHz. In addition

to these specific frequencies, 23dB of rejection is required at the point where the

signals alias and a monotonic decreasing slope over the rest of the band [14]. It

is important to note that any unwanted signals which is produced by the receiver

itself will need to be rejected by much more to ensure that the system meets the

Spurious Free Dynamic Range (SFDR) performance specification listed in table

3.3. Unwanted signals are greatly dependent on the exact implementation of the

system and are therefore not discussed any further.

The specification of the filter is shown in figure 4.6 for sampling rates of 15Gsps

and 15.2Gsps respectively. It is clear from this figure that the required filter

response is symmetrical for a sample rate of 15Gsps and asymmetrical in the case

of 15.2Gsps. The design of an anti-aliasing filter capable of these requirements is

presented in chapter 6.

4.5 Simulation of Bandpass Sampling Receiver

A simulation of a direct sampling, bandpass sampling, receiver as described in

prior sections was constructed using AWR software [25] and is shown in figure 4.7.

In this simulation, the ADC is sampling a tone as well as noise using an 8 bit ADC.
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Figure 4.6: Attenuation specification of anti-aliasing filter.

Figure 4.7: High level simulation of direct digitisation receiver.
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Figure 4.8: Spectrum of simulated system.
Spectrum produced with 8 (red) and 14.5 GHz (blue) signal applied. A 1 GHz

interfering signal is also shown.

The sample rate is set to 15.2Gsps. The resultant spectrum is shown in figure 4.8.

The blue trace shows the aliasing of the upper passband frequency (14.5GHz) to

baseband while the red trace shows the aliasing of the lower stopband frequency

(8GHz) to baseband. Both these frequencies alias to 700MHz and 7200MHz

respectively as expected since the band is inverted at baseband. An interfering

signal at 1GHz is deliberately injected inside the baseband zone at a power level

of approximately 40dB below the full scale power level of the ADC. It is clear from

this simulation that this interfering signal adds to the wanted signals sampled in

the second Nyquist zone which explains the need to remove unwanted signals in

all Nyquist zones prior to sampling. The rest of the spurious signals seen in this

figure are artifacts caused by the sampling process of the ADC which cannot be

changed.
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4.6 Summary

In this chapter direct digitization of the X-band frequency range for MeerKAT was

discussed. The theory of digitization was first presented as an introduction to this

chapter. Based on this theory, two options were presented for digitization of this

band namely baseband and bandpass sampling. Due to unrealistic sample rate

requirements, baseband sampling was found not to be feasible for this application.

Bandpass sampling was however found to be feasible and resulted in the selection

of the sample rate of fs = 15Gsps. This selection of sample rate also resulted in

the specification of the required anti-aliasing filter which is shown in figure 4.5.

Finally a simulation of a bandpass sampling receiver is presented which confirms

the theory presented and design decisions taken in this chapter. In chapter 5 a

heterodyne receiver architecture will be presented.



Chapter 5

Digitization using Heterodyne

Receiver

In this chapter the design of a single stage heterodyne receiver is discussed. As an

introduction to this chapter, the proposed signal chain of a heterodyne receiver

is presented. This is followed by an theoretical overview of the mixing process.

This theory is then applied to determine the key design aspects of the heterodyne

receiver.

5.1 Proposed RF Signal Chain for Heterodyne

Receiver

The signal chain block diagram of a heterodyne receiver is shown in figure 5.1.

This block diagram shows two main sections. The first block is the front-end

which is shown as a single amplifier block. The second section is the detailed

block diagram of the receiver. Since the front-end is not part of the scope of

work, it will only be modelled as a single amplifier stage with the specifications

as given in table 3.1.

45
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Figure 5.1: Detailed block diagram of a single channel heterodyne receiver.
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The signal chain lineup of the receiver is based on a single stage heterodyne

topology which consists of one mixer which down converts the specified frequency

band to an Intermediate Frequency (IF). The local oscillator (LO) signal required

by the mixer is provided by an internal module of the receiver. The frequency of

the LO is tuned such that the correct IF is generated for the specific frequencies

which are being observed. Filtering of the received signal is done using a bandpass

filter with the passband being 8-14.5 GHz. A second bandpasss filter is placed

on the IF port of the mixer to ensure that the mixing products of the mixer are

filtered before entering the ADC. This filter also provides anti-aliasing filtering

as required by the ADC. The correct signal power level into the ADC is ensured

by placing amplifiers on the RF and IF ports of the mixer.

5.1.1 Mixing Process

Figure 5.2: Downconversion using a mixer.

A mixer is a three port device which uses non-linear devices such as diodes to

achieve frequency conversion [19]. A functional view of a mixer used for downcon-

version is shown in figure 5.2. The three ports of a mixer are normally designated

as the RF port, Local Oscillator (LO) port and the Intermediate Frequency (IF)

ports. During the downconversion process, the mixer modulates signals on the

RF port with the signal applied to the LO port to produce the IF signal. The

LO signal can be expressed as

vLO(t) = cos2πfLO t (5.1)

while the RF signal can be expressed as

vRF (t) = cos2πfRF t (5.2)
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The resultant IF signal can then be mathematically expressed as

vIF (t) = KvRF (t)vLO(t)

= Kcos2πfRF tcos2πfLOt

=
K

2
[cos2π (fRF − fLO) + cos2π (fRF + fLO)]

(5.3)

K is a constant that relates to the conversion loss of the mixer. It is clear from

equation 5.3 that the IF signal consists of the sum and difference of the RF and LO

signal frequencies. Since the application is for downconversion of the RF signal,

the desired IF frequency is the difference signal which can easily be selected using

a low pass filter. The frequency of the IF signal, fIF can be expressed in terms

of the RF, fRF , and LO, fLO, frequencies using the following equation:

fIF = fRF − fLO (5.4)

This equation assumes that fRF > fLO. It might however be beneficial for systems

designers to have allow fLO > fRF which results in the following relationship

between fRF , fLO and fIF :

fIF = fLO − fRF (5.5)

For this work, fLO is set to be above fRF for reasons which will become apparent

later.

Equation 5.3 provides the IF output signals from a mixer based on the mul-

tiplication of the RF and LO signals. In practice many other mixing products

are produced due to the non-linear behaviour of the diodes or transistors used

in the mixer. The reason being that any nonlinear device will produce not only

the input frequencies but also harmonics and intermodulation products of the

input frequencies applied to the device [19]. Unwanted signals produced by this

nonlinear behaviour depends on the choice of fLO and fIF for a given fRF [26].

Downconversion of a wanted RF signal is achieved by selecting the LO fre-

quency such that the correct IF frequency is achieved and by performing filtering
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Figure 5.3: Selection of IF.

to select only the IF. The choice of the fIF is constrained by the minimum in-

stantaneous bandwidth requirement of ≥ 2GHz as given in table 3.3. There are

two options for sampling the IF signal as already discussed in section 4.1 as part

of direct digitization. The first option is to select the IF frequency such that the

entire instantaneous bandwidth is at baseband. This then means that the high-

est frequency component of the IF signals will be 2GHz. The IF signal will then

have to be sampled at ≥ 4GHz in order to satisfy the constraints of baseband

sampling. The second option for sampling this down-converted signal is to se-

lect the IF such that the downconverted signal is located in the first Nyquist zone

which then allows for bandpasss sampling to be performed as described in section

4.1.2. If the baseband sampling option is selected, each portion of the spectrum

will have to be down converted to baseband with the IF frequency being 1GHz,

shown by the blue trace in figure 5.3, which results in the frequency of the LO

being

fLO = fRF + 1GHz (5.6)

If we choose to sample in the second Nyquist zone, the IF will be selected as

3GHz, shown by the red trace in figure 5.3, which then results in fLO being set

to

fLO = fRF + 3GHz (5.7)
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It is clear from this, that by choosing to sample in the first Nyquist zone, the

required IF frequency is much higher which result in a much greater separation

between the LO and the RF signals. This is a major advantage as the greater

the separation between the IF, RF and LO frequencies, the easier the filtering

become which is required to get rid of unwanted mixing products [19].

5.1.2 Image Response

Another major advantage of a higher IF frequency is that the image rejection

of the system can be greatly improved. There are four main signals which are

produced by the mixing process namely fRF , fLO and the sum and differences

of these to signals [19]. In this design the desired IF frequency is given by the

difference between the LO and the RF signal as shown in the following equation:

fIF = fLO − fRF (5.8)

An unwanted image signal can however also appear at the IF port of the mixer.

This image is as a result of the difference between the RF and LO signals. The

image frequency for this application is expressed using the following equation:

fIFIM
= fRF − fLO (5.9)

This image signal is indistinguishable from the wanted signal which has been down

converted. Signals entering the RF port of the mixer need to be appropriately

filtered to ensure that the image frequencies are sufficiently rejected. Since fLO

is chosen to be greater than that of the RF, the LO frequency can be calculated

using the following equation:

fLO = fRF + fIF (5.10)

If the receiver is set to receive the centre 2GHz band of the X-band frequency

range (i.e. 10.25 to 12.25GHz) and the IF is selected to be 3GHz, fLO will be set
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to

fLO = fRF + fIF

=
10.25 + 12.25

2
+ 3

= 14.25GHz

(5.11)

An image will then appear at the RF frequencies of

fIM = fLO + fIF ± 0.5BW

= 14.25 + 3± 1

= 17.25± 1GHz

(5.12)

These signals are out of band and will therefore not have an impact provided

that the band select filter provides sufficient rejection over this frequency range. If

however the receiver is set to receive the lower end of the X-band frequencies (i.e.

8 to 10GHz), the image frequencies are calculated to be at 15± 1GHz. In other

words, if the receiver is tuned to observe the frequency range of 8 to 10GHz, signals

at 14 to 16 GHz will cause images to appear at IF which are indistinguishable

from the signals which are being observed. These image frequencies cannot be

removed by filtering as the lower frequency portion falls within the passband of

the receiver. This is an undesirable situation which cannot be allowed. The image

problem needs to be mitigated.

The options available to fix the image problem for this receiver are:

1. Increase the IF frequency

If the IF frequency is set to be 4.5GHz the image frequencies will be at

17 ± 1GHz for the low end of the X-band spectrum which is comfortably

outside the MeerKAT band. This will however require an ADC which is

capable of sampling at ≥ 6Gsps and with a RF bandwidth which will allow

for the sampling of signals in the second Nyquist zone. Suitable ADCs
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Figure 5.4: Heterodyne receiver downconversion.

from e2V [27] and Adsantec [28] have been identified that can meet these

specifications.

2. Use an image reject mixer

Image reject mixers can be used to reject the images by approximately 30dB

[19]. Commercial Off The Shelf (COTS) image reject mixers capable of

operating at the specified frequency ranges and bandwidths could however

not be found during this investigation.

3. Dual mixing stages

A dual mixing stage architecture can be used to firstly up convert the

MeerKAT band to a very high frequency, before being mixed down again

to the desired IF frequency. This design is complicated and can be difficult

to achieve when considering the other system constraints such as environ-

mental conditions and Radio Frequency Interference (RFI).

4. Use a filter bank to divide the MeerKAT band into sub-bands.

The MeerKAT band can be divided into various sub-bands which can be

selected via high frequency switches before downconversion. Each of these

bands can be carefully selected such that the image frequencies are suffi-

ciently rejected. The disadvantage of this option is that the signal path up

to the mixer will have to be duplicated. In addition to this many compli-

cated filters will need to be designed to select these sub-bands. This option

will significantly increase the cost of the system.

The most feasible option from the list given above is to increase the IF fre-

quency to 4.5GHz. The downconversion process described above is illustrated in
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figure 5.4. In this figure, the band of interest is indicated between 8 and 14.5

GHz, the IF frequency is 4.5 ± 1GHz and the image frequencies are shown in

yellow. The LO frequency range is shown by the red functions. These indicate

the tuning range required by the LO which is between 13.5 and 17GHz. The IF

signals will be bandpass sampled. This means that the sampling rate is bound

by equations 4.5 and 4.6 as was discussed in section 4.1.2. Using these equations,

the under sampling factor n is calculated as 2 and the sampling frequency range

as 5.5 ≥ fs ≥ 7 Gsps. A similar analysis as was done in section 4.4 can be done

to determine the anti-aliasing filter requirements for the IF signal. This analysis

is however outside the scope of this report.

5.2 Filter Rejection

One major advantage of the single stage heterodyne architecture compared to that

of the direct digitization architecture is that the out of band rejection required

by the filter is different for the upper band compared to that of the lower band.

Since the heterodyne receiver can be tuned to select only the band of interest, the

main concern would be the rejection of the image frequencies. From table 3.3,

out of band rejection is specified as 15dB at 7 and 15 GHz. These specifications

are however not that important for this architecture since the LO can be set such

that these signals are not selected. These signals also do not correspond to any

of the image frequencies that need to be rejected.

The main aim of the band select filter is therefore to reject the image fre-

quencies. As already mentioned, signals at the image frequencies will be indis-

tinguishable from the wanted signals which are in-band. Interfering signals at

the image frequencies will therefore degrade the overall system Spurious Free

Dynamic Range (SFDR) 1 performance which is specified in table 3.3 as 55dB.

The band select filter therefore needs to provide 55dB of rejection of the image

frequencies.

1Power ratio of the fundamental signal to the strongest spurious signal in the output of the
ADC
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Figure 5.5: Image reject filter attenuation for heterodyne receiver.

5.3 Band Select Specification

Based on the analysis above, the detailed specifications of the single stage het-

erodyne receiver is given in table 5.1.

Table 5.1: Detailed specifications of heterodyne receiver.

Parameter Specification
RF Frequency range 8-14.5 GHz
IF Frequency 4.5 GHz
IF Bandwidth 2.5 GHz
LO Frequency RF+IF
Image frequencies 17-23.5 GHz
Image rejection 55 dB
Stopband frequencies 7 and 15 GHz
Stopband rejection 15 dB

The frequency response of the band select filter, which is actually an image

reject filter, is shown in figure 5.5. The detail design of a filter capable of this

frequency response is described in chapter 6.
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Figure 5.6: Simulated spectrum of heterodyne receiver.

5.4 System Simulation

A simulation of the proposed heterodyne receiver shown in figure 5.1 was per-

formed using AWR software [25]. The resultant IF spectrum is shown in figure

5.6. The LO was set to 18GHz. This selects the upper portion of the band for

this simulation. A signal was injected at the input of the front-end at a frequency

of 14.5GHz with a power level of -88dBm. The resultant spectrum shows that

the 14.5GHz tone mix down to an IF frequency of 3.5GHz as expected. Similar

test was done for a tone of frequency of 8GHz with the LO set to 13.5GHz. In

this case the tone mixes to an IF frequency of 5.5GHz as expected. The resultant

spectrum in 5.6 also shows that no unwanted mixing products are observed in

the downconverted spectrum.

5.5 Summary

In this chapter the design of a single stage heterodyne receiver capable of meeting

the requirements of the MeerKAT X-band was presented. As an introduction to

this chapter, the theory of the mixing process was presented. This theory was
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then used to make key system design choices such as the selection of the LO and

IF frequencies. The first selection of the IF frequency resulted in an unwanted

image being created at the IF of signals located in the upper part of the band

when the receiver was tuned to receive the lower portion of the band. This was

mitigated by increasing the IF frequency. The specification of the image reject

filter required by this receiver was derived based on the selection of the IF and

LO frequencies. Finally a signal path simulation of the heterodyne receiver was

presented to confirm that the design perform as expected. The detailed specifi-

cation of the receiver is listed in table 5.1 and the required frequency response of

the image reject filter is shown in figure 5.5. In the next chapter a filter design is

presented which can achieve the specification of this image reject filter.



Chapter 6

Design of Band Select Filter.

In this chapter a bandpass filter is designed to cater for the requirements of a

X-band single stage heterodyne receiver as discussed in chapter 5. However as

a design goal, the filter will also be designed to achieve the specifications of the

anti-aliasing filter required for the direct digitisation design with a sample rate

of 15GHz as described in chapter 4. The attenuation as a function of frequency

response of the two types of filters required for these designs are shown on the

same plot in figure 6.1. The complete list of specifcations for the filter is given in

table 6.1 as has been derived in the previous chapters.

6.1 Choice of Filter

The fractional bandwidth required of a bandpass filter capable of meeting the

passband specification can be calculated using the following equation:

BW% = 100 × fu − fL√
fu × fL

(6.1)

57
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Figure 6.1: Combined minimum filter attenuation specifications.

Table 6.1: Band select filter specifications.

Parameter Specification
Passband 8-14.5GHz
Lower stopband frequency 7GHz
Upper stopband frequency 15GHz
Stopband attenuation 15dB
Image band 17-22GHz
Image band rejection ≥ 55dB
Lower aliasing band 0-7GHz
Upper aliasing band 15.5 - 22.5GHz
Aliasing band rejection ≥ 23dB
Returnloss ≥ 10dB
Insertion loss ≤ 1.5dB
Passband ripple ≤ 1dBpk−pk
Groupdelay flatness ≤ 3.5ns

Where fU and fL are the upper and lower passband frequencies. For the

MeerKAT filter, this is calculated to be 60.4 %. Filters with fractional bandwidths

of ≥ 20% and bandwidth exceeding 500MHz is classed as ultra-wideband [29]

filters which limits the type of filter topology which can be used to implement
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these types of filters. Two filter topologies were identified as possible solutions

and investigated as part of this work. These will now be discussed.

6.1.1 Cascaded Low-pass and High-pass Filters

Cascading of filters have been shown to be a very good implementation choice

to realize ultra-wideband filters [30; 31].Frequency responses can be achieved by

cascading, low-pass and high-pass filters, high-pass filters and band-stop filters or

low-pass filters and band-stop filters depending on the specification that needs to

be achieved. The main advantage of cascading filters is that the lower and upper

stopband can be independently designed which is very useful in designs where

asymmetrical filter responses are required as is the case for for the image reject

filter of the heterodyne receiver of MeerKAT. High-pass and low-pass filters are

typically cascaded in ultra-wideband applications as these filters typically provide

very wide passband responses. The disadvantage however is that these filters can

take up significant amount of space and impedance mismatch between the filters

can result in undesirable ripple in the passband.

Quasi-lumped element designs implemented on Suspended Strip Line (SSL)

has been shown to be a good option when designing cascaded low pass and high

pass filters [32]. SSL is a special form of strip line structure where the substrate is

suspended in air and enclosed by metal on all sides similar to a waveguide as shown

in figure 6.2. The advantage of this structure is that the modes of propagation

of the signal through this structure is purely Transverse Electromagnetic (TEM)

which means that the electric and magnetic fields of the signal are orthogonal

to each other and orthogonal to the direction of propagation [19]. This yields

a major advantage of this type of structure above micro-strip structures in that

there is no dispersion 1 of the signals propagating through the structure. Design

equations for the calculation of the impedance and effective dielectric constant of

transmission lines implemented in SSL is given in appendix A 8.2.

1Refers distortion of a signal due to a frequency dependency of the phase velocity of a signal
traveling on a dielectric medium [19].
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Figure 6.2: Suspended Strip Line (SSL) structure.

SSL structures are ideally suited for the implementation of quasi-lumped ele-

ment capacitors and inductors since both sides of the substrate can be used [32].

Series inductors can be implemented using thin traces of transmission lines which

can be connected in series or it can be connected to ground to realize shunt induc-

tors as shown in figure 6.3. Series capacitors can be realized by small gaps in the

transmission line or by placing metal patches on opposing sides of the substrate

to implement Metal Insulating Metal (MIM) capacitors [18]. Shunt capacitors

to ground can also be realized using MIM capacitors by connecting the one side

of the capacitor to ground as shown in figure 6.4. The typical inductance and

capacitance which can be practically realized using these structures are shown in

figures 6.5 and 6.6.

Figure 6.3: SSL series inductor.
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Figure 6.4: SSL MIM capacitor.

Figure 6.5: SSL series inductance as a function of transmission line length.
Inductance for 0.4 mm and 0.8 mm transmission line widths shown in blue and

red respectively. Equation provides a linear approximation of the 0.4 mm
transmission line.

Figure 6.6: SSL MIM capacitance value as a function of overlap.
Equation provides a linear approximation of capacitance vs. overlap.

Using AWR software [25], an estimation of the lumped element component

values required to realize an 11th order low-pass and high-pass filter with a type 1
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general Chybychev response can be made. For this design inductor values required

for the low-pass filter is in the range of 0.14 to 0.8 nH while the capacitance

required is approximately 0.1pF. For the high-pass filter, the inductance required

is 1.1 to 2 nH while the capacitance required being 0.25 to 1.5pF. It is clear

that the range of values required are mostly outside the range of values shown in

figures 6.5 and 6.6.

The problem with realizing small value of inductance and capacitance is that

parasitic capacitance between these components and the metal structure tends

to dominate. This prevents the implementation of these very small value compo-

nents. Due to these limitations, this filter design is found not to be suitable for

this application. Quasi-lumped element filters implemented on SSL is however an

implementation option which can be used for the design of the IF filter required

for the heterodyne receiver and will be considered for future work.

6.1.2 Distributed Band-pass Filter

Another filter topology that can be used for wide band applications is a dis-

tributed band-pass filter. This type of filter has been shown to be ideally suited

for ultra-wideband applications [18; 33; 34]. In [33] an ultra-wideband filter with

an fractional bandwidth of 69 % and center frequency of 4.5GHz was demon-

strated.

A distributed band-pass filter uses shunt quarter wavelength (λ0/4) short-

circuited stubs to implement the required filter element values which are also

separated by λ0/4 connecting lines [18]. A variant on this filter is an optimum

distributed high-pass filter [18] which also deploys short circuit stubs, but these

stubs are not λ0/4 stubs, but rather stubs with length of θc at the cut-off frequency

of the high-pass filter. This high-pass filter has a pass-band from θc to π − θc.
The pass-band repeats periodically at θ = 3π

2
, 5π

2
... and has attenuation poles at

θ = π , 2π.... The value of θc can be calculated for a specified pass-band using

the following equation:
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Figure 6.7: Frequency response of optimum distributed filter.

θc =
π fL

fu + fL
(6.2)

Where fL and fu is the upper and lower passband frequency of the filter.

Using this equation, θc is calculated as 64◦ for the MeerKAT passband. The

frequency response of this type of filter is shown in figure 6.7 [18].

6.2 Design of Distributed Bandpass Filter

The schematic of an 11th order distributed bandpass filter is shown in figure

6.8. The impedance and lengths of each of the transmission lines are determined

using [25] based on the lower and upper stopband frequencies, filter order and θc

as calculated in equation 6.2.

In this design the electrical lengths of the transmission lines was selected to

be approximately 64◦ and subsequently optimized to approximately 63◦. The

impedance of each of the transmission lines are shown in table 6.2.

The simulated results of the ideal implementation of this filter is shown in

figure 6.9.
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Figure 6.8: Transmission line schematic of distributed filter.



CHAPTER 6. DESIGN OF BAND SELECT FILTER. 65

Table 6.2: Optimized impedance values.

Transmision line Impedance
Shunt transmission lines 35.9 Ω
TL2 and TL20 52 Ω
TL4 and TL18 65.4 Ω
TL6 and TL16 74.2 Ω
TL8 and TL14 78.2 Ω
TL10 and TL12 79.2 Ω

6.3 Realization of Filter

This filter is to be integrated with other discrete components such as ampli-

fiers, mixers and attenuators. All of these components are typically designed for

micro-strip designs. For this reason the design is chosen to be implemented on

micro-strip as this will ease the integration with the rest of the circuit. This

decision might however result in higher insertion loss which can be mitigated by

increasing the overall gain of the receiver to compensate for the additional loss.

This additional loss will not have an impact on the overall noise performance of

the system as shown in section 3.2.2.2.

The Mercurywave 9350 [35] substrate was selected due to a dielectric constant

of 3.5 and low dissipation factor. This material is readily available from local

suppliers and is available in various substrate thicknesses.

The substrate height was chosen as 211 micrometre (µm) which ensures that

the trace thicknesses of the transmission lines given in table 6.2 does not violate

the minimum trace thickness specification which the manufacturer can accommo-

date. In this case the minimum trace width is 125µm. All traces must therefore

be ≥ 125µm and preferably ≥ 200µm.

The widths and lengths of the transmission lines are then calculated for micro-

strip lines on the selected substrate. The calculation of the widths and lengths

are described in detail in [18; 19]. Many calculators have also been developed for

this purpose such as the one by AWR [25] which was used in this work.
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Figure 6.9: Frequency response of ideal distributed filter.

The last thing to consider is the connection of the shunt transmission lines to

ground. This is done by connecting the transmission line on top of the substrate to

the ground plane at the bottom of the substrate using a via. By inserting the via,

additional inductance is added to the end of the transmission line. This needs

to be compensated for as this additional inductance will change the frequency

response of the filter.

The widths and lengths of each of the transmission lines of this filter are given

in table 6.3 after optimization and compensation for the addition of the vias. A

schematic of the distributed filter, converted to a micro-strip design and including

the vias is shown in figure 6.10. The lengths of the shunt transmission lines have

been optimized to compensate for the additional inductance of the vias to ground.

A physical view of the filter is shown in figure 6.11.
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Figure 6.10: Transmission line schematic of distributed filter including vias.
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Table 6.3: Physical dimensions of transmission lines.

Transmision line Width (µm) Lenght (µm)
Shunt transmission lines 660 3586
TL2 and TL20 425 4064
TL4 and TL18 275 4064
TL6 and TL16 196 3927
TL8 and TL14 174 4126
TL10 and TL12 153 4312

Figure 6.11: Physical view of distributed filter.

6.4 Simulated results

The physical implementation of the filter is then simulated using a much more

accurate Electro-Magnetic (EM) simulator. This type of simulator simulates

the electro-magnetic propagation of signals through the physical structure. It is

therefore able to simulate a near real world performance of the filter.

Two EM simulators were used in this design. The first being Axiem EM

simulator from AWR [25] and the second being the SONNET EM simulator [36].

The comparison of the simulations are shown in figure 6.12. It can be seen that

there is practically no difference between the EM simulations with respect to the

insertion loss. The reason for the discontinuity in at approximately 15.6GHz in

the SONNET simulation is not known.



CHAPTER 6. DESIGN OF BAND SELECT FILTER. 69

Figure 6.12: EM simulated frequency response of the filter.

6.5 Measured results

A photo of the constructed filter is shown in figure 6.13. Due to their availability,

SubMiniature version A (SMA) connectors are mounted on the input and output

of the filter to enable the testing of the filter by means of a network analyzer.

The measured insertion and return loss of the filter is shown in figure 6.14.

The return loss of the constructed filter is less than the specified value of -

10dB. This is due to the effect of the connectors which have not been removed from

these measurements. This can be done by designing an appropriate Thru Reflect

Line (TRL) calibration which include the connectors. The final design will not

use connectors. This aspect will be improved on during next design iterations

of the filter. The repeat response of the filter at 21.4GHz is expected as the

transmission lines becomes half a wavelength at double the frequency. Although

this is inside the image frequency range of the filter it will be attenuated by the
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Figure 6.13: Constructed filter.

frequency limitation of other components such as the amplifiers and the mixer and

is therefore not a concern in this design. The measured group delay performance

of the filters are shown in figure 6.15. It is clear that the group delay variation

of the filter is much less than 3.5ns as specified.

A comparison between the measured frequency response and the specification

is shown in figure 6.16. It is clear from this figure that the distributed filter meets

the stopband specification for the anti-aliasing filter. Additional suppression is

however required in order to provide the required image rejection above 18GHz.

This rejection can be provided by other components in the line-up such as the

mixer as will be discussed in chapter 7. The passband frequency of the filter is

correct, but the insertion loss exceeds specification.

6.6 SSL implementation of Distributed filter

Although the micro-strip filter designed in the previous section meets all the

specifications, the widths of the transmission lines are of concern. PCB manu-

facturing tolerances can result in variation of trace widths which can result in

variation in frequency response between manufacturing batches. This can be

prevented by having wider traces which are less sensitive to manufacturing tol-

erances. In order to increase trace widths, the distributed filter described above

can be constructed using SSL. Trace widths will be greatly increased from that

used in the micro-strip design. A SSL design will also improve insertionloss of
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Figure 6.14: Measured frequency response of the filter.

the filter in the passband [31]. From figures 2 and 3 in appendix A (8.2), the

impedance of a SSL trace of width x can be can be calculated using the following

equation:

Z = 170.03 e−0.342x (6.3)

Solving this equation for x results in the following equation which allows for the

calculation of the trace width (x) that yields a specified impedance, Z:

x = − ln (Z/170)

170.03
(6.4)

Using this equation, the trace width for the various impedances required by the

distributed filter can now be calculated. The results are shown in table 6.4.

The length of the connecting transmission lines as well as the shunt stubs is

required to be Θc = 63◦ as discussed in section 6.2. The guided wavelength λg of
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Figure 6.15: Measured group delay response of the filter.

Figure 6.16: Comparison of specification and measured results.
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Table 6.4: SSL trace width for specified impedance.

Transmision line Impedance Width (mm)
Shunt transmission lines 35.9 Ω 4.52
TL2 and TL20 52 Ω 3.44
TL4 and TL18 65.4 Ω 2.78
TL6 and TL16 74.2 Ω 2.41
TL8 and TL14 78.2 Ω 2.26
TL10 and TL12 79.2 Ω 2.22

a wave propagating in SSL can be calculated using equation 6.5.

λg =
c

f
√
er

(6.5)

where c = 300 × 106ms−1 which refers to the speed of light. The frequency

f = fL = 8GHz as defined in section 6.2. The effective dielectric constant of a

SSL structure is shown in figure 3 in appendix A (8.2) and is taken to be er = 1.26.

Using these values, the guided wavelength can be calculated as λg = 33.4mm.

A phase shift of 63◦ can therefore be achieved using a transmission line with a

length of

Tlength = λg
Θc

360
= 5.85mm (6.6)

Using the widths of the various transmission lines given in table 6.4 as well as

the stub and transmission line length Tlength the ideal filter shown in figure 6.8

can be physically realized on SSL. The physical layout of the transmission lines

is shown in figure 6.17. These transmission lines are implemented on the same

substrate used for the micro-strip design i.e. 211µm thick substrate Mercurywave

9350 substrate [35].

The substrate is mechanically mounted in an aluminum enclosure which sus-

pends the substrate in air such that the structure shown in figure 6.2 is realized.

This is shown in figure 6.18. In this figure, the blue structure represents an air

gap. The open space around the filter structure is modeled as a Perfect Electrical

Conductor (PEC) which is connected to ground. The stubs are also suspended in
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Figure 6.17: PCB of distributed filter implemented on SSL.

Figure 6.18: Distributed filter implemented on SSL.

air. Shunt stubs are short circuited to the edge of the structure which is connected

to ground.

A model of this filter was constructed using CST [37] which is a 3D electro-

magnetic simulation software. Optimization of the transmission line widths listed

in table 6.4 as well Tlength was required to achieve the desired frequency response.

The maximum optimization required for the line widths was 8% of the theoretical

value. After optimization, Tlength was 22% longer than the calculated value. This

increase in length of Tlength is due to the additional length which gets added to the

transmission lines as a result of the very wide traces used required by the series

transmission lines. The simulated insertionloss and returnloss response of this fil-

ter is shown in figure 6.19 and 6.20 respectively. Very low , ≤ 1 dB, insertionloss

is achieved within the passband of the filter which lies between 8 -14.5GHz. Out
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Figure 6.19: Distributed filter S-parameters.

of band rejection at 7.6 and 15.9 GHz is ≥ 23 dB which meets the specification

for anti-alias filtering. Out of band rejection above 17GHz does however not meet

specification. This is due to an unwanted increase in S21 response above 16GHz

which is also coupled to a very narrow dip in S11 at approximately 17GHz. The

cause of this is not known at this stage and will be investigated in future work.

Over the passband frequency the returnloss, S11 is ≤ −13 dB. The groupdelay

of the filter is maximum 1.3ns over the passband of the filter as shown in figure

6.20 which is less than the specified value of 3.5ns.

Figure 6.20: Distributed filter group delay.
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Figure 6.21: Comparison between SSL and Micro-strip implementation.
Ideal distributed filter (pink trace). Disrtibuted filter implemented on micro-strip

(red trace). Distributed filter implemented on SSL (blue trace)

6.7 Comparison of SSL and Micro-strip designs

In figure 6.21, the S21 response of an ideal distributed bandpass filter, pink trace,

is compared to that of a distributed filter implemented on micro-strip, red trace,

and a distributed filter implemented on SSL, blue trace. The results for the

micro-strip implementation is based on measurements, while the ideal and SSL

results are simulation based. The passband, upper and lower aliasing bands as

well as the image band are idicated by the shaded areas on this plot. The filter

response is not permitted to enter these areas. The passband insertion loss of

the simulated SSL filter is very close to that of the ideal filter whereas the micro-

strip filter adds approximately 2dB insertion loss in the passband. Both the

micro-strip and the SSL filter comfortably meets the rejection required for the

upper and lower aliasing bands given the specification of 23dB. The SSL filter

does however approximate the ideal filter better than the micro-strip filter up

to approximately 16GHz. An unwanted decrease in the stopband attenuation

is produced by the SSL filter at approximately 18GHz resulting in insufficient

rejection in the image band. The cause of this decrease is not known at this

stage and will be investigated in future designs. The micro-strip filter meets the
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specification of 55dB of rejection required in the image band up to 18GHz. Above

this frequency a repeat response of the passband occurs which causes a decrease

in stopband attenuation.

6.8 Summary

In this chapter two filter designs were investigated as suitable filters to be used by

both the direct digitization as well as the heterodyne receivers. The first design

was based on a quasi-lumped element design, while the second being a distributed

design using transmission lines. The quasi-lumped element design required the

implementation of capacitor and inductors values which is smaller than that which

can be implemented on SSL. This design was therefore abandoned.

A distributed filter was designed and constructed using micro-strip substrate.

Apart from additional losses in the passband, this filter met all the rejection re-

quirements of both the anti-aliasing as well as the image reject filter up to 18GHz

where after the repeat response of this filter caused a reduction in the stopband

rejection. This resulted in this filter not meeting the rejection specification over

the entire image band.

In an attempt to minimize the losses in the passband, the same filter design

was implemented in SSL. This design resulted in a significant improvement in

passband losses. Unfortunately an unexplained decrease in stopband attenuation

resulted in this filter not meeting the required stopband rejection over the image

band. A comparison of the ideal filter to that of the micro-strip and SSL filters

was presented in figure 6.21. In the next chapter the effect of the filter response

on the system is discussed.



Chapter 7

System Verification

In this chapter the effect of the filter performance on the direct digitizing as well

as the heterodyne receiver is investigated. During this investigation an ideal filter

is firstly integrated with the receiver to determine the ideal receiver performance.

The performance of the ideal receiver is then compared to a receiver fitted with

micro-strip filter with a frequency response as shown in figure 6.21.

7.1 Direct Digitization Receiver

The test configuration used to evaluate the filter performance on the direct dig-

itizing receiver is shown in figure 7.1 as modelled in AWR software[25]. A test

signal as well as noise is applied to a filter before being digitized and scaled by

the ADC. Two measurement test points are configured in this test setup. TP1

measures the power spectrum at the output of the anti-aliasing filter. TP2 mea-

sures the power spectrum at the output of the ADC. The anti-aliasing filter can

be selected to be either an ideal distributed filter or the micro-strip filter designed

in this thesis.

The output spectra produced by the two receiver configurations are captured

78
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and compared for a test signal frequency of 6, 14.5 and 21.5 GHz. The 6 GHz

test signal is at baseband. The 14.5 GHz signal is at the upper frequency of

the passband. The 21.5 GHz test signal is chosen to be within the 2nd Nyquist

zone at the peak of the repeat response generated by the micro-wave filter. The

results of the 6 GHz test signal for the ideal receiver is shown in figure 7.2 and

the corresponding results for the receiver with the designed filter shown in figure

7.3. In both these cases the out of band 6 GHz signal is sufficiently attenuated by

both filters such that no signal is produced in the output spectrum. The spectrum

produced by the in band 14.5 GHz test signal is shown for both test cases in figures

7.4 and 7.5 respectively. The 14.5 GHz folds to baseband and is produced at 0.5

GHz in the output spectrum of the ADC. The only difference in the spectra is

a difference in the peak power of the 0.5GHz signal. This difference in power is

due to the insertionloss added by the micro-strip filter. The results of the final

test case of 21.5 GHz is shown in figures 7.6 and 7.7. For the ideal filter test case,

the out of band 21.5 GHz signal is not visible in either the spectrum produced

at the output of the anti-alias filter or the output of the ADC. The ideal filter

completely rejects this out of band signal. In the case of the micro-strip filter,

the filter does not reject the out of band signal resulting in this signal aliasing to

baseband and is produced at 6.5 GHz. This signal will be indistinguishable from

an in band signal located at 8.5 GHz.

It is clear from these tests that the repeat responses generated by the de-

signed micro-strip filter will cause unwanted aliasing of out of band signals in the

2nd Nyquist zone. According to the measured frequency response of this filter

presented in figure 6.21, the frequency at which this will exceed the system spec-

ifications is approximately 20 GHz. Other components in the signal chain can

however be used to suppress signals above 20GHz. The ADC [23] for example

only has an RF bandwidth of 20GHz. Similarly a typical LNA that can be used

for this application only has a RF bandwidth of 4 to 16 GHz [38]. It is therefore

unlikely that this repeat response will be a problem in the final design. Signals

at baseband are sufficiently rejected by the designed filter. Signals within the

passband are attenuated by the insertionloss of the designed filter as expected.

The designed filter therefore can meet the rejection requirements of anti-aliasing
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Figure 7.1: Test configuration for direct digitizing receiver.

(a) Anti-alias filter output (blue). Anti-
alias filter frequency response (red). (b) Digitizer output.

Figure 7.2: Rejection of 6 GHz interfering signal by ideal Direct digitization
receiver.

filter required by the direct digitizing receiver.

7.2 Heterodyne Receiver

The test configuration used to evaluate the filter performance on the heterodyne

receiver is shown in figure 7.8 also modelled in AWR software[25]. Similar to the

test done for the direct digitizing receiver a test signal as well as noise is injected

to the input of the receiver. In this test configuration the first test point, labelled

”Input”, is configured to measure the output power spectrum of the image reject

filter. The second test point, labelled ”Output”, is configured to measure the
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(a) Anti-alias filter output (blue). Anti-
alias filter frequency response (red).

(b) Digitizer output.

Figure 7.3: Rejection of 6 GHz interfering signal by ideal Direct digitization
receiver.

(a) Anti-alias filter output (blue). Anti-
alias filter frequency response (red). (b) Digitizer output.

Figure 7.4: Rejection of 14.5 GHz interfering signal by ideal Direct digitization
receiver.

(a) Anti-alias filter output (blue). Anti-
alias filter frequency response (red).

(b) Digitizer output.

Figure 7.5: Rejection of 14.5 GHz interfering signal by Direct digitization receiver.
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(a) Anti-alias filter output (blue). Anti-
alias filter frequency response (red).

(b) Digitizer output.

Figure 7.6: Rejection of 21.5 GHz interfering signal by ideal Direct digitization
receiver.

(a) Anti-alias filter output (blue). Anti-
alias filter frequency response (red).

(b) Digitizer output.

Figure 7.7: Rejection of 21.5 GHz interfering signal by Direct digitization receiver.
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power spectrum at the IF of the receiver. The image reject filter can be selected

to be either an ideal distributed filter or the designed micro-strip filter.

Again the output spectra produced by the two receiver configurations are

captured and compared for a test signal frequency of 6, 14.5 and 21.5 GHz. The

LO frequency is adjusted to select the lower 2.5 GHz of the passband (8 -10.5

GHz) for the 6 GHz test case. For both the 14.5 and 21.5 GHz test cases the LO

is tuned to select the upper 2.5 GHz (12-14.5 GHz) section of the band. The 21.5

GHz test signal is selected to be within the image range of the receiver. It is also

selected to be on the repeat response of the designed filter.

The results of the 6 GHz test signal for the ideal receiver is shown in figure

7.9 and the corresponding results for the receiver with the designed filter shown

in figure 7.10. This out of band signal is is not expected to be present in the IF

spectrum as the downconverted signal will be outside the IF bandwidth. This

is confirmed by the IF spectra produced for both receiver configurations. The

spectrum produced by the in band 14.5 GHz test signal is shown for both test

cases in figures 7.11 and 7.12 respectively. The 14.5 GHz is downconverted to 3.25

GHz as expected. The only difference in the IF spectra produced is a difference

in the peak power produced by these receivers. This difference is as a result of

the difference in insertionloss between the ideal filter and the designed filter.

The results of the final test case of 21.5 GHz is shown in figures 7.13 and 7.14.

For the ideal filter test case, the out of band 21.5 GHz signal is not visible in either

the spectrum produced at the output of the image reject filter or the IF. The ideal

filter completely rejects this out of band signal. In the case of the micro-strip filter,

the filter does not reject the out of band signal resulting in this signal mixing down

to the IF frequency of 3.75GHz. This is due to the 21.5 GHz signal being located

in the image frequency range of the receiver. This signal will be indistinguishable

from an in band signal located at 14 GHz. According to the measured frequency

response of this filter presented in figure 6.21, the frequency at which the designed

filter does not meet the image reject requirements is approximately 18 GHz. As

in the case of the direct digitzing receiver, other components in the signal chain

can suppress signals above 18GHz. A suitable mixer which has been identified
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Figure 7.8: Test configuration for heterodyne receiver.

(a) Image reject filter output spectrum
(blue). Image reject filter frequency re-
sponse (red).

(b) IF output spectrum.

Figure 7.9: Rejection of 6 GHz interfering signal by heterodyne receiver with
ideal image reject filter.

for this application is a balanced mixer from MACOM [39]. The frequency range

of the RF port of this mixer is 2 to 18 GHz. In addition to this the same LNA

proposed for the direct digitization receiver can be used. The RF bandwidth of

this LNA is 4 to 16 GHz [38]. These components will provide additional rejection

of the image range. The exact amount of rejection will depend on the final design

implementation.

7.3 Summary

In this chapter the effect of the designed filter on the performance of the direct

digitization as well as the heterodyne receiver is verified. This verification was
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(a) Image reject filter output spectrum
(blue). Image reject filter frequency re-
sponse (red).

(b) IF output spectrum.

Figure 7.10: Rejection of 6 GHz interfering signal by heterodyne receiver with
designed filter.

(a) Image reject filter output spectrum
(blue). Image reject filter frequency re-
sponse (red).

(b) IF output spectrum.

Figure 7.11: Downconversion of 14.5 GHz signal by heterodyne receiver with ideal
image reject filter.

(a) Image reject filter output spectrum
(blue). Image reject filter frequency re-
sponse (red).

(b) IF output spectrum.

Figure 7.12: Downconversion of 14.5 GHz signal by heterodyne receiver with
designed filter.
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(a) Image reject filter output spectrum
(blue). Image reject filter frequency re-
sponse (red).

(b) IF output spectrum.

Figure 7.13: Rejection of 21.5 GHz interfering signal by heterodyne receiver with
ideal filter.

(a) Image reject filter output spectrum
(blue). Image reject filter frequency re-
sponse (red).

(b) IF output spectrum.

Figure 7.14: Rejection of 21.5 GHz interfering signal by heterodyne receiver with
designed filter.
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done by comparing the output spectrum produced by both these types of receivers

when using an ideal filter compared to the spectrum produced using the designed

filter. The results show that the designed filter meets the specifications for both

the anti-aliasing and image reject filters. The repeat response of the designed

filter does however result in signals located in the 2nd Nyquist zone of the direct

digitizing receiver not being sufficiently rejected. Similarly signals located in the

image range of the heterodyne receiver are also not sufficiently rejected. Addi-

tional rejection over these frequency ranges will however be provided by other

components such as the LNA, mixer and ADC resulting compliance at a system

level.



Chapter 8

Conclusions and Future Work

8.1 Conclusions

Two receiver architecture options for digitizing the extended X-band spectrum

for MeerKAT has been proposed in this thesis. The first option was a direct

digitization receiver. The second option was to downconvert 2.5GHz portions

of the MeerKAT band to a suitable IF using a single stage heterodyne receiver.

Both of these options were found to be viable, although the direct digitization

receiver require an ADC that can sample at 15 Gsps. An ADC has been identified

which can sample at this rate, but this ADC only produces 3 bits at every sample

which might not be enough to meet the dynamic range requirement of the radio

telescope. The heterodyne receiver can be constructed using readily available

current technology. This architecture is however more complex and expensive

compared to that of the direct digitization receiver.

Both these receivers require a band select filter at the input of the receiver.

In the case of the direct digitization receiver, the band select filter is actually an

anti-aliasing filter. In the case of the heterodyne receiver, the band select filter is

an image reject filter.

Two microwave filter designs was investigated for possible implementation of
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both the anti-alias filter as well as the image reject filter required for these op-

tions. The first design that was investigated was a quasi-lumped element design

implemented on SSL. The second design was an optimum distributed bandpass

filter. The capacitance and inductance required for the quasi-lumped element de-

sign could however not be implemented on SSL due to parasitic capacitance. This

filter design was therefore found to be not suitable for this application. The opti-

mum distributed bandpass filter design used transmission lines which could easily

be implemented on micro-strip. This filter was designed and manufactured. The

filter met all specifications except for a repeat response in the upper stopband of

the filter. The frequency of this repeat response falls within the 2nd Nyquist zone

of the direct digitization receiver. It also falls within the image rejection range

of the heterodyne receiver. The effect of this repeat response on the performance

of both receiver architectures was verified. It was found that that this response

will cause unwanted aliasing in the direct digitization receiver. It will also cause

an unwanted image to appear at the IF of the heterodyne receiver. Fortunately

the bandwidth limitation of other components in signal chain such as the LNA,

mixer and ADC will sufficiently suppress this response resulting in compliance at

a system level.

8.2 Future Work

Although the objectives of this thesis have been met, two interesting future work

activities have been identified. These are listed below:

• In section 6.6 the distributed filter was designed and constructed using

micro-strip technology. This resulted in the width of transmission lines

being fairly thin. In an attempt to increase these line widths, this design

was implemented on SSL. The simulated frequency response of the SSL

design was very close to that of an ideal filter except for an unexplained

response in the stopband. The cause of this response must be investigated

as a future work activity.
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• The quasi-lumped element filter design in section 6.1.1 was found not to

be suitable for the anti-aliasing and image reject filter design. A quasi-

lumped element filter can however be ideally suited for the anti-aliasing

filter required by the heterodyne receiver which is centered at 4.5 GHz and

has bandwidth of 2.5 GHz. The design of such a filter can be done as a

future work activity.



Appendix A: Suspended

Strip-line Impedance calculation

The typical layout of a Suspended Strip Line (SSL) structure is shown in the

figure ref 1 below:

Figure 1: Suspended Strip Line (SSL) structure.

The impedance of such a SSL transmission line is can be calculated using the

following design equations [40]. For designs where a/2 < W < a:

Z0 = η0

[
V +

R
W
b

+ 0.6670 ln
(
W
b

+ 1.444
)] (1)

εeff =
1

[1 + (E − (Flnw
b
)ln( 1√

εr
))]2

(2)
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V = −0.6301− 0 : 07082h
b

+ 0.247a
b

(3)

R = 1.9492 + 0.1553h
b
− 0.5123a

b
(4)

E = 0.464 + 0.9647h
b
− 0.2063a

b
(5)

F = −0.1424 + 0.3017h
b

+ 0.02411a
b

(6)

For designs where 0 < W < a/2:

Z0 =
η0
2π

[
V +Rln

(
6

W/b
+

√
1 +

4

(W/b)2

)]
(7)

and

εeff =
1

[1 + (E − (Flnw
b
)ln( 1√

εr
))]2

(8)

where

V = 1.7866− 0.2035h
b

+ 0.4750a
b

(9)

R = 1.0835 + 0.1007h
b
− 0.09457a

b
(10)

E = 0.2077 + 1.2177h
b
− 0.08364a

b
(11)

F = 0.03451− 0.1031h
b

+ 0.01742a
b

(12)

The resultant impedance curve for the structure described in chapter 6 is shown in

figure 2. The effective dielectric constant as a function of trace width is shown in

figure 3. These curves are generated for a design using Mercurywave 9350 211µm

thick substrate.The copper thickness is 35µm and the evaluation frequency is

15.6GHz.
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Figure 2: Simulated impedance as a function of trace width for SSL at 15.611GHz.
Equation provides approximation of width vs. impedance.

Figure 3: Simulated εeff as a function of trace width for SSL structure at 15.611
GHz.
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