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Abstract

Nuclear Quadrupole Resonance (NQR) spectroscopy is an Nuclear Magnetic Res-
onance (NMR) spectroscopy-related investigation method of the spin transitions
of quadrupole nuclei. The samples contain nuclei with a quadrupole moment (spin
quantum number [ > 1). These are introduced into a coil, excited at different
frequencies with RF-pulses and the reinduced signals are measured to generate a
spectrum. Due to the low amplitude, the induced voltages are difficult to mea-
sure, and require a sensitive receiver unit and adequate impedance matching to
the measuring unit at any frequency.

An NQR spectrometer has basically the same hardware components as a NMR
system (so the transmit and receive path of the spectrometers are identical), ex-
cept the magnet for the static magnetic field which is not required. The hardware
of an NQR system has to deal with radio frequencies in the range from a few M H z
up to several hundreds of M H z, some special systems for nuclei with very high
quadrupolar coupling constant up to the GH z-range.

Commercially available spectrometer systems are usually expensive and they are
often difficult to adapt for special purposes.

New achievements in RF-technology make digitally programmable RF-transceivers
known as Software Defined Radios (SDRs) affordable. SDRs make a big variety
of RF-hardware digitally available and the majority of the signal processing is
also done digitally. These SDRs often cover large frequency ranges and their
design makes them almost natural candidates for use as spectrometer consoles.
In this work, an implementation of an NQR system is introduced, which uses a

'LimeSDR’ from 'Lime Microsystems’ as a spectrometer console.

Key Words: Nuclear Quadrupole Resonance, Spectroscopy, LimeSDR, Sofware
Defined Radio, Lime Microsystems






Kurzfassung

Die Kern-Quadrupol-Resonanz-Spektroskopie (NQR) ist eine der Kernspinreso-
nanzspektroskopie (NMR) verwandte Untersuchungsmethode der Spiniibergiange
von sogenannten Quadrupolkernen.

Die Proben enthalten Kerne mit einem Quadrupolmoment (Spinquantenzahl I >
%) Diese werden in eine Spule eingefiihrt, bei verschiedenen Frequenzen mit HF-
Pulsen angeregt und die zuriick induzierten Signale gemessen, um ein Spektrum
zu erzeugen. Aufgrund der geringen Amplitude sind die induzierten Spannun-
gen schwierig zu messen. Das fordert einerseits einen sensitiven Empfanger und
andererseits eine angemessene Impedanzanpassung an die Messeinheit bei jeder
applizierten Frequenz.

Ein NQR-Spektrometer hat im Grunde die gleichen Hardwarekomponenten wie
ein NMR-System (der Sende- und Empfangsteil der Spektrometer ist also iden-
tisch), mit Ausnahme des Magneten fiir das statische Magnetfeld, welcher bei
NQR nicht benétigt wird. Die Hardware eines NQR-Systems muss mit Frequen-
zen im Bereich von wenigen M Hz bis zu mehreren hundert M Hz zurechtkom-
men, Systeme fiir Kerne mit hoher quadrupolarer Kopplung sogar bis in den
G H z-Bereich.

Kommerziell erhéltliche Spektrometersysteme sind in der Regel teuer und lassen
sich fiir spezielle Zwecke oft nur schwer anpassen.

Neue Errungenschaften in der HF-Technologie machen digital programmierbare
HF-Transceiver, sogenannte Software Defined Radios (SDRs) und somit eine
grofse Vielfalt an HF-Hardware digital verfiighar. Diese SDRs decken oft grofie
Frequenzbereiche ab und ihr Design macht sie zu fast natiirlichen Kandidaten fiir
den Einsatz als Spektrometerkonsolen. In dieser Arbeit wird die Implementierung
eines NQR-Systems vorgestellt, das ein 'LimeSDR’ von 'Lime Microsystems’ als

Spektrometerkonsole verwendet.

Schliisselworter: Kernquadrupolresonanz, Spektroskopie, LimeSDR, Sofware

Defined Radio, Lime Microsystems
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1 Introduction

Nuclear Quadrupole Resonance (NQR) spectroscopy is an Nuclear Magnetic Res-
onance (NMR) spectrocopy-related investigation method of the spin transitions of
quadrupole nuclei. The samples contain nuclei with a quadrupole moment (spin
quantum number [ > 1). These are introduced into a coil, excited at different
frequencies with RF-pulses and the reinduced signals are measured to generate a
spectrum. Due to the low amplitude, the induced voltages are difficult to mea-
sure, which requires a sensitive receiver unit and adequate impedance matching
to the measuring unit at any frequency.

An NQR spectrometer has basically the same hardware components as an NMR
system (so the transmit and receive path of the spectrometers are identical), ex-
cept the magnet for the static magnetic field which is not required. The hardware
of an NQR system has to deal with radio frequencies in the range from a few M H z
up to several hundreds of M H z, some special systems for nuclei with very high
quadrupolar coupling constant up to the GH z-range.

Commercially available spectrometer systems are usually expensive and they are
often difficult to adapt for special purposes. One achievement in today’s RF-
technology are digitally programmable RF-transmitters and receivers, so-called
Software Defined Radios (SDRs). These are usually supported through open
source projects and platforms and offer an inexpensive option for a wide variety
of RF applications. Various SDRs are designed as so-called transceivers, which
can both send and receive. They usually cover wide frequency ranges from a few
MHz to the single-digit GHz range. An SDR makes a wide variety of compo-
nents, which are usually implemented as hardware parts, digitally available and
the majority of the signal processing is also done digitally. For example, amplifiers
and filter structures are standard elements of an SDR. The device used in this
work is the 'LimeSDR’ from "Lime Microsystems’, which is a full duplex Software
Defined Radio that can be used as spectrometer console. Per default, this device
can handle frequencies in the range of 100 kH z to 3.8 GH z, whereas in the course
of the NQR research carried out at the Institute of Biomedical Imaging, the lower

frequency range of around 20 — 300 M H z is dealt with in particular.



1 INTRODUCTION Lukas Kaltenleitner, BSc

1.1 History, Inspiration and Motivation

Due to the high costs of commercially available spectrometers system and the
fact that they are often not easily adaptable to specific needs, it is important to

find affordable alternatives for research and development.

1.1.1 History of NQR Spectroscopy at Institute of Biomedical Imag-
ing, Graz University of Technology

At the Institute of Biomedical Imaging a first custom-made NQR spectrometer
was set up using a ZVL Vector Network Analyzer (Rhode and Schwarz) [27].
The entire system, built over several years, is known as '"CONCRADLE’. In the
framework of a research project a commercial spectrometer (Scout, Tecmag) was
purchased. In both cases, the price exceeded the two-digit thousand euro range
for the console alone. Specific problems which arose during some special ex-
periments could be fixed only with considerable effort or sometimes there was no
solution because of limited access to some interior units of the commercial harware
parts. On the one hand, with the ’'CONCRADLE’ system, the highly important
phase-cycling could only be implemented very late and laboriously with external
hardware and software (and here also only for parts of the total frequency range
used). On the other hand, the 'SCOUT’ system, unlike the network analyzer,
does not allow to scan over the entire frequency spectrum in a single, fast scan,
because the generic software does not support this mode of operation.

By comparison, the 'LimeSDR’ costs just about 300 €, is programmable (i.e. can
be configured for special purposes) and could be used without much hesitation,
for example in an open students lab or a maker space to give interested students

hands-on access to RF technology and NQR spectroscopy.

1.1.2 Inspiration, Related Work

The inspiration for this work came from the papers by Mr. Carl A. Michal [1]
and Mr. Andrin Doll [2]|, whereby the essential idea of [2] and the open source
files provided in his work [3] were used as the basis of this project.

In [1], the probably first successful attempt to realise an NMR spectrometer based
on the ’LimeSDR’ is described. The core achievement of this work is a synchro-
nisation of a 'LimeSDR’ with an ’Arduino Due’ microcontroller which is used as
a pulse programmer. The microcontroller triggers the SDR, which then performs
the sequence, i.e. sends the RF-pulses and receives the resulting signals after
excitation. A slightly different implementation was carried out in [2|. Here, in
addition to the RF-pulses, GPIO signals are generated by the SDR, which can

trigger other external components. For example, this GPIO signal can be used
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as a gate signal for the power amplifier (PA) used.
In both projects ([1] and [2]), however, the Field Programmable Gate Array
(FPGA) firmware of the 'LimeSDR’ had to be modified and a C++ routine had

to be created to implement the necessary function.

Both publications ([1] and [2]), led to fully functional NMR consoles. Since in [2]
the hardware effort is lower (no ’Arduino’ necessary for sequence generation) and
the handling seemed to be easier, this implementation was chosen as the basis for

this thesis.

1.1.3 Motivation

The idea to create a cost-effective alternative for NQR spectroscopy as well as to
give students the opportunity to gain experience in NMR-related RF-technology
is the driving force behind this project.

1.2 Physical Basics of NMR and NQR Spectroscopy

This section should introduce the physical basics of NMR spectroscopy and form
a transition to NQR Spectroscopy. It is intended to highlight both the similarities
in the measurement method and the physical differences.

First, a consideration should be introduced in order to compare the two types of

spectroscopy. A detailed explanation follows in the respective subsection.

Consideration:
In both methods, the same hardware can be used, with the difference that NMR
experiments also require a magnet for the static magnetic field. Figure [1| shows

a schematic of an NMR system.

RF-Transceiver |

X PA .\.
| | ™

RX LNA| @

(matched) coil Magnet

Figure 1: Schematic of an NMR system.
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The static magnetic field is produced by the magnet (see figure[1)) and the pulsed
RF-field is produced by a RF-transceiver. The RF-pulses are transmitted to a
matched coil, where the sample is located. After that, the system is switched to

RX mode, where the induced signals of the sample are measured.

Now there is the question why this field is necessary and why NQR experiments
do not need it.

For the initial situation, it is necessary to create a preferred direction for the ori-
entation of the magnetic moments of the atomic nuclei. This is the case for both
spectroscopy methods. Once this has been achieved, the macroscopic magnetiza-
tion of the different spin populations can be tilted by applying pulsed RF-fields
with a certain frequency to the coil where the sample is located. This happens in
addition to the static magnetic field when talking about NMR. Here it is impor-
tant that the selected frequency of the RF-pulses fulfils the resonance condition,
i.e. that the excitation frequency corresponds to the energy difference between
two spin energy levels. After excitation, signals produced by the sample can be

detected at the receiver at the same frequency.

1.2.1 NMR Spectroscopy

Certain elements of the periodic table have an atomic nuclear spin. The particles
in an atomic nucleus are protons and neutrons, each of which has its own spin.
Atoms that have an odd number of nuclear particles have a natural nuclear spin.
If the number of nuclear particles is even, the atom is magnetically neutral. Con-
versely, an atomic nucleus with a nuclear spin is always magnetic. About two

thirds of all elements found in nature have a nuclear spin. [5]

The spin is a result of the intrinsic angular momentum P which is in measure-
ments appears as a quantized property. The value of the total angular momentum
depends on the spin quantum number [ and the reduced Planck’s constant 7. It

is calculated as follows:

|P| =+/I(I + 1)h (1)

Associated with P is the magnetic momentum fi. The magnetic moment /i is

proportional to P by the magnetogyric ratio ~.

ji=~P (2)

The magnetogyric ratio 7 is specific for each nucleus. [6]
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An NMR sample, or as in magnetic resonance imaging (MRI) the human body,
contains a very large number of atoms whose nuclei have a nuclear spin, which
in turn depends on the element. In a field-free space (no external magnetic
field), the spins in matter are arranged completely randomly and do not lead
to a macroscopic net magnetization. In presence of a static magnetic field at
room temperature, there will still be a quite random orientation of the spins,
but according to statistical thermodynamics there will be a slight preference for
an orientation along the magnetic field. This results in a macroscopic magneti-
zation. As the spin population also has a macroscopic angular momentum, the
whole magnetization behaves like a spinning top and starts precessing about the
magnetic field. The build-up of the macroscopic magnetization is mediated by
irregular, thermally driven magnetic interaction (magnetic forces) between the
individual spins which finally yields a slight skew of the random distribution to-

wards the external magnetic field direction.

Figure 2] shows the spins orientation in a field free space and with an exter-
nal magnetic field. M indicates the (small) macroscopic sum magnetization. The
orientation of the spins should be indicated by the denser upward arrangement

in (b).

(a) (b)

Figure 2: Tllustration of the spins orientation in a) a field free space and b) when
an external magnetic field B. The idea of the representation was taken from (8],
initially available in |7].

The conical movement of the net magnetization is called precession. An important
piece of information is the frequency at which this motion is occurring. It depends

on the gyromagnetic ratio v and the applied static magnetic field By.

w=vBy ,wherew=2rf (3)
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This frequency is called the Larmor frequency and can be denoted as:

fLarmor = %BO (4>

The above shown illustration (figure 2| b) can be drawn into a coordinate system.
This can be seen in figure

Figure 3: Spin orientations with a present static mangnetic field in a coordinate
system.

As briefly mentioned in the consideration above, an RF-pulse which oscillates
with the Larmor frequency can force the sum magnetization M to flip in the
xy-plane. Therefore, the pulsed field (usually denoted as B;) must be normal to
the static magnetisation. A tuned and matched RF-coil is used as transmit and
receive coil (see figure |1) to apply the RF-pulses and to receive the emmitted
radio waves from the nuclei during relaxation. If the flip angle is exactly 90°, the
maximum induction into the coil will take place.

Figure [] shows the effect of an RF-pulse oscillating with the Larmor frequency
additionally applied to the static magnetic field.
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Figure 4: Result of an RF-pulse applied additionally to the static magnetic field.

After excitation, there are two dominant effects that cause the magnetisation
in the xy-plane to decay and drive it back in the initial direction (z-direction).
These two effects are called transverse (73) and longitudinal (77) relaxation.
The transverse relaxation is also called spin-spin relaxation. After excitation,
the spins of the sum magnetisation are in phase, but due to mutual influence
they get out of phase. In addition there is also dephasing due to external field
inhomogeneities, which is described by the time constant 7;. A totally random
phase of the spins means no signal measurable in the xy-plane.

The following figures should illustrate the dephasing of the spins. For simplicity,
the spin ball has been reduced to spins oriented in the preferred direction. The
coordinate system rotates with the Larmor frequency wyarmer (rotating frame).

Figure [5] shows the dephasing of the spins due to T, relaxation.

: Wiarmor c Wiarmor

z z
Bg By

g f

Figure 5: Dephasing of the spins due to 75 relaxation.
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Figure [6] shows the decay of the magnetization in xy-direction due to 75 and T3
relaxation.
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Figure 6: Decay of the magnetization in xy-direction due to 75 and 75 relaxation.

The T, constant is defined as the time, where the magnetization M, in the xy-
plane has dropped to 37% of the maximum.

The T; relaxation can be described with a exponential function as follows:
My (t) = My - ¢ (5)

where M is the initial magnetization due to Bj.

The second effect, the T} relaxation is also called spin-lattice relaxation and it
describes the relaxation back into z-direction.

Figure [7] shows the T} relaxation back into z-direction.

C wLarmor

z
BO

Figure 7: T} relaxation.
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Figure [§| shows the return of the magnetization M., in z-direction due to T} re-

laxation.
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Figure 8: 17 based return of the magnetization M, in z-direction.

The T; constant is defined as the time, where the magnetization M, in z-direction
has reached 63% of the initial magnetization.

The T) relaxation can be described with a exponential function as follows:

M.(t) = My (1— ¢ 7) (6)

where M is the initial magnetization due to Bj.

The flipping of the spins and the measurement of the signal after a certain time
is called a pulse sequence. The two most widespread pulse sequences will now be
explained. A single 90° pulse is called Free Induction Decay (FID), because the
magnetization decreases exponentially in the xy-direction. Figure [0] shows the
FID sequence. The decay of the FID is proportional to T;. (Note: the excitation
pulse and the FID signal are not proportional)

Amplitude

50" FID

Figure 9: FID sequence.
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Since some substances have a short 75 time, a sequence which refocuses the spins
is often used. Therefore a second pulse must be applied. The second pulse usually
has twice the length of the first one and therefore flips the spins by 180°. Due to
the 180° pulse, the slower spins pass over the fast spins (they are in advance), and
hence the different members of the population run together again. The rephasing
is illustrated in figure [10]

C Wiarmor C Wiarmor
Z Z
Bo B,
> v A V
X X

Figure 10: Rephasing of the spins with a 180° pulse.
Figure (11| shows the Spin-Echo Sequence. (Note: the excitation pulse and the
Echo signal are not proportional)

v Amplitude

90° 180° Echo

Figure 11: Spin-Echo sequence.

The time between the center of the 90° pulse and the peak of the resulting echo is
called echo time (Tx). The echo time is determined by the distance of the pulses
to each other.

The Spin-Echo has the advantage, that due to the 180° pulse, the decay of the

peak signal is proportional to 7.

1.2.2 NQR Spectroscopy

The above given introduction into the topic of NMR spectroscopy, should now

be be associated with NQR spectroscopy. At the atomic level, nuclei that have

10
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a quadrupole moment are distinguished by the spin quantum number from those
nuclei without a quadrupole moment. Nuclei that have a spin quantum number
I > % have an electrical quadrupole moment.

The big difference now is: An atomic nucleus without a quadrupole moment has
a homogeneous charge distribution at the nucleus and therefore interacts with a
surrounding (homogeneous) static magnetic field (magnetic moments of nucleis
align into the preferred direction and the spins starts precessing). Nuclei with
a quadrupole moment do not have a homogeneous charge distribution at the
nucleus and they still interact with magnetic fields unless their spin is 0. You
can also do standard NMR experiments with quadrupolar nuclei. However, both
magnetic and electric interaction are superimposed. In our nuclei the electric
component by far exceeds the magnetic one, so that NQR gives higher transition
frequencies. Quadrupole nuclei, however, do interact with inhomogeneous elec-
tric fields. These fields are automatically generated from the atoms by binding
electrons moving around the nucleus. Extremely strong electric fields prevail in
the vicinity of a (quadrupole) nucleus. Due to the presence of these fields, the
spins and therefore also the magnetic moments of the nuclei automatically tend
to align themselves in a certain preferred direction which in case of pure NQR
is determined by the main axis of the electric field gradient (EFG) at the site of
the nucleus. Many nuclei in a sample therefore have a natural preferred direction
(crystals can also be grown in certain processes which then have a strong pre-
ferred direction). At TU Graz, mainly crystalline powders are used as samples.
With a powder, about 30% of the nuclei’s signal is lost since some of the spins

are not oriented in the preferred direction (|25] on page 86).

This in short, is the reason why there is no need of an external force (like the

static magnetic field in NMR) to align the magnetic moment of quadrupole nuclei.

As with NMR experiments, a flip of the preferred direction can also be achieved
with NQR by pulsed RF-fields. This means that the pulse sequences work out
analogously. However, there is a significant difference here. To achieve a flip in
NQR, alternating fields are needed. In contrast, NMR requires rotating fields
for excitation. The RF-pulses in a coil basically generate alternating fields. This
raises another question, namely why NMR works at all with the same setup.

In mathematical terms, alternating fields can be decomposed into two opposing
rotating fields. In the case of NMR, only one of the two rotating fields fulfils
the Larmor condition. Strictly speaking, NMR only works with half the field
efficiency if you compare it directly with NQR using a solenoit RF-coil.

11
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1.3 NQR System
1.3.1 NQR Hardware

This section will give an overview of the hardware components used in an typ-
ical NQR spectrometer. Figure 12| shows the hardware components of an NQR

system.
RF-Transceiver
™
™
RX
{matched) coil

Figure 12: Hardware components of an NQR spectrometer.

The RF-transceiver is responsible for generating the RF-pulses and for receiving
the re-induced signals from the sample coil. The power amplifier (PA) is used to
amplify the RF-pulses to achieve the power necessary to excite the nuclei. The
TM block represents a Tuning- and Matching-Network, which is used to tune
and match the coil to 50€) at a certain target frequency. Note that the coil
is built in combination with the matching-network (as one hardware element)
and called probe-head. The matching-network is used during the RX phase to
ensure adequate impedance matching of the coil at each excitation frequency. The
signals in the RX phase are amplified by a Low Noise Amplifier (LNA) which is

connected to the transceiver’s RX port.

1.3.2 Working Principle

In transmit mode (TX path of the spectrometer is connected to the coil via the TX
/ RX switch) the RF-transceiver generates a pulsed RF-signal, which is amplified
by the PA. This high power RF-pulse is then transmitted to a matched coil, in
which the sample is located. A moment after the the excitation with the TX
pulse, the system is switched into RX mode and the re-induced signal first passes
the matching-network. It is then amplified with the LNA and digitized at the RX
port of the transceiver. This procedure is typically repeated a few hundred to a
few thousand times, since a sufficiently high averaging is necessary to reduce the
noise in the measurement data. The averaged data can then be further processed
digitally on a PC. The FFT (Fast Fourier Transformation) is usually applied to
the data, since the data in the frequency range lead to the characteristic spectra

and, thus, a very clear representation of the frequency components is created.
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1.4 Software Defined Radio

Software Defined Radio (SDR) refers to RF-transmitters and receivers that make
a large part of RF components that are otherwise realised in hardware digitally
available. Typically, a large part of the signal processing is also implemented
digitally [4]. These devices are very popular with radio amateurs and in commu-
nications technology in general, as they offer many possibilities in just one device
and the function of the device can be changed very quickly by changing the soft-
ware. They are also used in research and development, for example, SDRs are
installed on satellites used for research purposes in order to carry out telecom-
munications tests.

Very well known SDRs are for example the ’ADALM PLUTO’ (Analog Devices
Inc), the "HackRF One’ (Great Scott Gadgets) or the 'LimeSDR’ (Lime Microsys-
tems) used in this work.

The primary difference between SDRs is often the available frequency range or
the mode of data transmission. For example, the ’"ADALM PLUTO’ would not
be applicable for the frequencies needed here, as it operates from 325 M Hz to
about 3.8 GHz. An important difference between the 'LimeSDR’ and the "Hack
RF One’ is that the 'LimeSDR’ works with full-duplex and therefore has separate
TX and RX ports, whereas the "Hack RF One’ has only one antenna port and is
therefore only half-duplex capable.

There are various ways to program an SDR. A frequently used software is "GNU-
Radio’, which offers function blocks for various SDRs. GNURadio’ offers a graph-
ical interface to the control of SDRs with a flow graph. In addition, 'C’, "C++’
or 'Python’ APIs are often available to implement various routines.

A widespread functional principle that SDRs and also mobile phones use is the
principle of a direct mixer according to the I/Q method [4]. This principle is also
used by the 'LimeSDR’ and will be explained in more detail later.

1.4.1 LimeSDR

The LimeSDR (USB Type A) is a combination of a USB 3.0 interface, a FPGA
and the LMS7002M Field Programmable RF Transceiver (FPRF) IC. The en-
tire system on the PCB, forms the so-called SDR. The core of the system is the
LMS7002M IC (equipped with IQ mixers, filters, amplifiers etc.), which is re-
sponsible for synthesising and receiving the radio frequency. The FPGA used is
an Altera Cyclone IV FPGA, which forms the channel to the PC with the help
of the USB 3.0 interface. A more detailed explanation is given in the methods

section.
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1.5 Initial situation and requirements of this work
1.5.1 [Initial situation

The software provided in the open source project [3] contains a C++ routine
that communicates with the FPGA of the SDR via the USB 3.0 interface, i.e.
sets the necessary registers using C++ commands. The FPGA then makes the
necessary settings on the LMS7002M FPRF chip. This routine is responsible for
all necessary settings such as the sample rate, TX gain, RX gain, etc. and handles
the entire transmit and receive process. To allow easy scripting of the sequences,
the project includes a Python file (name: limr.py) which passes all settings (also
writable in a python file) to the C++ routine, which must be compiled beforehand
(see appendix figure . Thus, the executable routine is called by the Python
script and the set-up experiment is carried out. The time domain data acquired
at the RX port (which is complex due to IQ sampling) are then stored (data
acquired at a certain frequency is summed up with respect to the chosen number
of averages) in an hdf5 file and can be processed further from there. There is
also the possibility of phase cycling. The TX phase can be set and the RX phase
can be adjusted in post-processing using the stored data. The interaction of the
PC with the LimeSDR can be seen in figure Figure [13]is a slightly modified

version of the figure in [2].

/e

Python Script

LimeSDR USB Type A
FPGA FPRF (LMS7002M)
Evaluation

USB 3.0
Controller W IADC I — ) ‘ . IR:
& signal I
il

C++ Routine

i RX stream RX p
Processing Python Module Data LOI

limr.py =

Sequence
Handover of Pattern &

™ L .
and Pattern & [pac ‘| |— “‘S, > ’ s
Tranceiver the settings, . settings settings GPIOJ_L
call of the C++

settings
\ routine

Figure 13: Illustration of the interaction between the PC and the LimeSDR.

Both, the C++ routine and the python script are running on a Linux machine
(used Ubuntu 20.04.2) with a USB port > 3.0.

1.5.2 Requirements of this work

The aim of this work is to explore the usage of the project [2] and the associated
files provided in [3] for NQR spectroscopy. In this work, the application of the
LimeSDR in NQR Spectroscopy should be experimentally confirmed by building
up a system with the required hardware and by creating and testing self designed

pulse sequences.
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2 Methods

2.1 Important RF principles and assemblies
2.1.1 Phase Locked Loop (PLL)

Phase Locked Loops (PLLs) are used for signal generation because they can gen-
erate higher and lower frequency signals from a reference signal with appropriate
dividing and multiplication factors. PLLs can cover a wide range of frequencies
and are ideal for all devices that need to be able to generate signals of different
frequencies. Many devices work with low-frequency base-band signals, which are
mixed with a signal of higher frequency (usually called local oscillator (LO)) to
shift it into a high-frequency band for transmission. This local oscillator fre-

quency is usually generated by a PLL.

Figure |14] shows a schematic of a phase locked loop.

~

Frac N

v

(p @—o—»s(t)

Reference Phase ‘ VCO
Oscillator Detector Loop Filter

Figure 14: Schematic of a Phase Locked Loop.

The basic principle of a PLL is best explained using figure The reference
oscillator (usually a quartz oscillator) has a fixed reference frequency whose phase
is compared with the phase of the PLL signal by a phase detector. The phase
comparator can be imagined digitally as an exclusive or (EXOR) gate, which
is only high when the phases are different. This signal is then filtered with
the help of a loop filter and thus converted into an input signal for the following
Voltage Controlled Oscillator (VCO). A VCO has the ability to vary its frequency
depending on the voltage applied. This is usually done by a varactor diode,
which changes the junction capacitance depending on the applied voltage. The
output signal of the VCO is then fed to the phase comparator via a frequency
divider. The frequency divider makes it possible for the PLL to 'lock’ to different

division ratios (hence the "locked’ in the PLL’s name). This arrangement makes
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it possible to generate different output signals (according to the divider ratio and

the reference frequency) [9].

2.1.2 RF-Mixer

RF mixers are components often used in communication technology. They can
mix a low-frequency base-band signal (BB), often also called intermediate fre-
quency (IF), with a local oscillator (LO) and thus generate the high-frequency
signal (RF) to be transmitted and are also capable of mixing a high frequency
(RF) signal down to the base-band (IF). This principle is used, for example, in
broadcasting. The base-band signal carries the information (e.g. an audio signal
which was modulated onto the base-band signal) and is mixed with the high-
frequency carrier (which is the local oscillator in figure . Each receiver (e.g. a
radio) can then first mix the RF signal down to the base-band and then demod-
ulate the received signal accordingly and can thus further process the base-band

signal.

Figure shows the schematic of an RF-mixer. Picture a) shows a so-called
upward mixer (typically installed in the transmitter), which produces the RF as
an output, picture b) shows a downward mixer (typically installed in the receiver)
which mixes the received RF-signal down to the base-band so its output is the

IF signal.

: —-(EF)—.RF RF—.@I@)_. .

Lo Lo
a) b)

Figure 15: RF mixer schematic.
There are different types of mixers, the most common being multiplicative mix-
ers. Mathematically, the multiplicative upward mixer can be described as follows.

Let the IF and the LO signal be cosine signals:

ei2mfirt + e—J2rfIrt

IF = cos(2m frpt) = 5

and: , 4
ei2nfrot 4 e—J2rfrot

LO = cos(2m frot) = 5 (8)
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The two input signals are then multiplied by the mixer:

ei2nfirt + e—J2nfirt  ci2mfLot + e—J2mfLot

RF =
2 2

This can be further written as:

RF = l(ej2ﬂ'(fIF+fLO)t + eI2n(frr—fro)t + e 2n(frr+fro)t + e*j27r(f1F*fLo)t) (10)
4
And brought back to cosine relationships:

RF = 2 (cos(2n(frr + fro)t) + cos(@n(frr — fro)t) (11)

It can be seen (equation , that the product of a multiplicative mixer is always
a lower and an upper side-band, which is either the sum or the difference of the
IF and the LO frequency. Typically, only one side-band is transmitted, which is
selected with a bandpass filter.

The downward path works analogously (it mixes the RF signal with typically
the same LO), producing one signal containing |fro — frr| and |fro + frr| (as
there exists no negative frequency). Typically, an intermediate frequency filter is
then used to select the lower band, i.e. IF = |fro — frr|

2.1.3 IQ-Mixer and Single Side-Band Modulation

A method often used for signal synthesis (and also for receiving or digitising ana-
logue signals) is that of a complex mixer. Complex mixers, or 1Q) mixers, use a
signal track I and a signal track Q, where I stands for in-phase and Q for quadra-
ture phase (Q is shifted by 90° from I). The term complex mixer comes from the
mathematical description of signals and is based on the fact that in the complex
plane the real and imaginary parts are shifted by 90°. Compared to the simple
multiplicative mixer discussed above, this method offers some advantages. First,
one of the side-bands produced by the multiplicative mixer is usually unwanted
and must be filtered. With the IQ mixer one of the two side-bands can be sup-
pressed and this problem does not arise.

On the receiver side, complex signals also offer some advantages. For example, the
phase information can be obtained through complex sampling and it is theoret-
ically possible to work with a sampling rate below Shannon (Shannon stipulates
that a signal must be sampled with at least twice the maximum frequency occur-

ring in the signal f; > 2f,,.. in order to reconstruct the frequency; with complex
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sampling, a sample rate equal to the maximum frequency occurring in the signal

is theoretically sufficient).

Figure |16/ shows the schematic of an 1Q mixer (transmitter and receiver case).

I
— ®— LPF p—
LO @—»lLO LO @—1 LO,
@—r RF RF——
90°

1LoOl |1L0q
-~ e
— | 90° |— I LPF f——
a) b)

Figure 16: a: 1Q mixer schematic with upper side-band selection (transmitter),
b: IQ mixer as receiver. The structure was taken from [26] but redrawn and
supplemented.

Usually, the I and Q components are of low frequency lying in the base-band
which are then mixed with the local oscillator (LO). The mathematical descrip-

tion of an IQ mixer in the transmitter case can be formulated as follows.

Let the I component be a cosine signal with the frequency fp:

J2nfrrt —Jj2nfrrt
& +e

I = cos(2m frpt) = 5 (12)
And the Q component a sine signal with the frequency f;p:
el2nfirt _ o—j2mfrrt

2j

The same goes for the LO, which will also have an in phase and a quadrature

component with the frequency fro. LO; should also be a cosine signal:

ei2nfrot + e—J2rfrot

LO[ = COS(27Tf[Ft) = 5 (14)
And LOg should be a sine signal:
ei2rfrot _ g—i2nfrot
LOg = sin(2m frpt) = (15)

2j

According to figure a), the two I components are multiplied and the two Q

components are multiplied with each other. Afterwards, the sum out of this two
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products is built.

The product of the I components will be:

RF; = l(ejQF(fIF-i-fLo)t + eI2m(fir—fro)t + e—J2r(fir+fro)t + e—jQW(fIF—fLO)t) (16)
4

And the product of the Q components will be:

RF, = _l(ejQW(fIFJrfLo)t _ ei2n(frr=fro)t _ o=s2n(fir—fro)t | e*jQW(fIFJrfLO)t) (17)
4

In figure [I6] the sum to be formed has a minus sign at the ) component. This
minus sign is necessary if the upper side-band is to be selected. The following

then applies to the upper side-band:

RF = _(ej27r(f1F+fLo)t + eI2n(frr=fro)t + e~ i2r(fir+fro)t + €*j27"(fIF*fLO)t)
(18)

+_( J2r(firtfro)t _ oi2n(frr—fro)t _ ,—i2m(fir—fro)t + €—j27f(f1F+fLo)t)

N SN,

Which leads to:

RF = l(ej27r(fIF+fLO)t + ei2n(firtfro)t | p—i2n(fir+fro)t | €*j27f(f1F+fLo)t) (19)
4

And this can again be written in terms of cosine functions:

1 . A
RF = 5( j2r(fir+frolt 6—927r(f1F+fLo)t) = cos(2n(fir + fro)t) (20)

When the minus sign at the Q component is changed to a plus, the lower side-
band will be the output of the IQ mixer. The fact that the output frequency is
limited to one side-band makes this type of modulation also called Single-Side-
Band-Modulation.

On the receiver side (figure b), both the I and Q components are obtained
from the received signals. The signal is mixed once with the LO and once with
the 90° shifted LO. At the end of each channel there is a low-pass filter, which
then selects the lower band of the mixers output.

From a mathematical view, the mixer delivers the following signal for the I com-

ponent. It is assumed that the incoming RF signal is a cosine signal.

el2nfrrt + e~ J2rfrrt  oj2mfLot + e—J2rfrot

2 2

[MIX = (21)
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Which leads to the following cosine signals:

Lrix = %(605(27T(|fLo F fae)t) + cos (| fro — Far))t) (22)

With an appropriate low-pass filter, the base-band signal can be obtained, which
would then be:

1= S(cos(2n(|uo — Fr ) (23)

For the Q component, the incoming signal will be the same as for the I component,
but the LO will be shifted by 90° and therefore the RF signal is mixed with a
sinusoidal LO:

eI2m frrt + e~ J2rfrrt  pj2mfLot _ o—j27fLot
Qumix = 5 : % (24)

This ca be further written as:

Quix = i(ejQW(‘fLOJFfRFDt + e2n(fro=frr)t _ o=j2n(|fro+frr)t _ e*jQW(\fLO*fRF\)t>
4j
(25)
Which leads to the following two sinusoidal components:
J, . .
Quix = 5(sin(2n(|fro — frr|)t) + sin(2n(| fro + frr|)t)) (26)

And again, using the low-pass filter the base-band QQ component can be obtained

as:

Q = 5i(sin(@n(1fz0 — farl)0) 27)
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2.2 LimeSDR USB Board
2.2.1 Block Diagram

The block diagram of the LimeSDR is shown in figure [I7}

T. Sensor,
EEPROM, pf LM STO02M Ly ol oxEEPROM
 losh RF Transosives
ry F
v ¥
¢~ ™ )
USB3.0 RF Matching UFLMMCX
CUSBeci; peripheml Netvork & RF
onnector controller 4
it Loopbadk Connectors
\, 7/ | FrGAacCydone vE /
- EPSCEXR) or
E EPSCLSOF2A
Dual channel
Power FPGA DDR2 RAM
g Conig P (256MB Tou
upply Flash ASACEAMIBD2
25BCN
Clock f "\
N etwork .
ey 3 RG LEDs |+ GROLT-0
ADSE0 pinheader
VCTCHO,
553510 \ .

Figure 17: Block diagram of the LimeSDR board. Source: [10]

The heart of the SDR is the LMS7002 FPRF chip. In order to generate the
desired signals and to control those from a host PC, a USB 3.0 controller is in-
stalled, which transfers the settings made on the host PC to the Altera Cyclon
IV E FPGA. This in turn communicates the necessary settings to the LMS7002M
FPRF chip.

RX data is then transferred from the LMS7002 FPRF via the FPGA and the
USB 3.0 interface to the host pc and can be further processed.

Additionally the board is equipped with a 10 pin JTAG pin header for GPIO use.
This is very useful for generating control signals for other peripherals. Please also

refer to [10] for an overview of the different connectors on the board.
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2.3 LMS7002M FPRF

The LMS7002M is a so called Field Programmable Radio Frequency (FPRF)
multiple input multiple output (MIMO) transceiver IC, with a integrated mi-
crocontroller. It is equipped with two TX and RX channels and covers a broad

frequency range from 100 kHz to 3.8 GH z.

Figure [1§ shows a block diagram of the LMS7002M transceiver IC.
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Figure 18: Block diagram of the LMS7002M. Source: [12]
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In figure [18| the structure of the two RX and the two TX channels can be seen.
Since this sketch contains a lot of information, the following blocks should provide

a closer look at the module.

2.3.1 TX and RX path

The TX path starts in the LimeLight Digital 1Q) Interface, which provides the
IQ data to the Transceiver Signal Processor (TSP). The TSP is divided into a
TxTSP and a RxTSP (per channel). The TSP is basically responsible for ensur-
ing that the I and Q channels are optimally prepared. Corrections to the I(Q) data
of the LimeLight digital IQ interface can be made here. At best, the two tracks

have exactly the same amplitude and do have a 90 degree phase-shift respectively.

After the digital 1QQ data has been optimally tuned, it is converted to two ana-
logue tracks by a digital to analogue converter (DAC). A lowpass filter (TXLPF)
can be used to limit the bandwidth upwards. The I and Q tracks are then mixed
with a local oscillator to upconvert the signal from the base-band to the desired
RF band. An amplifier (TXPAD) can then be used to tune the output power

before it is output to a port accessible with UFL connectors.

To take a closer look into the TSP, figure shows the building blocks of the
TxTSP.

TXDC 1Q Phase 1Q Gain . G.P. G.P G.P.
TYI Corr Corr Corr INVSINC ® Interpolation FIR 3 FIR 2 FIR 1 TXI
CMIX
TXDC 1Q Phase 1Q Gain - G.P. G.P G.P.
TYQ Corr Corr Corr INVSINC ® Interpolation FIR 3 FIR 2 FIR 1 TXQ
TXNCO

Figure 19: Block diagram of the LMS7002M’s TxTSP. Source: [12]

The general purpose FIR filters (G. P, FIR 1-3) are not used by the pulse pro-
grammer software from [2]. According to the datasheet, the INVSINC can be
used to compensate %(I) roll off, but was also disabled in this project. The
mixer (CMIX) is also not used.

The blocks 1Q Gain Corr, IQQ Phase Corr and TX DC Corr are very important
to calibrate the IQ data. With these, the generated signal can be optimised very
well to a single frequency output. These can also be adjusted with the help of
the software [2]. A description of the calibration procedure can be found in the

appendix.
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Finally, figure [20] shows the TX gain control and the TX mixer of the TX path.
The TX mixer is responsible for mixing the base-band 1/Q signals with the local
oscillator (provided by the TXPLL) to generate the target RF frequency.

XN g ® TXOUT1

TXMIX TXPAD

TXPLL

Figure 20: Block diagram of the LMS7002M’s TX gain control including the TX
mixer. Source: [12]

Now, a closer look at the RX path will be given. A received signal can be ampli-
fied immediately after it arrives at the port using the first amplifier (which are
Low Noise Amplifiers (LNA)) of the RX path (RXLNA). Looking at figure[18|one
can see that three inputs (RXINL, RXINH, RXINW) are connected to the same
mixer via three separate LNAs. The reason for this is that the different inputs
have different input matching-networks, which are tuned to different frequency
ranges. Since only frequencies below 200 M Hz were used in this work, only the
RXINL (L for low) is used.

Afterwards, the received signal is mixed down to the base-band with the same
local oscillator that is used to generate the transmitted signal. The signals are
divided into an I and a Q component as explained in 2.1.3. After the down-
conversion, there is another amplifier (RXTTA). In the base-band, the band can
still be limited with the help of a low-pass filter (RXLPF). This is followed by
the last of the three amplifiers in the RX path (RXPGA) before the signals are
then digitised with an analogue to digital converter (ADC). The signals, which
are now digital, are then passed on to the RxTSP.
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Figure [21] shows the block diagram of the RxTSP.

RXNCO

1Q Gain 1Q Phase RX DC - G.P. G.P. GP. .
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RXQ “’I Corr H Corr H Corr |_’ X _’I Decimation H FR1 PRz PR3

Figure 21: Block diagram of the LMS7002M’s RxTSP. Source: [12]

RYQ

As with the TX path, the general purpose FIR filters (G. P, FIR 1-3), and the
CMIX is not used. The blocks IQ Gain Corr, IQQ Phase Corr and TX DC Corr
in the RX path can also be adjusted with the software from [2]. However, these
settings were left at the default settings, as there were no problems with the re-

ception of the signals.

The RX gain is always divided between the three RX amplifiers (RXLNA, RX-
TIA, RXPGA) mentioned above. Figure 22| shows the block diagram of the RX
gain control and the RX mixer. The RX mixer is used to convert the received
RF signal into a I and a ) base-band component using the LO provided by the
RXPLL.

RXINL

)

RXMIX RXTIA RXLFF  RXPGA

®

RXLNAH
RXINH

RXLNAW
RXINW

Figure 22: Block diagram of the LMS7002M’s RX gain control and the RX mixer.
Source: [12]
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2.3.2 LimeSDR RF Performance

Figure [23| shows the LimeSDRs RX performance for the RX1 L port. The table
describes different hacks to perform a different RX performance. The components
mentioned here are part of the matching network for the RX1 L port (see also
appendix figure to see where they are located). The unit dBF'S describes

the input power in d Bm normalized to the full scale (the maximum).

MN19 MN17 MN20 MN18 C14

Default (900MHz) 1.2pF 510pF | 510pF|8.2nH  470pF
EasyFix1 1.2pF 510pF|510pF Remove 470pF
EasyFix2 Remove 100nF 100nF | Remove 100nF

Broadband (100kH-400Mhz) 1pF//82R 8.2nH 8.2nH | 1pF 100nF

Digital Signal Strength RF=-45dBm IF=1Mhz

- —-— —o— —0—BrasdBand

Figure 23: LimeSDR RX RF performance for the RX1 L and how to improve
it. Source: [22].

Figure |24] shows the LimeSDRs TX performance. 7X1 1 and T'X1 2 are the
two TX ports of TX channel 1 of the LimeSDR (there is a second TX channel

with also two output ports).

Typical SSB output of LimeSDR

o—TX1_1 TX1_2

Level dBm

1 1 10 100 1000 10000

Frequency MHz

Figure 24: LimeSDR TX RF performance for SSB outputs. Source: [22].

2.4 Open Source Files: C+-+ Routine and Python script

As depicted in figure , the open source files from [2] consist out of a C++
routine which is responsible for setting all registers on the chips and to stream

and save data. A python module used to communicate with the C+-+ code is
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also delivered, through which a pulse experiment can be set up with a python
script. An introduction how to set up the working environment can be found in
the appendix.

The general idea of the project is to perform a pulse sequence at a certain fre-
quency. The selected IF frequency is mixed with the LO frequency in the TX
path and the sum of the LO and IF frequencies forms the transmitted RF signal.
On the RX side, the RF signal is then received, mixed down and then digitised.
Figure [25| shows the IF spectrum after down mixing and sampling (single peak
due to complex sampling). The LO frequency can be added to the frequency
axis to show up the RF frequency which was received before down mixing. The
C—++ routine saves the time domain data to a hdf5 file where the data points are
summed up before they are saved (with the selected number of averages). Many
SDR settings such as TX and RX gain, receive bandwidth, local oscillator and
base-band frequency, etc. can be set via a python script. Furthermore, it is pos-
sible to generate any number of pulses with any averaging number and repetition
rate with minimum a time resolution of 33ns (depending on the sample rate,
here it was always set to 30.72 M H z).

The output pulse pattern can also be accompanied by a GPIO signal, which can
be used as a gate (e.g. for the power amplifier (PA)). In total there are four pins
which can provide a GPIO signal, in this work only one of them was used, but
it is possible to use all four. However, in order to switch the GPIO signals with
the pulse sequence, a small change must be made to the default FPGA code. An
image which can be transferred to the SDR with the help of 'LimeSuiteGUT is
also included in [3| (name: LimeSDR —USB_Ims7_tro_ HW 1.4.rbf). For a

detailed instructions: see appendix.

In order to use the C+-+ routine, it has to be compiled first. This has to be
done only once or whenever you have made a change to the code. Therefore,
g++ is needed on the Ubuntu system. To compile the C++ file, one line from
the header of the C++ file has to be executed in the command line of the terminal
(see also appendix, figure .

Amplitude
IF

| ' s f
fs/2 +fs/2

Figure 25: IF Spectrum illustration.
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2.4.1 Python Command Table

The following table should give an overview of the parameters which are com-
monly used in the python sequence scripts. Only those used in this work are

listed here. Some commands were not needed but can be found in the C-+-+ code

(there is also a short comment for each command).

Table [1| shows the Python Command table.

Table 1: Python Command Table with descriptions.

Python Commands and descriptions
Command Description / Comment
sra IF Sampling Rate in Hz
lof Local Oscillator (LO) frequency in Hz
rlp RX lowpass filter bandwidth in Hz
tlp TX lowpass filter bandwidth in Hz
rgn RX Gain in dB
tgn TX Gain in dB
tdq TX DC correction of ( channel
tdi TX DC correction of I channel
tgi TX Gain Correction I
tgq TX Gain Correction Q
tpc TX phase correction (I/Q)
rgi RX Gain Correction I
rgq RX Gain Correction Q
rpc RX phase correction (I/Q)
npu Number of Pulses
pdr Pulse duration in s
pof Pulse Offset in Samples (Sa)
pam IF Pulse Amplitude
pfr IF Pulse Frequency in Hz
pph IF Pulse Phase
pen Number of Phase-Cycles
pcl Level of Phase-Cycle
pba Phase Cycles before Averaging (if >0)
t3d Trigger 3 Timing (GPIO 3)
nrp Number of Repetitions
nav Number of Averages (per repetition)
trp Repetition time
tac Acquisition Time in s
fpa Filename Pattern
spt Save Path
noi Don’t initialize if > 0
nos Don’t save if > 0
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2.4.2 Python Script Example

The following python snapshots in this section and in section 1Signal Processing|

together result in a pulse sequence, i.e. the timing for the sequence of pulses
and the subsequent necessary blanking and selection of the acquisition time and
acquisition window.

Figure shows the timing diagram for a sequence with two pulses, which is
realized by the pulse script and the post processing script. Figure 27] shows a
snapshot of a python script which generates two pulses. Note: figure and
figure 28| are one python file, it is just split due to readability and to show that

there is a pulse generating part and a post processing part.

Tacquisition M 398-}4 Hs
Tpy Tpa ‘
Toﬁsetl fiset2
Tblank Twindow
Time in us
° 13 16 22 28 35 .

Figure 26: Timing diagram of a sequence with two pulses. The repetition time
Tr was set to T = 1ms.

DOt DUMPY as np
limr
scipy.ffrpack imporc ffc, ffrshifc, ffofreg
1 = limr.limr('./pulseN test USB.cpp'):

tgtfreq = 83.56e6
if_frqg = 1l.2e6

1l.lof = tgtfreg-if fxgq #
l.sra = 30.72e6 #
l.nav = 1000 #
l.nrp = 1 S
l.trp = 1.0e-3 # repetition time
1l.tac = 82e-6€ # acquisition time

1.t3d = [1, 10, 53, 10] # GPIO Trigger 3 [Enable, padl, shift, pad2]
l.nos =0 # do not save if >0

l.pfr = [if frq, if frq] £

1l.pdr = [3e-6, €e-6] ¥

l.pam = [1.0 , 1.0] # relative pulse ampli

l.pof = [300, np.ceil (9e-6*1l.sra)] # e offset: T offsetl and T_offset2
1l.npu = len(l.pfr) E mber of pulses

l.rgn = 55.0 # BX gain

1l.tgn = 40.0 # TX gain

1l.rlp = 3.0e6 # RX lowpass BW

l.tlp = 130.0eé $# TX lowpass BW

l.spt = ta' # directory to save to

1.fpa = # filename pattern

Figure 27: Snapshot of a python script producing two pulses. The structure and
content is based on the sequence presented in [2].
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The first step of a pulse-script using python is to import the class ’limr’ which
can be found in [3]|. This class is responsible for parsing all of the commands (see
table [1)) to the C++ routine which is also available in [3].

The sampling rate was always set to 30.72 M Hz in this project, as with this
choice a stable communication between host PC and LimeSDR was achieved and
the measured signals have a sufficiently high resolution with respect to the num-
ber of recorded data points. In principle, the sample rate can be divided down
as desired but this was not tested in this work. The upper limit is 61.44 M H z,
which is limited by the USB 3.0 interface. However, it is not recommended to
use this sample rate, since packet loss already occurs between host PC and SDR.

The maximum (reliably) usable sample rate is therefore 30.72 M H z.
The intermediate frequency (IF) and the local oscillator frequency (LO) can be set

separately. Furthermore, the number of averages and the number of repetitions
of the experiment can be set. The acquisition time must be set in a way that it
is smaller than the repetition time. The IF frequency in this example was set to
1.2 M H z since this choice allows a narrowband RX low-pass filter to be selected
(3 MHz) and thus no higher frequency interference can disturb the spectrum.
This filter limits the RX bandwidth and thus also the noise. It is recommended
to not set the IF frequency lower than 1 M Hz, as it will then get closer to the
LO frequency and the distinction between LO leakage and IF signal may become
more difficult. No specific studies have been performed for this, but 1.2 M Hz
has been shown by experience to be a good choice. The LO frequency was set to
82.36 M H z (because this is the difference to the target frequency of 83.56 M H z),
the repetition time to 5ms and the experiment is averaged 1000 times.

The necessary data stream is packed into buffers by the C++ routine, which
always have a size of 4080 samples. By default, this buffersize is multiplied by 3
(3-4080 = 12240 samples). A standard buffer of 4080 samples then leads to an

acquisition time of:

4080
30.72 - 106

Thus, for l.tac < 132.8 s, the minimum acquisition time of 132.8 s would be

Ty = = 132.8 s (28)

used, which is the case here for [.tac = 82 us. As already mentioned, this is then

multiplied by three and gives a total acquisition time of:

4080
30.72 - 106

So the 82 s are just a synonym for 'set the smallest possible acquisition time’.

Loy = -3 =398.4 us (29)

The LimeSDR records from the start of the experiment until the selected acqui-
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sition time and sums up the data points in time domain with the given number
of averages before saving it into a hdf5 file. In this way, the size of the stored files

can be kept as small as reasonably possible according to the sequence parameters.

The GPIO output used (1.t3d) is output simultaneously with the pulse. However,
it is possible to shift it or to lengthen or shorten it. The first vector entry means
‘enable’ (so set to 1 if enabled, 0 if disabled), the second one is the 'padding0’ and
means padding before the rising edge (can be negative and must be if the GPIO
should be opened before the pulse). The third entry is the ’shift” which causes a
shift between the GPIO signal and the pulse and the fourth entry is 'padding2’
(can be negative) which can lengthen or shorten the time to onset of the falling
edge of the GPIO signal.

The script is structured in such a way that in the case of several pulses, the
nth entry in the vectors specifying the pulses is always assigned to the respective
pulse. In the code excerpt above, the arrays that define the pulses are l.pfr, 1.pdr,
l.pam and l.pof. Looking at these vectors, this means that the first and second
pulse have the same frequency, that the first has a duration of 3 us and the second
a duration of 6 s, that both have the maximum amplitude (namely 1.0) and that
the first pulse has an offset of 300 sample points and the second is shifted by 9 us
with respect to the starting point of the first pulse.

It is also possible to set a TX low-pass filter and an RX low-pass filter. The
selectable bandwidth is the —3 dB bandwidth. The TX and RX signals can be
amplified by on-board amplifiers. The amplification already has the unit dB
for both, the RX and TX gain. Some of the TX gains were tried out and the

respective output powers were calculated in table

2.4.3 Signal Processing

The presented code in figure produces the necessary excitation pulses and
stores summed up time domain data acquired at the RX port. A practicable
sequence also includes the correct evaluation of the measured data, which will be

described here.
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Figure |28 shows a standard post processing script for a Spin-Echo Sequence.

freads back the file which was recently saved

1.readHDF ()
fevaluation range, defines: blanking time and windew length
evran = [35, 55]

#pick values from the selected range out of the time domain data from hdfs file
evidx = np.where( (1.HDF.tdx > evran[0]) & (1.HDF.tdx < evran[l]) )[0]

#time domain x and y data

tdx = 1.HDF,tdx[evidx]

DF.tdy [evidx]

cting a offset in the time domain by subtracting the mean
an = cdy-np.mean(cdy)
#£ft of the corrected time domain data

fdyl = f£feshife (ffe(vdy_mean, axis=0), axes=0)

#ff is here used to scale the x axis (frequency axis)
fdx len(fdyl) ) *l.sza/leé

fdx

#scaling factor which converts the y axis from points into uV
plt.figure(l):

plt.plot(tdx, tdy mean)

plt.xlabel ("t in us"}

plrt.ylabel ("Amplizude in uv")

plt.show()

i range (0, len(fdxl)):
fdxl[i] = fdxl[i]+lof[0]/leé

of spectrum will not show signal peaks
n yl)-l-stopper] )}
—-l-stopper]

plt.figure (4);
plt.plot(x, ¥)
plr.xlakel ("f i
plt.ylabel ("Amp
plt.show()

Figure 28: Snapshot of a python based post-processing script.

As already mentioned above, both the pulse generating part and the post pro-
cessing part are required to realize a sequence. The total acquisition time for the
experiment can be read from the equation above which is 398.4us. In order to
set the blanking and the window length, the data has to be read back from the
hdf5 file and then the evaluation window has to be set.

The time domain data is loaded back into the python script and an DC offset
correction is done by subtracting the mean value of the amplitude of the time
domain data. After that, the Fast Fourier Transformation (FFT) is applied to
the data and then it is shifted (using fftshift()) in a way that the zero frequency
component is in the center of the spectrum. The frequency axis is extracted
by using the fftfreq() function and multiplying the vector by the sample rate.
To get a scale that is symmetrical about 0 Hz, the frequency axis must also be
shifted with fftshift(). The Local Oscillator (LO) frequency is then added to each

frequency point to represent the actual transmitted frequency. In addition, the
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left side of the spectrum is usually not plotted, as it does not contain any signal
information. Typically, the interesting part with about + 500 kH 2 around the
excitation frequency is cut out and only this section is plotted. For possible SNR
evaluations the standard deviation and the maximum of the excised frequency
range are printed to the console. The maximum is important for the evaluation
of the sample’s signal strength. The standard deviation is used for the evaluation

of the noise, wherefore the sample is removed.

It should be highlighted, that the received signal is always mixed down before it is
digitised (see IQ Mixer) and the LO frequency is added by post processing. The
sampling rate then defines the limits of the spectrum calculated with the help of
the FFT (see figure . Here a spectrum of j:% is always calculated and then
the part of interest is cut out in post-processing (figure and the LO frequency
is added to these IF values.

Figure 29 should illustrate the main signal processing steps.

leg

300000
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200000 ” 12
3 2
T 100000 m 10
~ ~
@ @
E 0 mm) S °°
£ ]
o o %]
£ 100000 £
<< < 04+
-200000
02
~300000 00 _JL

225 250 275 30.0 325 350 375 40.0 425 -15 -10 -5 0 5 10 15
tinps fin MHz

1e8

Amplitude / a.u.

83.0 83.2 83.4 83.6 83.8 84.0
fin MHz

Figure 29: Typical signal processing steps.
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2.5 Preparation for using the LimeSDR’s GPIO

The GPIO signals already mentioned must be tapped from the LimeSDR board.
Furthermore, the GPIO signals have an amplitude of 3.3V and must be shifted to
about 5V in order to supply the peripheral devices such as the power amplifier
with a gate signal. On the one hand, the power amplifier used requires these
signal amplitudes, on the other hand, a driver circuit should tap the signals from
the board so that the SDR board does not have to drive many external devices
at the GPIO port (limited power).

In this work, only one of the four available GPIO pins was used, which is marked
in figure [30] on the LimeSDR board. There is no special reason for using the pin

labelled with ’GPIO 3’ - any other pin could be used in a similar manner.

Pin8—-GPIO 3

Pin 9—- GND

r
17!

Figure 30: LimeSDR board with the GPIO Pin used marked in red.

In order to use the GPIO signal as a trigger or as a gate, two wires need to be
connected to the two marked pins in figure Best is to use a 1.27mm pitch
PCB socket and to solder the two cables onto it.

2.5.1 GPIO Level Shifter PCB

To shift the 3.3V GPIO signal to 5V, a fast rail to rail comparator (TLV3501AID,
Texas Instruments) was used. The TLV3501AID has a very short propagation
delay of only 4.5 ns and the rise and fall time is 1.5 ns according to the datasheet.
Further it was selected as it is a rail-to-rail comparator, which means it can output
voltages up to the selected supply voltage (no voltage drop). Therefore, a PCB
was designed using 'EAGLE’. Figure [31] shows the schematic of the GPIO level
shifter.
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Figure 31: Schematic of the GPIO level shifter PCB.

Figure [32] shows the boardplan of the GPIO level shifter.
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Figure 32: Boardplan of the GPIO level shifter PCB.

The functional principle of this circuit is to quickly raise the gate signal to a level
of 5V. The comparator is dimensioned in such a way that from an applied level
of approx. 1.67V (given by the voltage divider of Ry = 1k and Ry = 2k at
the positive comparator input) it outputs the +5V supply voltage at the output.
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2.6 Functionality check of the LimeSDR as Transceiver

To check the functionality of the software from [2] and the previous installations
and the whole setup, the T X1 1 channel of the SDR can be connected to an
oscilloscope. It is also advisable to examine the signal in the frequency domain
using a spectrum analyser in order to assess the need for calibration and, if

necessary, to make corrections immediately.

2.6.1 Time Domain Measurements, Oscilloscope

Figure[33|shows the measurement setup for the transmit check in time domain. It
is advisable to connect the GPIO output, which is the gate signal, to the second

oscilloscope channel and to set the trigger onto it.

/7 Oscill
(- scilloscope . .

®O®

e e

| | CH1 CH2
o~ - /
\ 0

) |
™1

RX1_L

Figure 33: Measurement setup to check the transmit channel of the LimeSDR in
time domain.

( LimeSDR

2.6.2 Frequency Domain Measurements, Spectrum Analyzer

Figure |34] shows the measurement setup for the transmit check in frequency do-
main. The CW test signal used was output using 'LimeSuiteGUI’. Remark: see
appendix for the TX calibration guide where it is also explained how a CW test
signal can be produced using the 'LimeSuiteGUT’.

A pulsed FID sequence was also tested, with the TX gain of the SDR increased to
about 50 dB, the pulse length set to 600 ps and the repetition time to 1 ms. This
was needed because otherwise no signal was visible on the spectrum analyzer due

to the pulsed operation and the attenuator.
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Spectrum Analyzer

Port 1 Port 2

LimeSDR

—— 26 dB Attenuator

Figure 34: Measurement setup to check the transmit channel of the LimeSDR in
frequency domain. A 26 dB attenuator was used for safety reasons.

2.6.3 Loopback to check the LimeSDRs RX path

Figure [35] shows the measurement setup to check the LimeSDR’s RX path with
the pulses generated in the TX path. Remark: this loopback was performed with
the later explained pulse sequences FID, Spin-Echo, Spin-Echo with phase-cycling
and Composite Pulse (figures , and . Results can be seen in the figures
[70l to [73L

LimeSDR X1 1
-30dB
Attenuator
RX1_L ‘_I

Figure 35: Setup to check the RX path of the LimeSDR with the generated pulses
from the TX path.

2.6.4 Output voltage levels of the SDRs TX path

In the course of the transmit checks, the output voltages at different TX-Gain val-
ues (between 40 dB and 80 dB) were measured with an oscilloscope and converted
to dBm. Table 2 shows the table with the different TX values.

Table 2: TX Gain of the LimeSDR.

TX Gain of the LimeSDR
Python Value in [dB] || Vpeqr in mV Vims iIn mV V in dBm
30 13 9.19 —27.72
40 40 28.28 —17.96
50 130 91.92 —7.72
60 400 282.84 2.04
70 1300 919.24 12.28
80 1500 1060.66 13.52
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2.7 Tuning and Matching
2.7.1 Theory

Tuning and Matching refers to the impedance matching of a network to a stan-
dardized impedance in order to achieve maximum transmission and minimum
reflection of an RF-signal from a source to a load. In NQR and NMR experi-
ments, it is necessary to match the used coil to the measuring device depending
on the applied frequency. The standardized impedance in RF-Electronics is usu-
ally 50 (2 (there are also systems that have 75 termination impedance, but here

a 50 ) system is present).

The difference between NQR and NMR with respect to the applied frequencies is
that NMR systems often do not need to make large changes to the transmission
frequency, as NMR Spectroscopy targets hydrogen-containing compounds and
this has a fixed Larmor frequency in the presence of a constant external magnetic
field (y = 42.5774%),

For NQR nuclei, however, the spin transitions (of one nucleus if it shows several
transitions and when investigating different compounds containing quadrupole
nuclei anyway) can be very far apart (tens of M Hz), so the coil used must be

adjustable over a very wide frequency range.

The matching-network typically used consists of a tuning capacitor (C7) con-
nected in parallel to the coil and a matching capacitor (C);) connected in series
to the parallel resonator. The tuning capacitor has the task to transform the
impedance of the coil to 50 (real) and the matching capacitor is used to elimi-

nate the imaginary part.

Figure shows a Tuning- and Matching-Network which consists out of two

capacitors and the sample coil.

o

Zy=500

Figure 36: Schematic of a Tuning- and Matching-Network with two capacitors
and the sample coil.
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The implementation of the capacitors can be realized in different ways. On the
one hand, tube trimmer capacitors can be used, which can be adjusted either
manually or automatically with stepper motors. Both of these options require a
mechanical tuning process.

However, there is also the possibility of building electronically tunable networks
by replacing the capacitors with varactor diodes. These change their junction

capacitance depending on the voltage applied.

In this work, a manually tunable coil was primarily used. However, the foun-
dations were also laid for the use of electronically tunable probe heads (already

available at the Institute of Biomedical Imaging from previous research work).

2.7.2 Example

The circuit shown in is a frequently found implementation of a tuning and
matching circuit, since the two capacitors can be realised as variable compo-
nents. In principle, there are many different possibilities for a matching network.
However, one must pay attention to the practicability of this particular form, as
it is necessary to be able to adjust the coil over a large frequency range, as already
mentioned. There are also different ways to calculate a matching network. The

method now presented shows how it can be calculated via the quality factor.

Figure shows the illustration of the matching problem. Basically, the TX

path can be seen as a source with an internal resistance of Rg = 50 (2.

Re= 50 0

—

Matching
Us Network

I —

Figure 37: Illustration of the matching problem.
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The idea now is to transform the real part of the coil (Ry) to the 5042 of the source
using a network. The form realised here is a so called T-Matching-Network, where
the coil L acts as part of the network. For the calculation, a coil with L = 300 nH
and Ry, = 3 at a frequency of f = 83.5 M Hz is assumed.

Figure [38] shows the illustration of the different components of the T-Matching
Network. Xg; and Xgo denotes reactive resistances and Bp denotes reactive
conductance. As mentioned above, the coil becomes part of the matching network,
and this can be done in two ways. Either by compensating the reactance caused
by the coil or by removing the reactance by resonance which would require a
capacitor. Here, the compensation variant is applied, thus the coil itself will be

Xgo. The solving process was taken from [28].

Rs=50 Q Xs1 Xs; = X,

— L F—1 o1 }+—

J D ] [

Figure 38: Illustration of the T-Matching Network.

Conceptually, the network is split in the middle of Bp and both sides are matched
to a virtual resistor Ry . This is shown in This takes advantage of the fact,

that in a matched network, matching also prevails in any cut through the network.

Re=500 Xs1

e o B L o o B L

JQO el [

Figure 39: Illustration of the T-Matching Network.
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The first step is to calculate the total quality factor given by the resistors Rg and

R;.
Rg 50
otal — — —1= — —1=43.96 30
Qu = 2 1=/ (30

And the quality factor of the coil L:

X; wL 27-83.5-10%-300-107°
= = = = 52.46 31
Q1 R, R, 5 (31)
The virtual resistor Ry is calculated as:
Ry = (14 Q%) Ry = (1+52.46%) -3 = 8259.15Q) (32)

Then, ) for the left side of the network is calculated:

Ry 8259.15
=4/ =—-1==x —1==+12281 33
Q=7 Vo (3)

There are now two possibilities for Bp and Xg;. The calculation of the two

solutions for Bp is as follows:

Q1 +Qr  12.81 4 52.46

_ — 7.903mS 34
Ry 8259.15 mn (34)

BP,solutionl =

—|@Qi| +Qr  —12.81 +52.46
Ry  8259.15

= 4.801 mS (35)

BP,solutionQ =

The calculation of the two solutions for Xg; is as follows:

Xs1,sotution1 = [Q1] - B = 12.81 - 50 = 640.52 (36)

XSl,solution2 = _‘Qll ' Rl = —12.81-50 = —640.50Q (37)

And then, the L and C elements can be calculated from the reactances and

conducatances:

BP,solutionl o 4.801 - 1073

C solutionl — = = 15.06 pF 38
Pootutiont w 27 - 83.5 - 100 P (38)
BPsolutionQ 7.903 - 10_3
C solution2 — 7 = =9.15pF 39
Prootution? w 27 - 83.5 - 100 P (39)
XSl solutionl 640.5
L solutionl — : = =1.22uH 40
Ssolutiont w 27 - 83.5 - 100 s (40)
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1 1
X1 solution1 *w  640.5- 27 - 83.5 - 106

CSl,solutionQ = = 2.98 pF (41)

Since the solution with two capacitors is more practical and this solution was
targeted, the matching network for 83.5 M Hz with two capacitors is shown in
figure The solutions with the same index always belong together, which

means that solution 2 was used. Solution 1 would require a coil for Xg;.

2.98 pF
|1
Il T
Ch
L
| ¢ == 300 nH
9.15 pF
Re
30
*

zm =500

Figure 40: Illustration of the solution of the matching task.
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2.8 S-Parameters

S-parameters are often measured to characterise RF systems. In this work, S-
parameter plots are determined for the different stages for the characterization of
the systems assemblies. This section is intended to give an overview of these. Ba-
sically, S-parameters of an electrical multi-port are used to describe the system’s
properties. An electrical multi-port always has a number of ports? S-parameters,
which are usually combined in a matrix. Often, electronic circuits have two ports
(input, output) and thus have 4 S-parameters.

The S7; parameter describes the input reflection of the system. This means, a
signal is generated by a Network-Analyzer (NWA) and fed into the input of the
system. Then, the NWA measures back how much of the signal is reflected. This
parameter describes how well the input of the system is matched to the stan-
dardized impedance (often 50€2). Analogous to this is the Sy parameter which

is measured identically, except that the output of the system is examined.

The S9; parameter is analogous to the gain of the system. A signal is fed from
the NWA to the input of the system and measured at the output of the system.
With the help of the signal at the output, the NWA determines the gain. Again,
the S1o parameter is determined in exactly the opposite way. Here, the signal
is fed in at the output of the system and measured at the input of the system.
This parameter therefore represents the reverse gain. The following figures show
the measurement setups for the different S-parameters. The reverse gain was not
determined, as only the input and output matching and the gain was of interest.
The reverse gain would for example be necessary if stability analysis would be of

Interest.

Figure 41| shows the measurement setup for a S;; measurement.

Network-Analyzer

Device under Test (DUT) , ®

Figure 41: Schematic of a S;; measurement.
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Figure 42| shows the measurement setup for a Sy measurement.

Network-Analyzer

Device under Test (DUT) F; Fg

Figure 42: Schematic of a Sy measurement.

Figure [43| shows the measurement setup for a S5; measurement.

Network-Analyzer

Device under Test (DUT) , Fz

Figure 43: Schematic of a S;; measurement.

Figure 4] shows the measurement setup for a Sy, measurement.

Network-Analyzer

Device under Test (DUT)

oz
R

Figure 44: Schematic of a Sj measurement.
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2.9 Instrumentation of the system

This section is intended to give an overview of the built spectrometer. All compo-
nents used are explained in more detail in the following sections and the methods

used for characterization are explained there.

2.9.1 Setup

Figure [45] shows the setup for the single frequency experiments.

Control lines

Transcoupler

RX lines
Monitoring lines

Pre-Amplifier Power-Amplifier

Directional Coupler FWD
' 50
Gal_eﬂ_ Terminator REF

timesoR UM |m3

GPIO
= |USB3.0A Tuning- and

i
Pulse Generator + Receiver

Low Noise-Amplifier % Sample
M

A o S Sample Coil

Transmit Preamplifie

Probe

Oscilloscope

Figure 45: Schematic of the setup for the single frequency experiments.

The SDRs RF-pulses get amplified by the pre-amplifier and the PA and are sent
via the transcoupler (the transmit / receive switch, see section [Transcoupler)
to the matched coil. After excitation, the transcoupler switches from TX to RX,
which means it connects the coil to the LNA and the SDR receives and digitises
the signal. The gate signal is displayed on the oscilloscope. A directional coupler

is used to additionally observe the TX signal on the oscilloscope.
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2.10 Overview and characterization of the individual as-

semblies

This section serves to explain the various assemblies used for the realization of the
entire spectrometer system (shown in figure . Further these were characterized

on essential aspects.

2.10.1 Pre-Amplifier

The used pre-amplifier is a BGY587B (NXP semiconductors) which covers a
frequency range from 40 M Hz up to 550 M Hz. The Pre-Amplifier would not
be absolutely necessary, but if it is used, lower output levels from the SDR are
needed and it serves as a protection in case of a reflection on the TX line of
the PA that could possibly destroy the TX channel of the SDR. The gain factor
according to the datasheet [15] is between 26.2dB and 27.5dB across the whole
frequency range. The Pre-Amplifier was characterized by measuring the S, Sao

and the Sy parameter.

2.10.2 Power-Amplifier

The used power amplifier was recycled from an old spectrometer. From previous
measurements, it was known that the PA has a maximum output power of around
100 W and can be used in a frequency range from 75 M Hz to 140 M H z.

For the characterization, the Power-Amplifier’s output power and the gain factor
were determined by using a custom-built 502 dummy load. The dummy load
has a built-in voltage divider with which a defined fraction of the output voltage
can be measured down divided. In order to perform a conversion as accurate as
possible, a Ss; measurement of the division factor of the dummy load was carried
out first.

Figure shows the setup to measure the PA’s output power. The SDRs TX
gain was set to 40 dB and the frequency was set to 100 M H z.

The division factor at 100 M H z was determined as —36.15dB (see figure and
the amplitude of the signal measured from the output of the dummy loads voltage
divider is about 1.2V peak (see figure [79).

The frequency of 100 M Hz was used, as this is exactly the —3dB bandwidth
of the used oscilloscope. It would be necessary to convert the measured peak
voltage into the RMS voltage to calculate the RMS-output-power of the PA. As
the conversion from peak to RMS voltage is \/Li and the amplitude of a signal
also drops to \/Li at the —3 dB bandwidth of the oscilloscope, the displayed peak

value can be seen as the RMS value.
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GPIO Level Shifter PCB

Pre-Amplifier Power-Amplifier
e Dummy Load
Gatel | ? Divider Input
. Outy
LimeSDR [ 1) o
GPID =
— [USE3.0A
R¥_1]
Pulse Generator + Receiver
_
Oscilloscope

Figure 46: Setup for measuring the PA’s output voltage.
The output voltage of the PA can be calculated as:

Voura =1.2-10°50° =1.2.64.2 =77V ~ 51dBm (42)
And the resulting power is calculated as:

Voura _ 17

[

= ~ 118. 4
0 0 S6W (43)

PoutPA =

Knowing that the SDRs output voltage at 40 dB gain is —17.96 dB (see table [2))
and the Pre-Amplifier gives a gain of approximately 26 dB (see figure leads

to a gain of:

Gpa = 51dBm — (—17.96 dBm + 26 dBm) = 42.96 dB (44)

2.10.3 Transcoupler

A transcoupler acts as a transmit / receive switch. In TX mode the RF pulse is
transmitted from the PA to the coil, and in RX mode the coil is connected to the
LNA. Figure |47 shows the schematic of a standard % transcoupler.
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A

=

Transmit

Figure 47: Schematic of a Transcoupler.

A transcoupler uses the fact that a % line can transform a short circuit to an
open end. For the case, that an RF-pulse is sent from the transmit port, the
signal can pass both antiparallel diode pairs. At node B, the diodes act as a
short circuit against ground, but this short circuit is transformed to a open end
at node A (this means that the preamplifier appears to be disconnected for the
TX path). The transcoupler is designed to provide the behaviour of a % line over
a wide frequency range (here from 80 M Hz to 150 M Hz). The transmission line
is then replaced by a special reactive network, the description of which, however,
is out of scope of this thesis. If no RF-pulse is sent on the TX channel, there is
no ground connection through the diodes at node B. Since the received signals of
a sample are low in amplitude (some tens or hundreds of nV to some uV'), the
diodes in the TX path will block. Since the preamplifier is matched, the length
of the line or any wave effects do not matter and thus the sample signal flows
into the LNA.

2.10.4 Directional Coupler

A directional coupler can decouple a proportional part of the transmitted and
reflected RF signal. In this thesis it is used for monitoring purposes only and
is intended to draw attention to (maybe appearing) TX problems immediately.

Figure [48] shows a picture of the used directional coupler.

Precision Directional Coupler
20 MHz - 800 MHz

Dhrectvity 1 Input Power 2KW
Coupling -1648 @ 00MHz | -2648 & Z00Meiz
-328 ( 100MHz / 4638 g 20MHz

Figure 48: Picture of the used directional coupler.
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A more detailed documentation on this device can be found in [16].

2.10.5 Sample Coil

The sample coil is equipped with two variable capacitors and mounted in a

shielded box. Figure [49 shows a picture of the used sample coil.

Aktuelle Positionen:
T. 6506
M: 3489

Figure 49: Picture of the used sample coil including the Tuning and Matching
Capacitors.

It is of high importance to tune and match the coil at the frequency to be used.
Therefore, a Network Analyzer (NWA) is connected to the terminal at the frame
of the coil. An S;; measurement is then performed and the coil is tuned and
matched using the two capacitors. Figure 50| shows the setup for an S;; measure-
ment of the sample coil (see also figure , this figure was intentionally redrawn
with the coil because this measurement must be performed before any measure-

ment of a NQR-sample and is therefore very important).

Network Analyzer

P1 P2

Figure 50: Schematic of the S;; measurement of the sample coil.
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2.10.6 Low Noise Amplifier

An LNA is needed to amplify the received signals above the noise floor of the
spectrometers RX port. The used LNA is a SPF5189Z evaluation board with
a frequency range from 50 M Hz to 4 GHz. Additionally, the SPF5189Z has a
ultra-low noise figure of 0.6 dB specified at 900 M H z. Figure 51| shows a picture
of the used LNA.

| F=50-4000MH |
Voltage:+5y |

Figure 51: Picture of the SPF5189Z Low Noise Amplifier.

Since the LNA offers a very wide frequency range and the lowest part is used
here, the S-parameters were measured in the used frequency range. In the data
sheet [14], one can find the specifications for the amplifier around the middle of
its application range, to be precise for the range around 2 GHz. The LNA was
characterized by measuring the S-Parameters S, Soo and Ss;. For the following
noise analysis, two of the LNAs were used in series. Therefore a Sy of two

SPF51897 in series connection was recorded too.

2.11 Pulse Sequences

This section is intended to provide information about the pulse sequences used
in this work. SNR characterizations were then performed using these pulse se-
quences. As already mentioned in the functionality check section, all sequences
presented here were also looped back into the RX path via a 30 dB attenuator to
show the time course in the base-band (see results from figure [70| to figure .

2.11.1 Free Induction Decay

First, an optimal timing for the Free Induction Decay (FID) was determined by
optimizing the pulse length for the powder sample of BiPhs which was used as
a reference sample, and afterwards the timing for the Spin-Echo sequences was
set. The optimal pulse length for the FID, corresponding to a 90° pulse, was

about 3 us. Further, a blanking time of 7 us was used. The total acquisition time

was (as already mentioned in section JSignal Processing]) set to about 398.4 s
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and the window length was set to 20us. The acquisition time and window length
parameters were kept the same for comparison with other sequences. For all of
the sequences presented here, an offset of about 13us was incorporated. This has
no particular reason, but it leads to a better visibility of the pulse. The repetition
time was set to 5ms for all sequences. The settings for the SDR system can be
looked up in table

Figure [52| shows the timing diagram for the FID.

Amplitude

13 ps 3ps 7 us 20 ps
Tuffsel TPu\sE Tblank Twmdow

tinps

Tacquisition 3984 is!

Figure 52: Timing diagram of the FID sequence (T = 5ms).

Screenshots of the python script for this sequence can be found in the appendix

(figures and [126]).

2.11.2 Spin-Echo

For the Spin-Echo, a 90° and a 180° pulse was used, using the pulse length from
the previous FID and twice the pulse length, respectively. Further, an echo time

(Tg) of 21 us was used.

Figure [53| shows the timing diagram for the Spin-Echo.

Te
21 ps
TE TE
Amplitude : 2 2

105 s 105 s

Toffsetz

13 s 3ps 6 ys 6 s 7 s 20 us

Toftsets Pulsel! Toussez Totank Twindow

tin s

13 16 22 28 35 55

Tacquisition 398.4 s

Figure 53: Timing diagram of the Spin-Echo sequence (Tr = 5ms).

Typically, the window length (7}y) is centered around the echo. Here, however,
a very short echo time was used and only about half of the echo was recorded to
avoid the main part of ringdown artefacts. The short echo time was chosen on the
one hand because similar high signal peaks were reached as compared to the FID

sequence, on the other hand it was the idea to also show a comparison between
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ringdown suppressing and normal sequences using only one measurement. Most of
the ringdown should be decayed during a blanking time of 6 —7us, but differences
in the SNR should be visible, since some residues always remain. The echo time
was chosen in a way that the expected echo reaches its maximum after 7.5 s
after the m pulse. Thus, the same blanking as for the FID sequence (7 u1s) can be
used. Note: usually there is no blanking time with a Spin-Echo sequence, but the
time between the last pulse and the start of the acquisition window was named
Thiani for all sequences to compare them among each other.

Screenshots of the python script for this sequence can be found in the appendix

(figures and [128)).

2.11.3 Spin-Echo with Phase-Cycling

Phase cycling is a method for removing artefacts that occur synchronously with
the RF-pulse. The phase of the RF pulses and the acquisition reference phase
are cycled over a certain number of repetitions (typically 4 or 8) with a special
pattern. The phasing is chosen in such a way that artifacts sum up destruc-
tively during averaging while the spin signals sum up constructively. For the
phase-cycling presented here and the composite pulse presented in the following

section, please also refer to [21].

A known problem is the ringdown of the sample coil. The RF-pulses excite
the resonator and thus the voltage across the coil decays after a pulse is over.
A particular problem with ringdown is that it occurs at the same frequency as
the expected signal from the sample. Due to the high power of the pulses, the
ringdown signal has a much higher amplitude than the sample’s signal. However,
most of the ringdown has almost completely decayed after a few ps. Without
suppression of this artifact, the ringdown must be blanked, which can lead to the
signal no longer being measurable at short 7, or T5% times. The phase-cycling
scheme used here is called Kazan Echo. Table 3| was taken over from [19] and

shows the Kazan Echos phase constellations.

Table 3: Cycles of the Kazan Echo.

’ Kazan Echo ‘
’ Cycle H Phase 90° (7) pulse \ Phase 180° (7) pulse \ Acquisition Phase ‘
1 0 1 0
2 1 1 3
3 2 1 2
4 3 1 1
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The phases 0°, 90°, 180°, and 270° are abbreviated by the numbers 0 — 3. That
means, 0° = 0, 90° = 1, 180° = 2, and 270° = 3. For a more comprehensible
representation figure [54] shows the pulse trains 1 and 3 of the Kazan Echo. The
coordinate systems used here rotate at the Larmor frequency (around the z-axis).

The following explanations have been translated and supplemented or slightly

modified by [19].

(1a) The magnetic field (B1) generated by the 90° RF pulse tilts the magnetiza-
tion (M) into the xy-plane. The phase shift of the 90° pulse for Kazan-Pulse
1 is 0°, which corresponds exactly to the respective phasor direction along

the positive x-direction in the illustration.

(1b) Due to By inhomogeneities the spins get out of phase (here representative
only one phasor (M) for a single isochromate). The magnetic field changes
cause spins to precess with a slightly different velocity than the coordinate

system (angle ¢).

(1c) The second pulse of the echo sequence (here again labeled Bl1) is a 180°
pulse, which has a phase shift of 90° (therefore the B1 phasor is rotated by
90° compared to (la) ). The 180° pulse mirrors the spins (here again the
representative isochromate M) about the y-axis and the spins run towards
each other until they overlap again (rephasing). Exactly after the echo time

all isochromates are again exactly superimposed on the y-axis.

(1d) The acquisition is performed without phase shift (i.e. 0°, the corresponding
phasor points in positive x-direction). The ringdown artifacts always occur
with the same phase as the transmitted pulse, here with the phase of the
180° pulse (assuming the ringdown of the 90° pulse has already decayed).
This means that the ringdown also has the phase of 90°, i.e. the same as

the spin signal.

(2a) The 90° pulse (B1) at Kazan pulse 3 has a 180° phase shift, which is why

the magnetization (M) is exactly tilted to the negative y-axis.
(2b) Again, dephasing of the spins occurs.
(2c) Due to the 180° pulse (B1) the spins rephase on the negative y-Axis.

(2d) The acquisition phase this time is 180° (which corresponds to a phasor

along the negative x-direction). Since the ringdown has is in phase with
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the 180° pulse (which always has a 90° phase shift in Kazan Echo), the

ringdown again has a phase of 90°.

If the signals obtained in this way are subtracted, the signals superimpose con-
structively and the ringdown destructively. This process must still be carried
out for the two other pulses (2 and 4), whereby these then also superimpose

constructively with respect to the signal and destructively with respect to the

ringdown.
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Figure 54: Phase diagram for phases 1 (upper row) and 3 (lower row) of the
Kazan echo. Image Source: [19].

The timing of the phase-cycled Spin-Echo sequence used, was set the same as
it was set for the non-phase-cycled Spin-Echo in figure [53] Screenshots of the
python script for this sequence can be found in the appendix (figures and
130)).

2.11.4 Composite Pulse

A composite pulse consists of a pulse which changes its phase with time, i.e.
undergoes phase modulation. As with the Kazan phase-cycling presented above,
the Composite Pulse experiment is also performed four times with different phase
shifts and is also used for suppressing coil ringdown and other artefacts syn-

chronous to the RF-pulse.
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Table 4] shows the Composite Pulse phase constellations and was taken over from
[20]. In this case the phase changes discontinuously after a certain time within

the pulse.

Table 4: Composite Pulse phase constellations. Source: [20].

Composite Pulse
FID Phase  first | Phase second | weighting | sign of ringing | sign of ringing
part part 15t pulse 274 pulse
1 0° 45° -1 + +
2 0° 135° +1 + +
3 0° —135° -1 + —
4 0° —45° +1 + —

According to [20], the first and second partial pulses have phases (0,x) and
x = 45° and the condition to be satisfied for the pulse of the sequence is (0, z),
(0, —x + 180°), (0, z + 180°), (0, —z).

In [21], first experience with Composite Pulses is documented. On their rec-
ommendation also in this work z = 45° was chosen and the lengths of the partial

pulses were set to 3 pus and 6 jus corresponding to flip angles of 7 and 7 (see FID).

Figure [55| shows the timing diagram for the Composite-Pulse.

Amplitude

13 ps 3ps 6 ps 6 s 20 ps

Totcer TPu\sel TPu\sel Thlank Twmdﬂw

tinps

13 16 2 28 a8

i
Tacqusttion 398.4 ps!

Figure 55: Timing diagram of the Composite-Pulse sequence (Tr = 5ms).

Note: Between the last pulse and the start of the readout, a blanking of about
7 s was used for the FID and the Echo sequences (see figure [52] and figure [53)).
For the Composite Pulse, only 6 s was used due to a mistake during the pulse
programming. Since the composite pulse suppresses ringdown very well, this
makes almost no difference with respect to the SNR.

Screenshots of the python script for this sequence can be found in the appendix

(figures and [132)).
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2.11.5 Settings of the SDR based system

Table |b| shows the settings for the sequences of the SDR based spectrometer.
The settings above the first double line represent the settings comparable to the
SCOUT and other spectrometers, the settings below the first double line are SDR
specific. The settings that adjust the 1QQ mixers have been optimized for about
83.8 M Hz, but they are still calibrated at 90 M Hz (see also appendix for the
calibration routine). If the system is used for other frequency ranges, they may
need to be adjusted. Further, the phase settings for the Phase Cycled Spin-Echo

sequence and the Composite Pulse can be read below the second double line.

Table 5: SDR sequence settings.

SDR settings

Setting Value

LO Fequency (Llof) 82.36 M H~z

IF Fequency (1.pfr) 1.2MH=z

Sample Rate (l.sra) 30.72 M S/s

Number of Averages (l.nav) 1000

Repetition Time (l.trp) 5ms

TX lowpass (L.tlp) 130 MHz

RX lowpass (l.rlp) 3MHz

TX Gain (L.tgn) 40dB

RX Gain (l.tgn) 55dB

Acquisition window 20 ps

Not initialize (1.noi) -1

TX I DC correction (l.tdi) —45

TX Q DC correction (1.tdq) -0

TX I Gain correction (l.tgi) 2047

TX Q Gain correction (l.tgq) 2039

TX phase adjustment (1.tpc) 3

RX I DC correction (l.rdi) 0

RX Q DC correction (l.rdq) 0

RX I Gain correction (l.rgi) 2047

RX Q Gain correction (l.rgq) 2047

RX phase adjustment (L.rpc) 1

GPIO Trigger 3 (1.t3d) [1, 0, 50, 10]

Total Acquisition Time (1.tac) 82 s selected, which result
to 398us due to min. buffer
size and default multiplica-
tion of buffer size -3

Phase Cycled Spin-Echo Phase Constellation | [4, 1]

(l.pen)

Phase Cycled Spin-Echo Phase (1.pph) [0, np.pi/2]

Composite Pulse Phase Constellation (l.pen) || 1, 4]

Composite Pulse const. Phase (1.pph) [0, np.pi/4]
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Using the sample rate of 30.72 MS/s and the chosen window length of 20 us
results in about 30.72 - 105 -20 - 1075 ~ 614 data points.

2.12 Noise Analysis
2.12.1 Conversion factor between spectrometer unit and volt

It is first necessary to establish a conversion factor between the arbitrary unit of
the spectrometer and the true signal strength in volts. For the determination of
the conversion factor it is useful to generate a reference signal with exactly known
amplitude with the SDR and to connect it directly to the RX port. It should
be noted that such measurements should be carried out with small amplitudes,
otherwise the RX port may be damaged. For such measurements, attenuators
with 20dB or even 30 dB can be added for safety, as the input of the SDR is very

sensitive.

In this work, the SDRs TX port was connected to the RX port via a 30dB
attenuator. A sequence with a single pulse (FID) with a TX gain of 40dB and
a frequency of about 83.5 M Hz was used. A TX gain of 40dB leads to a peak
voltage of about 40mV (see table . Python was then used to calculate the
RMS value of the real part of the received time domain signal (in the arbitrary
spectrometer unit), which was about 1450.84 a.u.. The signal was recorded with
a number of 1000 averages, which have already been taken into account here
(time domain data was divided by the number of averages already). The above
mentioned internal RX-Gain was set to 55 dB. Figure |85|shows the recorded time
domain data.

The frequency was chosen because the reference measurements that follow later
are based on BiPhs and this substance has a transition at 83.5 M H z.

Figure [56/shows the setup for determining the conversion factor from a.u. to volts
(same as for the loopback check, figure .

LimeSDR X1 1 —
-30dB
Attenuator
RX1_L ‘_I

Figure 56: Schematic of the setup for the conversion factor from a.u. to volts.
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The conversion factor can then be calculated as:

1450.84
40103
( 1030 \/i)

— 1622137.746 (45)

scaling _factor =

The equation above takes the conversion of the peak value to RMS and the
30dB attenuator into account. This means a signal with 1 Vzye would lead to
1622137.746 a.u..

It is important to keep in mind, that the RX-Gain has to be taken into account
if it is not set to 55dB and a scaling of the spectra or time signals is done.
However, this can be corrected by calculating the difference to 55dB and taking
it into account as additional factor.

Screenshots of the python script for evaluating the scaling factor can be found in

the appendix (figures and [134]).

2.12.2 Theoretical vs. measured noise

The goal of the noise analysis is to verify that the system has a low noise figure,
i.e. the noise seen in the data is as close as possible at the theoretical noise of a
50 ) resistor.

The concept behind the noise analysis performed here is to connect a 50 {2 resistor
to the RX port and amplify the noise caused by it above the noise level of the
RX port. Two LNAs are used in series here to ensure sufficient amplification. In
order to carry out an accurate investigation, an Ss; measurement of the amplifier
chain was recorded. The gain of the LNAs adds up with the gain of the SDR
internal RX amplifiers. As for the determination of the conversion factor, the
RX-Gain was set to 55dB. It is not necessary to know the exact gain of the
internal amplifiers for analyzing the noise, as the RX-Gain factor is included (but
hidden) in the conversion factor. Also important for this measurement was the
RX-lowpass filter which was set to 3 M Hz and the acquisition time of 20us was
again used. To perform the analysis, a sequence can again be started by a python
script. Here it is again important to set an appropriately high blanking time in
order to really only measure noise (here, 20 us blanking time was used, which is
13 us more compared to the blanking used with the FID sequence in figure .
The noise in the time domain can be calculated using the standard deviation from
the real part of the complex RX time domain data. The standard deviation was
determined with the help of python. This measurement was also carried out with

1000 averages.

o8



2 METHODS Lukas Kaltenleitner, BSc

Figure 57| shows the setup for the Noise Analysis.

LimeSDR
50 Q -Terminator

RX1_L '—[:

Figure 57: Schematic of the setup for the Noise Analysis.

The gain of the amplifier chain at 83.5 M H z is about 52 dB (see figure . Again,
the range around 83.5 M H z was examined, as this is close to the measuring range

used later.

The theoretical noise of a 50 (2 resistor is calculated as follows:

on = VAKTBR = V4 -1.38-10723.293.15 - 3- 106 - 50 = 1.558 uV/ (46)

Since the data has been averaged and a comparison between theoretical and
measured noise is done, the number of averages must be taken into account. The
noise in time domain decreases with /averages, resulting in an actual theoretical

noise at 1000 averages:

oy 1.558-107
V1000 /1000

The measured standard deviation (already divided by 1000 because of the aver-

= 49.26 0V (47)

ages) was 33.89 a.u. (see figure [86). The measured noise in volts can then be

calculated as:

a.u. 33.89
= = 52.479nV 48
LNA Gain - scaling _factor 105 - 1622137.746 " (48)

Screenshots of the python script for the noise analysis can be found in the ap-

pendix (figures and [136]).
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2.13 SCOUT system
2.13.1 Setup

In order to compare the performance with respect to the Signal to Noise Ra-
tio (SNR) of the LimeSDR based spectrometer with a commercially available
one, reference measurements with the same sample (BiPhs) were carried out us-
ing the SCOUT spectrometer. In order to achieve a fair comparison, the same
components were used wherever possible. The following components were the
same: Transcoupler, Low Noise Amplifier, Sample and sample coil. Unfortu-
nately, it was not possible to use the same power amplifier because the scout
setup was needed for experiments at a different location. In this respect, the two
spectrometers could not be compared under the same environmental conditions.
The power amplifier used in the SCOUT setup is a Tomco BT00500-GammaS
5MHz—310 M Hz with a maximum power of 500 /. The comparison was made
with the same pulse settings as above (figures , . Care has been taken
to ensure that the power is also around 100 W', but minor changes were tolerated

for optimum pulses.

Figure [58| shows the setup for the reference measurements with the SCOUT spec-

trometer.
Control lines
RX lines
Monitoring lines ApN Transcoupler
Transmit Preamplifie
Probe
Power-Amplifier
Tuning- an d
Matching-Network—L—

Low Noise-Amplifier Sample

Sample Coil

Figure 58: Setup for the reference measurements with the SCOUT spectrometer.
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2.13.2 Settings SCOUT system

Table [6] shows the settings for the SCOUT spectrometer.

Table 6: SCOUT settings.

SCOUT settings
Setting Value
Observ. Freq 83.56 M Hz
Acq. Points 330
Points 1D 512
SW —+ /- 8.33MH=z
Filter 833 MH=z
Dwell Time 60ns (sampling rate of 16.66 M H z)
Acq. Time 19.8 us
Last Delay Sms
Scans 1D 1000
Actual Scans 1D | 1000
Receiver Gain 300
TX Gain 25 (leads to approx. 100 W)

The settings in Table [0 were applied for all sequences. The reference measure-
ments were also carried out with the four sequences FID, Spin-Echo, Spin-Echo

with Phase-Cycling and Composite Pulse with the same timing as shown in fig-

ures 52}, 53] and [55]

2.14 Signal to Noise Ratio (SNR) determination

The measurements with the sequences described above, were always carried out
twice. First, with the sample located in the sample coil and second without
the sample to determine the noise. Therefore, the coil was always tuned and
matched for both cases respectively. As the experiments were carried out at only
one frequency, the standard deviation of the noise measurements were always
calculated using approximately £500 kH z of the data with respect to the peak

recorded with the sample. The SNR in frequency domain is then calculated as:

max(Peak)

Std(no'ésel MHz—without—sample)

SNR = (49)

2.15 Conducted Measurements

This section refers to measurements done with the system according to figure
and figure 58 These are single frequency experiments, this means the samples

were only excited at the target frequency.
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2.15.1 Reference Measurements between SDR based system and SCOUT

system

The elaborated sequences (section JPulse Sequences!) were tested on BiPhgs with
the SDR based system according to figure and also tested with a commer-
cially available spectrometer (SCOUT, Tecmag) for comparison. The SCOUT
system can be seen in figure 58 The spectrometer shown in figure 45| covers a

frequency range from about 80 M Hz to 140 M Hz, which is limited downward
by the transcoupler used and upward by the PA. BiPhs was used because this
substance has a transition at about 83.5 M Hz and is known to give compara-
tively high signals in the single-digit x4V range from previous measurements (see
also [17]). BiPhs further has the following time constants at the transition at
835 MHz: Ty = 820us, Ty, = 396 us and Tox = 50 us. Data for T} and T,
are from an unpublished table at the institute, Th* was estimated from the time
domain using FID and a long window length (Tyindgow = 175 ps). Measurements
with BiPhz were recorded with identical sequences on both systems with 1000
averages. The pulse frequency was set to around 83.56 M H z, with minor changes

due to warming up of the sample which leads to resonance shifts. Results can be
seen in the figures from [87] to figure 94}

2.15.2 Further measurements with the SDR spectrometer

To show the effectiveness of the artefact cancellation of the spin-echo with phase-
cycling and the composite pulse more clearly, extra measurements were performed
(again with BiPhg). The blanking times were shortened to 4 us for all four
sequences (FID, spin-echo, spin-echo with phase-cycling and composite pulse)
after the last pulse until the beginning of the acquisition (see figures 52} 53] and
the time interval Thane Was set to Tyane = 4 s for all four sequences). This
means only the acquisition window was shifted but it was left the same length
(Twindow = 20 us) for all four sequences. Results can be seen in figure

For showing the system’s performance at low SNR also samples with known
weak signals were measured for comparison. These samples were Bi,O3 powder
(ReagentPlus ®), powder, 10 um, 99.9 % trace metals basis, SigmaAldrich) and
a modification obtained by grounding for 30 min with 600 rpm for reducing the

crystallite size. This substances were then measured using the same sequences

as presented in section JPulse Sequences/. The relaxation times of BiyOs are

not known exactly in either the unground or ground states, but at most 75 and
especially To* are estimated to be a factor of 5 — 10 shorter than for BiPhs. The
transition frequency of BiyOs is 90.4 M Hz. Here 1000 or even 10000 averages

were used, as the ground BiyOj is very difficult to measure without exhaustive
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averaging. This substance was chosen because its signal could not be detected in
the 'CONCRADLE’ system (mentioned in the introduction).

2.16 Concept for the usage of broadband probe-heads for

broadband-scans

In this section a concept is presented, with which it is possible to use the broad-
band probe-heads available at the Institute of Biomedical Imaging with the SDR
spectrometer. The methods explained here are intended to give an understanding
of the assemblies and are, however, to be seen as a prototypical concept and only

to prove the basic feasibility.

2.16.1 Introduction to Broadband probe-heads

In recent years, several broadband probe-heads were built for different frequency
ranges at the Institute of Biomedical Imaging. However, the principle of the
TX/RX switching and the matching strategy is the same for all of those. In this
work, a probe-head (internal name: CRYOG65 — 120GEN-3A) designed for the
range between 65 — 120 M H z was used.

Figure |59 shows the principle of the broadband probe-heads.

Tuning and matching network

_ RS c14
CM — - - i < RX_terminal
T ©_|D_match i T
R4 D_tune /- L8
[€T> NN ~—K———_0 0
C11 —C9
input matching network __SWS
L1 L2 L3 L4 SW1 7 Lprobe
[TX_terminal>—»—" (1 () "o/ ([ " () o ([ ‘= — e . .
SW2 . '
c1 c2 Cc3 c4 C5 Ccé o c7 “R1
| L 3 L 3 * = = l L |

Figure 59: Principle of the TX/RX switching and Matching principle of the
broadband probe-heads, Source: [17]. The actual circuit is more complex, parts
have been omitted here for simplicity.

The idea is to split the resonator into a static broadband matched TX path
(S11 over several tens of MHz < —15dB to —12dB) and a variable narrowband
matched RX path. For the RX path, care should be taken that S;; < —20dB
at any frequency as stronger reflections degrade the SNR. The main advantage

of this strategy is that the very small RX signals can be received with high
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quality factors than at TX, where low Q-factors can be accepted for the sake of
large bandwidth. Further, fast scanning of broad spectra is possible, since the
varactor diodes can tune and match the resonator very quickly when setting the
corresponding reverse bias voltages. In the TX path, it is not necessary to have a
matched configuration of S1; < —20dB, since most RF power amplifiers accept
a Sp; parameter of S1; < —8 to —10dB.

The TX path contains an exponential matching line (with a number of minimum
three and up to five LC elements), realizing broadband matching over tens of
MHz. Here, the power-resistor R; is transformed to approximately 50 €2 with
the capacitor C7, the sample coil and the exponential matching line. In the
RX path, the matching network is provided by the sample coil and by variable
capacitance diodes (varactor diodes). The capacitance of these varactor diodes
can be adjusted by applying a reverse bias voltage. The TX path is separated
from the RX path by switches consisting of PIN diodes. During TX, switch
SW1 is closed and the other two switches SW2 and SW3 are open. In RX SW1
is open and SW2 and SW3 are closed [17]. The opening and closing of these
switches is controlled by applying certain voltages to the respective PIN diodes.
The switching is controlled by the Logic for Timing, Control and Protection
explained in the following section.

A broadband S;; measurement of the TX path can be seen in figure [104] and, as

an example, S1; measurements were recorded at different frequencies in the RX
path (figure [L06]).

2.16.2 Logic for Timing, Control and Protection (LOPRO)

The Logic for Timing, Control and Protection (LOPRO) is responsible for the
switching between TX and RX. Further it puts the probe-head into the tuning
and matching configuration if no gate signal is present at port 'P’.

Figure [60] shows the timing diagram of the LOPRO ports used in this work. The
timing was looked up from [18]. The LOPRO has some additional outputs and

functionalities which were not used in this work (see also [18]).

Pulse (P)
Gate (G) —J

HY ——————— |

v — |

Figure 60: Timing diagram of the LOPRO.
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The gate signal, which is output synchronously to the RF-pulse from the SDR,
is connected to the port 'pulse’ (input) of the LOPRO. The gate port of the
LOPRO (output) serves as the gate for the power amplifier and is output with a
safety delay of 5 us relative to the original gate signal (see Results). The safety
delay is adjustable by RC Elements present in the LOPRO. Note: this adjustment
function was realized afterwards and is not implemented in the original work from
[18]. The LV (stands for Low Voltage) and HV (stands for High Voltage) signals
are used for switching the PIN diodes indicated in figure 59 The LV defaults to
—5V and switches to +5V when a signal turns high at the "Pulse’ port. The HV
defaults to —5V and switches to 350V when a signal is applied to the ’Pulse’
port.

In principle, a pin diode can be seen as a switch which is in the ’closed’ state
when a forward bias greater than the forward voltage is applied across it. To
achieve high isolation in the ’open’ state, a high negative voltage is applied. This
high isolation in PIN diodes is achieved by the intrinsic layer between the p- and

n-doped regions.

The PIN diodes, indicated by switches SW2 and SW3, are reverse biased in
TX mode to 350 V. This means that they are in a high isolating state and the
switches SW2 and SW3 can be considered as ’open’. The PIN diodes indicated
by the switch SW1 (which in some implementations are replaced by antiparallel
Si diode pairs) are not reverse biased in TX mode so that the RF-pulse can pass.
The RF-pulse can flow through the exponential matching line to the sample coil
and the capacitor C7 and resistor R; (figure [59). In RX mode the PIN diodes
indicated by switches SW2 and SW3 are forward biased with 5V, which means
they can be seen as closed switches. The RX signal cannot pass cannot pass SW1.
If SW1 is implemented with a PIN diode, it is reverse biased and thus in closed
state. In case of an implementation as antiparallel Si-diode pair, the RX signal
is too small to reach the threshold voltage for diode opening. Thus, SW1 can
be seen as an open switch. The RX signal can then flow through the coupling
capacitor Cy to the RX port via the RX matching network.

By taking a closer look into figure [60|it can be seen that HV and LV are switched
simultaneously. The delay shown in figure [60|is also present when comparing the
rising edges of the HV/LV signals with the rising edge of the gate signal. It can
also be observed, that a similar delay is present between the falling edge of the
gate signal and the falling edge of the HV/LV signals.

The delays serve primarily for the protection of the sensitive varactor diodes and
the LNA. The first delay makes sure that the probe-head is in TX mode before the
high power RF-pulse is applied, so that the RX path is not damaged. Conversely,

the second delay is necessary in order to safely switch back to RX mode after
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the RF-pulse is over. An oscilloscope was used to record the gate signal from the
SDR, the resulting gate signal from the LOPRO, and the resulting RF-pulse (see

figure [105)).

2.16.3 Automated tuning and matching for broadband probe-heads

Figure|61| shows the schematic of the setup for the Tuning- and Matching process.

PC
. Electronically-Tuneable- .
L proge-Head Control lines
B RX lines
LimeSDR ™11 Supply lines /
USB A DC voltage lines

Port

GPIO Level Shifter PCB

G P HV v
Logic for Timing
IControl and Protection (LOPRO

Arduino DAC Range Extende:

Logarithmic Amplifier
145
INLV[SMA]  Egnnector

Arduino Due
L |USB Program Port Ve
IN A
DC-DC INB OUTL\B,v
converter \ Vee 4

Figure 61: Schematic of the setup for the Tuning- and Matching process.

2.16.4 Automated tuning and matching routine

The setup in figure [61] above applies RF pulses with a certain target frequency
(duration about 200 us at a repetition time of about 400 us) via a directional
coupler (Minicircuits 15542, ZFDC-20-5) to the probe-head’s RX port. The SDR
outputs a gate signal synchronous to the RF pulse, which is connected to the
’Arduino Due’. The matching network consisting of two varactor diodes and the
sample coil can be matched to the currently applied frequency by changing the
voltages applied to the respective varactor diodes.

Beforehand, a subdivision of the range of tuning and matching voltages is cho-
sen. The permissible voltage range of the varactor diodes is approximately 0—5V
and this is typically divided into 50 — 100 steps. These voltage steps are then
tried in all combinations for the tuning varactor diode and the matching varactor
diode, and the reflected wave for each combination is then fed via the directional
coupler to a logarithmic amplifier (AD8310, Analog Devices). The ADS8310 is
connected to a analog input of the ’Arduino Due’ where the signals is digitised.
The logarithmic amplifier converts the RF signal to its envelope, hence it yields

a constant output voltage depending on the voltage level of the RF signal (see
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also |16] for a detailed explanation and characterization of the AD8310). The
microcontroller starts to record the reflected wave as soon as the gate signal is
detected as high. The data points obtained in this way are averaged (note: the
build-in AnalogRead() function of the Arduino library was used, which needs
about 100 us for one conversion therefore there are about two averages per cy-
cle). The combination of the tuning and matching voltages which yield the lowest
reflection is stored in a lookup table together with the corresponding frequency.
This routine is performed over the entire frequency range under investigation in
steps of typically 100 kH z.

It should be noted that the choice of voltage steps has a large impact on the

runtime, as U2_ combinations are tried per frequency (‘exhaustive search’). The

ste;
control of the SZ]))R and the ’Arduino Due’ work via USB and the commands for
both devices run via a python script. Using python, a lookup-table is created
which contains the tuning and matching voltages for optimum matching and the
corresponding frequency. During an actual NQR scan, the corresponding voltages
can be set for each excitation frequency.

It was necessary to adjust the output voltage range of the "Arduino Due’s’ DACs.
Out of scratch, the two on board DACs of this microcontroller only have an
output voltage range of 0.55 — 2.75V. The PCB, which is the light red block
in figure was realized in a different project (Master Seminar, see [23|) and
contains a differential amplifier for each of the DACs which increases the output
voltage range to about 0 — 5 V. For the supply of this board and the logarithmic
amplifier, a DCDC converter was connected to another USB socket from the host

PC which converts the usual 5V to 8 V.
Note: when looking at figure [61] it can be seen that no gate signal is connected

from SDR to LOPRO (yellow). This is important because in this way the probe-

head is in tuning and matching mode.

Figure [62| shows the flow chart of the tuning and matching routine for both, the
python script and the ’Arduino Due’.
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To record broadband spectra and also to check the quality of a match, the voltages
from the lookup table created by tuning and matching need to be loaded and
applied to the probe-head’s varactor diodes. The lookup table is stored in a
csv file and is read via python. The required tuning and matching voltage is
always sent to the ’Arduino Due’ before the target frequency is applied using
Python. The "Arduino Due’ thus ensures that the RX path is matched during
the measurement process.

Figure 63| shows the flow chart for applying the tuning and the matching voltage

via the "Arduino Due’. Here, only the orange printed instructions are needed.

Arduino DUE
v

[ i=0;j=0; REFMin:lOZB]

b

if Serial.available()

yes

read serial port string

hile (j <
LUT size *
LUT size *
freq points

no~Gate Port high?.

yes

Host PC - Python

serial write ,Send_Voltage”

if string == ,Set_Voltage

!

read serial port string

if string == ,ready”

Send UT and UM value,

read serial port string

Declerate parameters
for TM process

serial write ,ready

Set red LED port 12
high for 3 sec

yes
p
p

Serial write ,ready”,

Serial read
UT and UM value

Serial write ,done”

Write UT and UM
voltage to DACO and DA

C1

While (gate == high|
Reg%l REF pin g
and build the

Read LUT size, UT,
UM and freq points values

Serial write ,done’

no
-+ if string ==, TM_start" —

e
"

if string == ,done”

USB 2.0 serial port 1

|
:

Save REF = REFMin
&UT and UM

Print feedback

\ if sent successfully /

Calculate next UT
and UM
and apply it to DACs

i+

alues of:
Serial write test vector]
Min({REF;

Serial write ,end”

Call TM function
nd set DACs output to 0!

Figure 63: Flow chart for applying the tuning and the matching voltage via the
’Arduino Due’.

The tuning and matching voltages can also be sent manually from Python to the
’Arduino Due’. This is useful to check certain voltage pairs for the quality of the
matching or to try voltage combinations manually. To this end the RX port of the
probe-head is connected to an NWA and an S;; measurement is performed after
setting the voltages. The Si; plots in figure [I06] were generated by connecting
the probe-heads RX port to an NWA and by setting the tuning and matching
voltages which were determined by the automated routine. Note: when checking
the Sq; for a certain configuration of the tuning and matching voltages, the power
from the used NWA must not be bigger then —20dBm. In this way a lookup

table can also be generated manually or values can be recognized and adjusted
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where the automatic routine has failed.

2.16.5 Instrumentation for broadband probe-heads

Figure [64] shows the setup used for experiments with broadband probe-heads.

B@

Python Script
USB 5V

USBA
Port

HV LV VT VM
A

Electronically-Tuneable-

/W

l Probe-Head
Pre> Vi >
Amplifier ™ —f—1
[_imeSDR m? wo orhd
L

[EE] - |
|

| Shift: t |
GPIO Level Shifter PCB G P HV LV
L
(o)

ogic for Timing
(Control and Protection (LOPR

Arduino Due
A0

DACO |[—

' |USB Program Port

DAC1 |—— Arduino DAC Range Extende|
D2 RI45
IN LV [SMA]
) INA QUTA
DC-DC INB QUT B
converter \ Vee Y

Control lines

RX lines
Supply lines /
DC voltage lines

Figure 64: Schematic of the setup for the usage of broadband probe-heads.

Figure [64] above shows all components needed for broadband applications. For

recording over several M Hz, the probe-head’s RX path is tuned and matched

using the ’Arduino Due’ which applies the voltage pairs stored in the previously

created lookup table via the range-extender PCB to the varactor diodes of the

probe-head. The TX/RX switching is done by the LOPRO.
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2.16.6 Broadband Scans - Measurement Principle

The acquisition principle shall be explained by figure [65. For the measurement,
a tuning / matching lookup table must be available over the frequency range to
be scanned. Further the frequency step size must be known, so that the number
of necessary scans results. It is mandatory to create the tuning and matching file
already with the frequency step size to be used. Up to now it is implemented
in such a way that the lookup table is loaded and then scan is done over the

frequencies in this file.

Set frequency range (fmin to fmax leads to K steps),
frequency step ( Af ), number of averages ( N )
Set first Tuning and Matching Voltages with Arduino ;

K times

-~ -

" N times with current f '

I
i [Amplitude
i ‘ ‘ . acquire t
1 ﬂL—b‘

AN blank
{17 summedup ¥ calculated
E time-domain data spectrum !
\ fit = | f)
.~ p ”\=
H
| — |
]
- . ]
3 Tar T J

T eg: T/
! 9854 !
i =1631987 — to.csv i
i 9138 (Create new file or append data)i
{ b
| f=frof |
i\ Apply next Tuning and Matching Voltages with Arduino 'E

Figure 65: Ilustration of the broadband scan strategy.

After the whole acquisition, the data is usually loaded from the generated csv file
and plotted.
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2.17 Test sequence for broadband scans

For a proof of concept, a broadband scan between 83 — 84 M H z was performed.
Figure [66] shows the timing diagram of the FID sequence for broadband scans.
The repetition time was set to Tg = 5ms and a number of 1000 averages was
used. The TX gain of the SDR was set to 50 dB. All other settings can be taken
from the entries above the last double line of table [3], since they were left the
same. The frequency step size used is 100 kHz (so from 83 — 84 M H z, there are

11 scans performed).

Amplitude

13ps 16 ps 7.5 us 20 ps
Totteet Toutce Totank Tuindow

tin s

398.4 ps

Figure 66: Timing Diagram of the FID sequence for broadband scans. (Tg =
5ms)

Note: the sequence for the broadband scan was not optimized. It was only done

for a proof of concept.
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3 Results

3.1 Functionality Check
3.1.1 Time Domain

Figure shows a single pulse and gate signal with a duration of 3us and a
frequency of 83.5 M Hz (with a calibrated TX path).

Trig'd i Pos: 1520p=

o T che B

Wath Off B CH .~ S50

Figure 67: Single Pulse and Gate signal with a duration of 3us and a frequency
of 83.5 M Hz produced by the LimeSDR.

3.1.2 Frequency Domain

Figure|68|shows the spectrum of a continuous wave (CW) test-signal of 83.8 M H z
(with a calibrated TX path).

Spectrum of a Testsignal with 83.8 MHz
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Figure 68: Spectrum of a continuous wave (CW) test-signal of 83.8 M Hz pro-
duced by the LimeSDR.
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Figure shows the spectrum of a pulsed FID sequence with a pulsewidth of
600 s and a repetition time of 1 ms at 83.56 M H z.

0

| |

Signal Intensity in dBm

78 80 82 84 86 88 90
fin MHz

Figure 69: Spectrum of a pulsed FID sequence with a pulsewidth of 600 us and
a repetition time of 1 ms at 83.56 M Hz produced by the LimeSDR.

3.1.3 TX/RX Loopback

Figure [70] shows an FID sequence looped back to SDRs RX port.

2000 2000

1500

1000 1000

500

0

0

Amplitude / a.u.
Amplitude / a.u.

-500

—1o00 -1000

-1500

-2000

—2000

o 10 20 30 40 12 13 14 15 16 17
tinps tinps

Figure 70: Plot of an FID sequence (IF = 1.2 MHz, target frequency was
83.56 M Hz) looped back to the SDRs RX port using a 30dB attenuator be-
tween the TX and the RX port. The data was divided by the number of averages
which was 1000.

74



3 RESULTS Lukas Kaltenleitner, BSc

Figure [71| shows a composite pulse sequence looped back to the SDRs RX port.

2000 2000 n H

1500

1000 1000

500
1]

=500

]

Amplitude / a.u.
Amplitude / a.u.

—1000 -1000

=1500 u
—2000 2000

T T T
o 10 20 30 40 50 12.5 15.0 17.5 20.0 225 25.0 27.5
tinps tinus

Figure 71: Plot of a Spin-Echo sequence (IF = 1.2 M Hz, target frequency was
83.56 M H z) looped back to the SDRs RX port using a 30 dB attenuator between
the TX and the RX port. The data was divided by the number of averages which
was 1000.

Figure [72] shows a phase cycled Spin-Echo sequence looped back to the SDRs
RX port. The different traces are the excitation pulses of the Kazan echo (no

post-processing) according to table

mmm 0° phase shift at 90° pulse === 180° phase shift at 90° pulse
e 90° phase shift at 90° pulse wmm 270° phase shift at 90° pulse

2000 2000
1500
1000 1000

500

Amplitude / a.u,
Amplitude / a.u.

] 10 20 30 40 50 125 150 175 200 225 250 275
tinps tinps

Amplitude / a.u,
Amplitude / a.u.

21 22 23 24 25 26 27 28 29
tinps tinps

Figure 72: Plot of a phase cycled Spin-Echo sequence (IF = 1.2 M Hz, target
frequency was 83.56 M Hz) looped back to the SDRs RX port using a 30dB
attenuator between the TX and the RX port. The data was divided by the
number of averages which was 1000.
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Figure [73| shows a composite pulse sequence looped back to the SDRs RX port.
The different traces are the excitation pulses (no post-processing, only a DC offset

correction) of the Composite Pulse according to table [4]

mmm 15° phase shift at pulse part two === -135° phase shift at pulse part two
135° phase shift at pulse part two == -45° phase shift at pulse part two

B W J'st/'

3

Amplitude / a.u.
o
o

Amplitude /

-1500

—2000
-2000

o] 10 20 30 40 12
tinus tin us

Figure 73: Plot of a composite pulse sequence (I F = 1.2 M Hz, target frequency
was 83.56 M Hz) looped back to the SDRs RX port using a 30dB attenuator
between the TX and the RX port. The data was divided by the number of
averages which was 1000.

3.2 Characterization of the Assemblies

3.2.1 Monitoring the RF pulse via the directional coupler during ex-

periments

Figure[74)shows a Oscilloscope measurement of an 3 s RF-pulse with a frequency
of 83.6 M Hz amplified by the PA and measured via the directional couplers

forward output.

Trig'd W Po=: Ya0.000Rs
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Figure 74: Oscilloscope measurement of an 3 us RF-pulse with a frequency of
83.6 M Hz amplified by the PA and measured with the help of the directional
couplers forward output.
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3.2.2 Pre-Amplifier

Figure [75] shows the S7; measurement of the Pre-Amplifier between 100 £H z and

300 M Hz.

10

§,,incB

ot |

-5}

S 1" of the Pre-Amplifier

-20

50

150
fin MHz

100 200

250 300

Figure 75: Plot of the S;; parameter of the pre-amplifier.

Figure [76] shows the Sy measurement of the Pre-Amplifier between 100 kH z and

300 M Hz.
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Figure 76: Plot of the Sy parameter of the pre-amplifier.
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Figure [77)shows the Sy; parameter of the pre-amplifier in the range from 100 kH z
to 300 M H z.
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Figure 77: Plot of the Sy, parameter of the pre-amplifier.

3.2.3 Power-Amplifier

Figure [78] shows the S5 measurement of the dummy load and the dummy loads
voltage divider from 10 Hz to 200 M H z.
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Figure 78: S9; of the dummy load from 10 Hz to 200 M Hz. The division factor
at 100 M Hz is —36.15dB.
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Figure shows the output voltage of the Power Amplifier measured via the

voltage divider of the dummy load. The frequency was 100 M Hz and the TX
gain was set to 40dB.

Stop

200 JEG Soony  Ml000s
Math OFf

Figure 79: Output voltage of the Power Amplifier measured via the voltage di-
vider of the dummy load.

3.2.4 Sample Coil

Figure shows a S7; measurement with a frequency span of 10 M Hz sample
coil in a matched configuration at 83.56 M H z.
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Figure 80: S1; measurement of the sample coil matched at 83.56 M H z.

79



3 RESULTS

Lukas Kaltenleitner, BSc

3.2.5 Low Noise Amplifier

Figureshows the S1; measurement of the LNA between 100 kH z and 300 M H z.
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Figure 81: Plot of the S;; parameter of the LNA.

Figure|82|shows the S5 measurement of the LNA between 100 kH z and 300 M H z.
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Figure 82: Plot of the Sy parameter of the LNA.
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Figure [83] shows the Sy; parameter of the LNA between 100 kH z and 300 M H z.
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Figure 83: Plot of the Sy, parameter of the SPF51897Z LNA.

Figure [84] shows the Sy, parameter of two SPF5189Z in series between 100 kH z

and 300 M Hz.
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Figure 84: Plot of the Sy; parameter of a series connection of SPF5189Z.
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3.3 Noise Analysis
3.3.1 Conversion Factor

Figure [85| shows the time domain of the TX to RX loopback used for the deter-

mination of the scaling factor from a.u. to volts.
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Figure 85: Real part of measured time domain data by loopback of the LimeSDRs
TX to RX. The RMS of the real part is 1450.84 a.u..

3.3.2 Measured Noise

Figure [86] shows the noise of a 502 resistor amplified by two SPF5189Z in time
domain at a RX bandwidth of 3 M Hz.
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Figure 86: Noise of a) a 50 {2 resistor and b) the matched sample coil amplified by
two SPF5189Z in time domain (real part of the signal) at a bandwidth of 3 M H z.
The standard deviation of the real part in a) is 33.89 a.u. and in b) 37.78 a.u..
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3.4 Reference Measurements between SDR system and SCOUT
system on BiPhs

All presented spectra are automatically scaled by python. The plots of signal
peaks and noise are therefore not scaled the same, which should be taken care of.
Note: all ordinates of the spectra are scaled in a.u. which refer to summed data.

This means, no normalization to the number of averages was done.

3.4.1 FID (SDR)

Figure [87] shows the recorded spectra of BiPhs by using an FID sequence with
and without the sample. The spectra are scaled with the arbitrary spectrometer
unit at the y-axis.
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Figure 87: Spectra of BiPhs using an FID sequence with and without the sample.
(left: with sample; right: without sample) Peak: 1.49 - 108 a.u.; std: 576254 a.u.;
SNR = 258.5.

3.4.2 Spin-Echo (SDR)

Figure [88] shows the recorded spectra of BiPhs by using a Spin-Echo sequence
with and without the sample. The spectra are scaled to represent the signal

strength after amplification with the LNA.
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Figure 88: Spectra of BiPhs using a Spin-Echo sequence with and without the
sample. (left: with sample; right: without sample) Peak: 1.333 - 10% a.u.; std:
629498 a.u.; SNR = 211.76.
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3.4.3 Spin-Echo with Phase-Cycling (SDR)

Figure |89 shows the recorded spectra of BiPhs by using a Spin-Echo sequence
with and without the sample. The spectra are scaled to represent the signal

strength after amplification with the LNA.
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Figure 89: Spectra of BiPhs using a Spin-Echo sequence with Phase-Cycling
with and without the sample. (left: with sample; right: without sample) Peak:
1.244 - 108 a.u.; std: 1102409 a.u.; SNR = 1128.

3.4.4 Composite Pulse (SDR)

Figure [90] shows the recorded spectra of BiPhs by using a composite pulse with

and without the sample.
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Figure 90: Spectra of BiPhs using a Composite-Pulse with and without the
sample. (left: with sample; right: without sample) Peak: 94484390 - 10® a.u.; std:
103326.43 a.u.; SNR = 914.
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The following four plots show the measured results with the SCOUT system.
The mid frequency of 0.0 M Hz stands for the 83.56 M Hz of applied frequency,
as the SCOUT spectrometer mixes the target RF frequency to 0.0 M Hz in the
base-band. The y-axis is scaled in the arbitrary unit of the SCOUT spectrometer.

3.4.5 FID (SCOUT)

Figure 91| shows the recorded spectra of BiPhg by using an FID sequence with
and without the sample.
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Figure 91: Spectra of BiPhg using an FID sequence with and without the sample.

(left: with sample; right: without sample) Peak: 3.7266-107 a.u.; std: 335491 a.u.;
SNR =111.

3.4.6 Spin-Echo (SCOUT)

Figure 02 shows the recorded spectra of BiPhg by using a Spin-Echo sequence
with and without the sample.
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Figure 92: Spectra of BiPhs using a Spin-Echo sequence with and without the
sample. (left: with sample; right: without sample) Peak: 17.72 - 10%a.u.; std:
214935a.u.; SNR = 82.
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3.4.7 Spin-Echo with Phase-Cycling (SCOUT)

Figure |93| shows the recorded spectra of BiPhs by using a Spin-Echo sequence
with Phase-Cycling with and without the sample.
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Figure 93: Spectra of BiPhjs using a Spin-Echo sequence with Phase-Cycling
with and without the sample. (left: with sample; right: without sample) Peak:
19.3 - 10% a.u.; std: 76581 a.u.; SNR = 252.

3.4.8 Composite Pulse (SCOUT)

Figure [94) shows the recorded spectra of BiPhg by using a Composite-Pulse with

and without the sample.
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Figure 94: Spectra of BiPhs using a Composite-Pulse with and without the
sample. (left: with sample; right: without sample) Peak: 16.75 - 10° a.u.; std:
168805 a.u.; SNR = 99.
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3.4.9 SNR Comparison

Table[7]show the SNR comparison between the LimeSDR and the SCOUT system.

Table 7: SNR Comparison between the LimeSDR and the SCOUT system.

SNR comparison between the LimeSDR and the SCOUT system.
Sequence SNR LimeSDR | SNR SCOUT
FID 259 111
Spin-Echo 212 82
Spin-Echo with Phase-Cycling 1128 252
Composite-Pulse 914 99

3.5 Artefact Suppression with shorter blanking time on
BiPhs
Figure |95 shows a comparison between the different pulse sequences with a blank-

ing time of only 4 us between the end of the RF-pulse and the start of the acqui-

sition window.
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Figure 95: Same sequences as above, but the window (Tiina0w) Was set closer to
the last pulse. For all sequences, the blanking time (Tyqnx) between the last pulse
and the begin of T,ind00 Was set to 4us. The window length was kept the same

(Twindow =20 MS)
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3.6 Further measurements with the SDR spectrometer: Mea-

surements with ground and unground Bi,03

Note: also the following ordinates of the spectra are scaled in a.u. which refer
to summed data. This means, no normalization to the number of averages was

done.
Figure [96] shows the recorded spectra of unground Bi;Os by using an FID se-

quence.
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Figure 96: Spectra of unground Bi,O3 using an FID sequence with 1000 averages.
It was not possible to detect the peak.

Figure |97 shows the recorded spectra of of unground Bi,O3 by using a Spin-Echo
sequence with and without the sample. The right spectrum (noise) was taken
from the reference measurements with BiPhs (see figure as it was the same
sequence and it was captured without a sample (note: therefore the frequency

axes are different).
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Figure 97: Spectra of unground Bi,O3 using a Spin-Echo sequence with and
without the sample. 1000 averages were acquired. (left: with sample; right:
without sample) Peak: 19070165.51 a.u.; std: 220384.19 a.u.; SNR—= 87.
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Figure (98| shows the recorded spectra of unground Bi,Os by using a Spin-Echo

sequence with phase cycling.
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Figure 98: Spectra of unground Bi,O3 using a Spin-Echo sequence with phase
cycling with and without the sample. 1000 averages were acquired. (left: with
sample; right: without sample) Peak: 18975513.83 a.u.; std: 155173.44 a.u.;

SNR= 122.

Figure [09) shows the recorded spectrum of unground BiyO3 by using a Composite

Pulse.
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Figure 99: Spectrum of unground Bi,O3 using a Composite Pulse. 1000 averages
were acquired. It was not possible to detect the peak.
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As the SNR for the ground BisOs is significantly worse compared to the un-
ground, the averages were set to 10000 for this measurements. This is important
when comparing the spectra, because the tenfold number of averages let the peaks

appear higher.

Figure shows the recorded spectra of ground Bi;Oz by using an FID se-

quence.
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Figure 100: Spectrum of ground BiyO3 using an FID sequence. 10000 averages
were acquired. It was not possible to detect the peak.

Figure [101| shows the recorded spectra of ground Bi,O3 by using a Spin-Echo
sequence. The use of 10000 averages without normalization to the mentioned

averages should be pointed out again.
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Figure 101: Spectra of ground Bi,03 using a Spin-Echo sequence with and with-
out the sample. 10000 averages were acquired. (left: with sample; right: without
sample) Peak: 16805817.02 a.u.; std: 1052954.12 a.u.; SNR= 15.96.
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Figure [102| shows the recorded spectra of ground Bi,O3 by using a Spin-Echo
sequence with phase cycling. The use of 10000 averages without normalization

to the mentioned averages should be pointed out again.
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Figure 102: Spectra of ground BiyO3 using a Spin-Echo sequence with phase
cycling with and without the sample. 10000 averages were acquired. (left: with
sample; right: without sample) Peak: 15731264.35 a.u.; std: 700462,02 a.u.;
SNR—= 22.46.

Figure [I03] shows the recorded spectra of ground BiyOs by using a Composite
Pulse.
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Figure 103: Spectrum of ground Bi,O3 using a Composite Pulse. 10000 averages
were acquired. It was not possible to detect the peak.
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3.7 Broadband Approach

3.7.1 Broadband probe-head matching of TX path

Figure shows the Sj; measurement of the TX path of the used broadband

probe-head.

-10

S, IndB

=20

-25

511 of the broadband probe-head TX path

-30

0

L ' L L
100 120 140 160

fin MHz

20 40 60 80

180 200

Figure 104: S;; of the used broadband probe-heads TX path from a few M Hz

to 200 M Hz.

3.7.2 LOPRO timing

Figure [104] shows the measured timing of the gate of the SDR, gate produced by
the LOPRO and the resulting RF-pulse.
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Figure 105: Gate of the SDR (yellow), gate produced by the LOPRO (blue) and
the resulting RF-pulse (green).
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3.7.3 Automated Tuning and Matching for broadband probe-heads

Figure [106] shows the S;; measurement of the RX path of a broadband probe-
head (CRYO65-120-GEN-3A) when the minimum was searched by the automated
tuning and matching routine.

S, of the broadband probe-head $,, of the broadband probe-head $,, of the broadband probe-head

dB
G &
dB

Figure 106: S;; measurement of the RX path of a broadband probe-head
(CRYO65-120-GEN-3A) when the automated tuning and matching routine was
used. The results are aquired for a: SO MHz, b: 81 MHz and c: 84 M Hz.

3.7.4 Broadband Scan

Figure[107]shows a broadband scan of BiPhs between 83 M Hz and 84 M Hz with
a RX bandwidth of 3 M Hz and a number of 1000 averages.
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Figure 107: Spectra of BiPhs using an FID sequence applied to a broadband
probe-head with and without the sample. (left: with sample; right: without
sample) Peak: 1.5 107 a.u.; std: 1167492.19 a.u.; SNR = 13.
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3.8 Pictures of the setup for single frequency experiments
Figure shows a picture of the setup.

Network Analyzer and Spectrum Analyzer Power supply for Pre-Amplifier
(for coil matching or general checks) Host PC

Monitoring Oscilloscope

Monitor with python script‘g

Logic for Timing, Control

and Protection Coil with matching network

Power Amplifier Transcoupler

Directional Coupler

for monitoring
Pre-Amplifier

LimeSDR, Arduino Due,
Arduino DAC Range Extender,
DCDC Converter,

level shifter,

Low Noise Amplifier

Figure 108: Picture of the setup.

Figure [I09] shows a picture of the in this work built console and control unit.

Level shifter

Low Noise Amplifier

Coaling Fan

LimeSDR )
Arduino Due DAC Range

Extender

DCDC Converter

Coupling Capacitor

Figure 109: Picture of the console and control unit.
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3.9 General Note

Care was taken to always use frequencies between 83 — 84 M H z for the scaling
factor evaluation measurements, theoretical noise measurements, and TX tests,
since most pulse sequence measurements were made in this range (BiPhs). The
reason why there was not always the exact same frequency used is that from time
to time slight changes were necessary (e.g. due to heating of the sample because
of many measurements in sequence) and that an IF of 3.8 M Hz is set per default
via the LimeSuiteGUI. That means for the CW test signal which was set with
the help of the GUI, the local oscillator frequency was simply set to 80 M H z.
In this range the TX and RX performance of the LimeSDR remains sufficiently

constant.

4 Discussion

4.1 Functionality Check

Looking at figure shows that the gate signal and the RF-pulse produced by
the SDR have a similar duration. Figure [68| shows that the TX path is well cali-
brated, as only a peak at the expected 83.8 M Hz can be observed.

However, in figure [69 with pulsed signals, many unwanted frequency components
appear. With a tuned resonator (i.e. a matched coil), this is not a problem, since
off-resonant components are suppressed efficiently. Note: the pulsed signal was

sent to the spectrum analyzer with a 60 % duty cycle, because with such short

3:10-6 __
5.10—3

pulses as in the application ( 0.06 %) duty cycle, no signal was measurable.
Figure [70[shows an FID pulse fed back to the SDRs RX port. It can be seen, that
the pulse is already down-converted to the base-band frequency of 1.2 M Hz. The
duration of the pulse is about 3 us as expected. The pulse offset of 300 samples
leads to a starting point of about 12.5 us and at around 13 ps the pulse has set-
tled to the final amplitude. The pulse offset, which can be found in all sequence
timing diagrams, was therefore set to 13 us (figures [52 and [pf). Figure
shows a Spin-Echo sequence determined in the same way. One can clearly see the

same offset and that it has the same amplitude compared to the FID.

Figure shows the loopback of a phase cycled Spin-Echo sequence. It can
be clearly seen, that the first pulse hast four different phases, whereby the second
pulse has four times the same phase. Figure [73|shows the composite pulse, which
has the same phase for the first pulse and then four different phases for the second

pulse. In all four plots it can be seen that the SDR keeps both the timing and
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the amplitude constant.

4.2 Characterization of the Assemblies

4.2.1 Monitoring the RF pulse via the directional coupler during ex-

periments

This measurement demonstrates the difference between the SDR output (figure
and the output after the power amplifier (figure . In figure [74{ it can be
observed that the pulse amplified by the PA starts about 500ns after the gate
signal. This means, that the PA has some kind of transient response at the
beginning of an applied RF-pulse. This means, that the pulse width is reduced
by this 500 ns. However, this is a common observation and as long as the pulses

have been optimised for the sample, the sequence is optimal.

4.2.2 Pre-Amplifier

The preamplifier reaches between —12 and —15dB S;; and Sy, (figure and
figure and the gain is very constant at about 26 dB (figure in the inves-
tigated frequency range up to 300 M H z.

This module worked properly and no problems were observed during operation.

4.2.3 Power-Amplifier

Using the measurement shown in figure 79 and the calculation [42] the propagated
power of about 100 W was found to be slightly higher (around 118.6 W). Further,
the gain was calculated to be about 43 dB according to the calculation

It can be the case, that the PA has a slightly higher output power than expected,

but there could also be a slight error due to measurement or reading errors.

4.2.4 Sample Coil

A plot of the Sy; at 83.56 M Hz can be seen in figure 80} The peak value reached
was about —16dB. The amount of reflected voltage in percent for this value
lies at Viefiected = 1072 - 100 = 15.85% and in terms of power one can square
this value which yields about Py fiected = 2.51 %. Usually, a Sy; value lower than
—20dB is envisaged, but the matching capacitor used reached its lower limit at
the target frequency of 83.56 M H z. For higher frequencies (e.g., at 90.4 M H z for

the BisO3 measurements), Sy; values around —30dB to —40 dB can be achieved.
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4.2.5 Low Noise Amplifier

The LNA is rather poorly matched at the input, reaching values between only
—6 and —12dB according to figure [81| Sy; (between 50 — 300 M Hz). At the
output, according to figure [82] the LNA achieves Ssy between —15 and —20dB
(also between 50 — 300 M Hz). The gain is between 25 and 26 dB in the range
of 10 — 300 M H z according to figure The rather poor matching may result
because the LNA is built for a broad frequency range (up to 4 GHz) and intended
to be used at higher frequencies.

This module worked properly and no problems were observed.

4.3 Noise Analysis

The noise analysis was first performed with a 50 € resistor and second, with the
matched sample coil. Figure [86[shows the resulting plots and the standard devi-
ations for both cases. As mentioned above, an S;; of about —16 dB was reached
(see also figure for the sample coil. As the Noise Analysis showed similar
results for the standard deviation (33.89 a.u. for the 502 resistor and 37.78 a.u.
for the coil) - one can assume adequate matching, but the slight deviation might
come from both a slight residual mismatch (resistance) and the intrinsic noise fig-
ure of the LNA (0.6 dB at 900 M H z, not specified at 83.56 M Hz). Note: as the
noise figure usually increases at higher frequencies, the noise figure at 83.56 M H z
should not be bigger than the mentioned 0.6 dB, but rather smaller.

The calculated theoretical noise for a 50 €2 resistor and the bandwidth of 3 M Hz
was 49.26 nV after 1000 averages while the measurement yielded 52.479nV. In
any case, it can be said that for both cases, i.e. regardless of whether the matched
coil or the resistor is used as a noise source, values close to the theoretical noise
were determined, which means that there is no external interference in the receive
path.

4.4 Comparison of the SDR based system with the SCOUT

system

The SNR data corresponding to figures [87] - [04] are summarized in table 7, When
looking into table[7], it seems that the SDR based system outperforms the SCOUT
spectrometer, no matter which sequence is used. However, it is very important
to mention that the two spectrometers were operated at different locations. The
SDR system was operated at TU Graz and the SCOUT system at KFU Graz.
Both systems were operated outside a shielded chamber in typical laboratory

rooms. It was, however, known from previous experiments that the environment
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at KFU Graz contains considerably more sources of external interference than
at TU Graz. Therefore the measured noise floor was probably higher at KFU.
Another finding was that the disturbances at KFU Graz fluctuate strongly (e.g.
switching devices). When looking into table [5[ and table @, the settings of the
SCOUT system and the SDR based system can be compared. The main differ-
ences are, that the SDR based system was set to about twice the sample rate,
leading to about double number of points at equivalent acquisition windows (the
acquisition windows were tried to set as similar as possible, namely 20 us for the
SDR and 19.8 us for the SCOUT system). The sample rate of the SDR based
spectrometer was set to 30.72 M H z since most measurements were carried out
using this setting and from experience stable operation is guaranteed. In com-
parison, much smaller dwell times around 0.5 — 1 us (and thus lower sampling
rates) were always used in previous measurements with the SCOUT system, since
problems always seemed to occur when going lower. In this thesis, however, no
problems were observed with a dwell time of 60ns (fs = 16.67 M Hz), but no
experiments were performed with even lower dwell times. A good compromise
was sought, where the sampling rates were not too far apart and stable opera-
tion was ensured for both devices. When comparing the spectra between SDR
and SCOUT system, it can also be seen that the recordings with the SCOUT
spectrometer show ripples next to the peak and a smooth line prevails with the
SDR. This can be attributed to the fact that the SCOUT system always zero-pads
the time data to a power of two (compare Acq. Points and Points 1D in table
6) before it is Fourier transformed. Further, the RX lowpass filter on the SDR
system was set to 3 M Hz and the RX filter on the SCOUT system was set to
8.33 M Hz. The gain settings were chosen for both spectrometers to reach about
100 W average power at the output of the PA.

The zero-padding has basically no influence on the SNR, since it only artificially
increases the resolution of the spectrum. For an investigation of the influences
of the further differences in the settings, a calculation, which was taken from
[24], shall be used. This calculation can be found in the appendix and compares
the signal of an FID sequence with the expected noise. In this calculation it
is shown that the SNR only depends on the acquisition window, when the RX
bandwidth is equivalent to the sample rate (with the same number of averages).
For the SDR system, as already mentioned, the RX bandwidth was limited by
the lowpass filter with a cutoff frequency of f. = 3 M Hz, which would have to
be set to f. = % = 15.36 M H z for an exact comparison, as for the SCOUT sys-
tem the sample rate is equal to the RX bandwidth. Note: the filters are always
specified for the one-sided spectrum. This means that when we talk about the

RX bandwidth being equal to the sample rate, this is because the filter always
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works with £ f, (cutoff frequency). For example, the sample rate for the SCOUT
system is f; = 16.67 M Hz and the RX filter is automatically set to £8.33 M Hz.
In essence, however, this filter offers its advantage only in time domain, since in
the spectral domain the bandwidth is given by the acquisition window of 20 us,
which means BW,eqdomain = m = 50kHz. This means that by choosing
sequences that are exactly the same, the systems were actually compared in a
fair way, especially by using the same acquisition window.

A minor note should be made here about the PA used. As shown in figure[74] the
PA shortens the RF pulse by about 500 ns. If the PA used in the SCOUT system
does not shorten the pulse, or on the contrary shortens it even more, there could
also be some signal degradation due to non-optimal flip angles.

Overall, it must be said that the comparison of the two systems in this case
does not show the top performance of each system (especially with the SCOUT,
better results could be achieved in a lower noise environment). Thus, no abso-
lute judgement can be made about which system is better. In order to make a
better comparison, it would be best to test each system with exactly the same
equipment and these tests should be carried out in a shielded chamber (such as
is available at the Institute of Biomedical Imaging) in order to shield as many
sources of interference as possible.

The reference measurements were intended to check if the performance of the SDR
system is similar to that of commercial spectrometers. The data looks promis-
ing regarding the performance of the SDR system, which means that also under
optimal conditions it could be very close to the performance of the SCOUT spec-
trometer. What can be said is, that the performance of the SDR system appears
to be comparable to the performance of the SCOUT system and thus makes a

cost-effective alternative available.

4.5 Further Measurements with the SDR spectrometer

Figure [95[ shows the results of all four sequences, when the blanking time (Tyank)
was reduced to 4 us for all sequences. It can be seen, that the Composite Pulse
and the Spin-Echo with phase cycling fulfill their purpose and suppress the ring-

down.

Looking on figure [96] it can be seen that it was not possible to measure a signal
from the unground Bi,O5 using the FID sequence. The same result was obtained
with a composite pulse (figure . Since it was possible with a Spin-Echo (figure
and a Spin-Echo with phase cycling sequence (figure , it can be concluded

that BisO3 has too short Tho* to get signals without refocusing pulse (as for an
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echo sequence the decay is proportional to T5). With both Spin-Echos a clear
peak at 90.4 M Hz can be observed. It should be emphasized that phase cycling
improved the SNR by a factor of % = 1.4. Comparing the SNR value of the
phase cycled Spin-Echo with BiPhs, the SNR for Bi,Os is worse by a factor of
about 9.25 (since the same sequences and 1000 averages were used, the measure-
ments can be directly compared). These differences show that the system can also

measure much weaker samples and that phase cycling has advantages here as well.

By grinding the Bi,O3 the distribution of the spins in the powder is much more
mixed up. The crystallites obviously suffer from a degradation of their struc-
tural order which increases the EFG inhomogeneity considerably. This, in turn,
reduces the T2*. Remark: it should also broaden the peak. Therefore, 10000
averages were used for the ground BisOs.

When looking on figures [100], [I01], [I02] and [103] it can be seen that the signal

peak is again only measureable using a Spin-Echo or a Spin-Echo with phase

cycling. As expected, no signal was measured with the sequences FID and com-
posite pulse. When comparing the plots and [102], it is important to consider
the different number of averages. The two peaks are identically high, but the
ground BiyO3 gives a factor of 10 less signal, because here the summed data are
shown and a factor of 10 more averages were used. Due to the grinding, one
would also expect a broadening of the peak, which, however, cannot be seen here.
Again, phase cycling improved SNR by a factor of % =14

Another finding is that the width of a BiPhg peak is much narrower than a peak
from a BiyOs. This is due to the much shorter 735 time of the Bi,O3 samples.
Comparing the full width half maximum (FWHM) of the two compounds, these

are approximately FW HMp;pp, ~ 60kHz and FW HMp;,0, ~200kHz .

4.6 Broadband Application
4.6.1 Broadband probe-heads TX path

As despicted in figure [104] the TX path of the broadband probe-head is matched
across a wide frequency range. Here, —13 to —15dB are reached from about
20MHz up to 130 M Hz.

4.6.2 LOPRO

Figure 60| shows the timing of the SDRs gate signal (yellow), the resulting gate
signal produced by the LOPRO (blue) and the RF-pulse (green). It can be seen,
that the first delay between the rising edge of the SDRs gate and the rising edge
of the LOPROs gate is about 5 us. The delay between the falling edges of the
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gate signals is about 3 us. The SDRs gate signal and pulse length was set to 16 us
which is visible when looking onto the yellow colored plot. The resulting pulse
length is only about 8 s due to the safety delays.

These delays are not a problem in principle, but they should be considered when

optimizing a pulse sequence.

4.6.3 Automated Tuning and Matching

Figure [106] shows three Si; traces obtained with automatic tuning and match-
ing. The target frequency was 80 M Hz for a), 81 M Hz for b) and 84 M Hz for
c). It can be observed, that the automatic routine leads to a match at the target
frequency. However the achieved S;; values are only —8 to —13 dB and thus com-
paratively poor. In contrast, manual tuning allows for reaching —30 to —40dB.
For adequate matching, at least —20 dB should be achieved, which unfortunately
is not the case. It could be confirmed experimentally that the automated routine

works in principle, but needs further improvement.

A general observation is that the width of the Si; peak is wider for the broadband
probe-heads (see figure than for the manually tunable coil (see figure .
This indicates that the Q-factor of the resonator is higher for the manually tune-
able coil than for the broadband probe-head. Note: the scaling of the frequency
axes of the two figures are not the same. The peak of the broadband probe-head

looks narrower because the frequency axis covers a larger range.

One possible source of error was found to be the number of selected voltages.
Here 50 tuning and 50 matching voltages, i.e. a resolution of % = 100mV were
used. When entering the voltages manually, it was found that this resolution
was sometimes not sufficient to achieve a match below —20dB. Here, however,
runtime is an issue, as at a frequency resolution of 100 kH z and a bandwidth of
10 M Hz for 50 x 50 voltages the process already takes around 5 minutes to be
finished.

Another source of error is caused by the logarithmic amplifier (AD8310). Fig-
ure [110] shows the logarithmic amplifiers output with and without an RF-signal
applied. The blue signal is the gate signal of the SDR and the yellow signal is
the output of the logarithmic amplifier which receives the reflected wave from the
directional coupler.

It can be seen that a zigzag signal with an amplitude of about 100 mV can be
measured at the output when no RF signal arrives. Partly this can also be seen
between two pulses at the right picture b). If the logarithmic amplifier’s output

voltage is monitored during the automated routine, the amplitude of the yellow
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Figure 110: Picture a) shows the output of the logarithmic amplifier when no
RF-signal is applied and picture b) shows the output of the logarithmic amplifier
with an RF-signal applied.

signal (reflected wave, output of the logarithmic amplifier) moves up and down,
depending on the strength of the reflected wave. The minimum of this amplitude
is then stored as the optimal match. A closer look shows that there is still some of
the zigzag on top of the signal on the amplitude of the yellow signal (also picture
b)). The zigzag signal probably prevents the correct detection of the true op-
tima. Further, in picture a), there is a constant offset voltage of around 400 mV/,
even if there is no RF-pulse sent by the SDR. This indicates that the logarithmic

amplifier here reacts to interfering signals (for example the zigazag signal).

Spectral components off the target frequency which are present in the TX pulse
(figure may contribute significantly to the errors. As mentioned, with al-
ready matched coils it does not matter if spurious frequencies appear, because
the resonator oscillates only at the resonant frequency. However, when tuning
and matching, it can happen that the capacitors match the coil to another than
the intended spectral component of the excitation pulse while sweeping through

all possible voltage. Thus it can happen that a false minimum is stored.

4.6.4 Broadband Scan

In figure the succesful broadband scan can be seen. The lookup table used
here was created manually to ensure a minimum of —20dB S;; for the RX path
at each applied frequency. The frequency step size was 100 kHz. The compar-
atively low SNR (SNR = 13) compared to the other measurements is due to
the fact that the sequence was not optimized. The entire broadband application
was merely a proof of concept, which was confirmed by this experiment. Some

improvements and research still need to be done here.
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First, the cutting out of the calculated spectrum must be optimized, since here al-
ways frequencies which f >= target frequency AND f <= target frequency+A f
was cut out.

The area was intentionally made somewhat larger in order to reliably detect the
peak. Here it can be the case that certain frequency points possibly appear twice
in the same spectrum (could happen if the cut-out area of one partial measure-
ment overlaps with the next). If there is an overlap of the cut out partial spectra,
there are two different effects which falsify the measurement. On the one hand,
the signal peak could be measured as too high if two partial spectra constructively
overlap exactly at this point. On the other hand, if parts of the noise overlap, it
could lead to either higher or lower noise at overlapping points. It would be very

important to find a stable approach that is also correct in the frequency domain.

In the methods it was mentioned that the frequency step (Af) is given by the
lookup table. An interpolation step should be added here if frequency points are

to be scanned in between.

Comparing figure 66| (the FID sequence for the broadband probe-head) with fig-
ure [52| (the FID sequence for the manually matched coil), it can be seen that
the broadband probe-head requires longer excitation pulses than the manually
matched coil. This is due to the lower Q-factor of the broadband probe-head and

thus a lower coil current at the same power.

4.7 Observations with need of further investigations
4.7.1 Unevenly high echo amplitudes with phase-varying sequences

With phase-modulating sequences (i.e. the Composite Pulses and the Spin-Echo
with phase cycling) the signal amplitudes differ from those obtained with sim-
ple pulses. For a Spin-Echo with phase cycling, for example, one would expect
equivalent high RX signals regardless of the phase. Figure shows the Echo
amplitudes in time and frequency domain using a Spin-Echo sequence with phase
cycling on BiPhg. Figure|112|shows the amplitudes of the different phase shifted
RX signals in time domain when using a composite pulse on BiPhs. For both,
no post-processing was done (except a DC offset correction). This means, that
there was no additional phase shift applied, the signals were plotted as they were
received. In order to compare the received signals with the applied pulses, the
same legend was used as it was previously for the looped back sequences (figures
and [73)). The different colored RX traces result from the TX traces with the

same color.
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Figure 111: Left: Time domain signals of the Kazan Echo with the respective
phase shifts on BiPhs. Right: IF spectrum of the Fourier transformed traces from
left (the LO frequency was not added here, the peaks represent the 83.56 M Hz
peak of BiPhs). Note: the traces are plotted as they were received, which means
that no post-processing except a DC offset correction has been done. The signal
amplitudes are scaled differently in the time and frequency domain, respectively,
and should be ignored for the purposes of this discussion, since the only purpose
is to illustrate the different signal magnitudes in each plot.
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Figure 112: Time domain signals with the respective phase shifts of a Composite
Pulse sequence on BiPhs. Note: the traces are plotted as they were received,
which means that no post-processing except a DC offset correction has been done.

The reason for this phenomenon is unknown, since a loopback with a similar se-
quences (ﬁgures and does not show any noticeable differences in amplitude.
Also the used assemblies like pre-amplifier, power amplifier and LNA cannot be
the cause, because they do not contain any phase selective components. The
amplitude fluctuations have a certain influence on the quality of the sequence,
because with lower partial amplitudes the total signal (created by phase shifting
and then adding up the individual traces) is smaller. On the other hand, figure
shows that both the composite pulse and the spin echo with phase cycling com-
pletely eliminate the ringdown when comparing the spectra of FID and Spin-Echo
without phase cycling.
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Further measurements and investigations should be performed to verify the rea-
son of the problem. Potential causes are pulse imperfections or purely hardware
based problems (for example, that different phase-shifted signals are scaled dif-

ferently when passing a certain component).

Nevertheless, the experiments clearly prove the efficient suppression of artefacts

by the used sequences, even though there are still some minor deficiencies.

4.8 Final note and future outlook

The main goal of this thesis could be clearly reached, i.e. to build the spec-
trometer based on the available literature and to prove its applicability for NQR
spectroscopy. The SDR based concept allows for the setup of a very economic so-
lution which performs comparably with commercial devices. A major advantage

of this system built here is that changes and extensions can be made easily.

There remain, however, some issues which should be addressed in the future:

The automatic tuning and matching should be optimized. Here it would be most
important to improve the signal quality provided by the logarithmic amplifier.
After that, a faster and more reliable search algorithm for the automated tuning

and matching should be developed.

The broadband setup works in principle, but different sequences like Spin-Echo,
Spin-Echo with phase cycling and Composite Pulse should be tried out and then
be optimized. Further, the assembly of the spectrum from the individual mea-
surements should be revised as the current implementation still may contain some
minor bugs. However, the foundations for the use of broadband modules were

laid and a well-functioning system for single frequency measurements was realized.

Basically all functions which were available with the previous systems ("'SCOUT’
and "CONCRADLE’) could also experimentally be achieved with the SDR sys-
tem i.e. single frequency measurements, control and measurement with broad-
band probe-heads, automated tuning and matching and even phase cycling and

Composite Pulses.

105



4 DISCUSSION Lukas Kaltenleitner, BSc

4.8.1 Future Outlook

An interesting feature that should definitely be implemented is pulse shaping.

One could arrange an arbitrary number of pulses with a resolution of ——1—— =
sample—rate

m = 33 ns in the pulse vectors and choose their amplitudes so that their
envelope obeys a certain shape like trapezoid, triangle, Gaussian. This could give
advantages in the frequency domain e.g. with respect to the side lobes appearing

in the spectrum.

In the future, the SDR-based system could be used for both sensitive measure-

ments as well as for open student labs or lab exercises.
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A Appendix

A.1 Setting up the working environment

The ’LimeSDR’ can be runned with all common operating systems like Linux,
Macintosh and Windows (Note: they are available for purchase at [13|). However,
the open-source nature of the SDR invites many users to use Linux. A major
advantage of using Linux is that no drivers need to be installed (as long as the
"LimeSuite’ which is described in the next section is already installed). Further-
more, the initial project used in this work [2| is based on a Linux system. Here it
is easier to get the software functional if a similar operating system is used from
the beginning.

It is best to set up an extra Linux partition or a separate hard disk with only
Linux. Since the 'LimeSDR’ works with very high data rates via USB 3.0 (up to
61.44 MS/s), a native system is also recommended in this regard, since virtual
machines often experience data rate drops. In this work, an Ubuntu 20.04 system
on a separate hard disk is used.

Furthermore, the basic requirement for the host PC is that it has USB 3.0 ports
and Python 3.0 must also be installed on the Ubuntu system.

In general, there is a website https://wiki.myriadrf.org/Welcome where a lot
of information about the ’LimeSDR’ can be found. Many tutorials and general
information can be found on this site. There is also a forum where questions can

be asked to the community, which are usually answered quite quickly.

A.1.1 Lime Suite GUI

The next step is to install the manufacturer’s software. The manufacturer pro-
vides a GUI with various features. First of all, you can quickly check whether the
board can connect to the PC and whether the TX and RX channels are OK. It
can be installed by following the instructions on https://wiki.myriadrf.org/
Installing Lime_Suite_on_Linux. Note: point one on this instructions is al-
ready sufficient. The shortest and easiest way to install the 'LimeSuite’ is using
PPA.

To get started, this page https://wiki.myriadrf.org/Getting_Started_with
_LimeSDR-USB_and_LimeSuiteGUI gives an introduction of how to use the GUI
and here https://wiki.myriadrf.org/LimeSDR-USB_Quick_Test| are some in-
structions to test the functionality of the SDR.

An important and useful function is the calibration of the IQ mixers, which is
explained here https://wiki.myriadrf.org/Getting_Started_with_LimeSDR
-USB_and_LimeSuiteGUI| in section 11.
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A.2 Flashing the FPGA gateware to the LimeSDR

First step is to open a new terminal window and to type 'LimeSuiteGUI’ into the

command line. The modified gateware was taken from [3].

Aktivitsten (=) Terminal + 14.0kt 08:59

m luki@fbmtpesdr: ~

:-$ LimeSuitecuI]]

HO® BOBPOEE

Figure 113: Open LimeSuiteGUI.

Afterwards, a connection to the (already connected via a USB 3.0 cable) LimeSDR
board has to be set up. Therefore the menu ’Options’ and then the submenu

’Connection Settings’ has to be clicked onto.

12.Dez 1653 @

Lime Suite GUI
File Options Modules Help
Open | save  OACHANNEL ()BCHANNEL [EnableMIMO  chip oGyl | GUI-sChip | Reset | Default  Temperature:77772 Read Te|
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ﬁ Offset — o -
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Figure 114: Select the menu to flash the gateware to the FPGA.
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For flashing the FPGA Gateware, go to 'Modules’ and then select ’Programming’

and change the programming mode to 'FPGA FLASH’.

Aktivitsten @ LimeSuiteGUI ¥

14.0kt 09:00 ®
Lime Suite GUI

Programming

Control port: Not Co

Figure 115: Connect to the LimeSDR board.
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Then select the modified gateware file from [3] and press 'Program’.
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Figure 116: Select the modified FPGA gateware.
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A.3 Compile the C++ Routine

Figure shows a screenshot of the first few lines of the C++ routine with the

compilation instruction.

p==
@file N pulses
@author Andrin Doll
@brief N pulses on TX and collection on RX

requirements:
LimeSuite
HDFS library

compilation:
g++ pulseN_test_USB.cpp -std=c++11 -1limeSuite -o pulseN_test_USB -I/usr/include/hdf5/serial

-D_LARGEFILE64_SOURCE -D_LARGEFILE_SOURCE -Wdate-time

-D_FORTIFY_SOURCE=2 -g -02 -fstack-protector-strong -Wformat
-Werror=format-security -L/usr/lib/x86_64-linux-gnu/hdf5/serial fusr/lib/x86_64-1inux-gnu/hdf5/serial/1ibhdf5 hl_cpp.a
fusr/1ib/x86_64-1inux-gnu/hdf5/serial/1ibhdf5_cpp.a fusr/lib/x86_64-linux-gnu/hdf5/serial/1ibhdf5_hl.a
fusr/1ib/x86_64-1inux-gnu/hdf5/serial/libhdf5.a -Wl,-Bsymbolic-functions -W1,
-z,relro -lpthread -1sz -1z -1dl -1m -W1l,-rpath -Wl,/usr/lib/x86_64-linux-gnu/hdf5/serial

Installation note: this compilation line looks terrifyingly long.. The reason is the inclusion of the HDF5 library,
which is responsible for all the arguments after the -o specification. All this arguments can actually be retrieved from the command:
h5c++ -show

Figure 117: Screenshots of the first few lines of the C++ routine. Source: [3].

One has to naviagte into the wished folder and this line has to be executed in a

terminal window. The ’limer.py’ has to be put into the same folder.
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A.4 1/Q Mixer Calibration of the LimeSDRs TX path

First step is again to start ’LimeSuiteGUI’ and to connect with the LimeSDR
Board. Then, one has to go to select the channel A or B (per default A is selected)
depending on which one you want to calibrate. Select the channel and then go
to ’SXT’ in the menu bar at the top of the GUI. Important: it is recommended
to run any of the pulse scripts before doing the settings in the GUIL. Trough this

all necessary settings are done and the CW signal is output for sure.

@ LimesuiteGUI =

Aktivitsten

14,0kt 08:59 »

Lime Suite GUI

Figure 118

Enter the target LO frequency in the 'SXT’ menu and then press calculate and

tune. Note: the pictures were taken with no connection to the SDR, that’s why

the error messages appear.
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Figure 119: Enter the target LO frequency in the 'SXT’ menu. The output RF
frequency will be the entered value plus 3.8 GH z of IF frequency which is mixed

with the selcted LO frequency.
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: — 2047 2 — 04T .
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— ) — o
Bl Alpha (Deg): O Alpha (Degl: 0
\ﬁ joc DC Correcto
Offset | — ] o — o
R O fs et O — o + — 0
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Enable DC offset. T
" Automatie O calibration mode
-@ Calibrate RX

Clear
shaw Log
Log data
Log level
info =

Open Save Enable MIMO  chinagii | GUI-sChip | Reset Default  Temperature: 77777 Read Te
SXT
Test mode of SX | T5T disabled -
Division ratio PLL laop filter Active VEofrequency, MH;
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irect control actional: s
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B High: | Low: §
Direct controlof POSand ENS. gyt Freq, MHz: 80.000 Divider: 2%5
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DIV2 prescaler [4 Reference clock {(MHz):  30.720
CSW_VED — o
Seales VOO biag current S— 255
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Reference voltage 16V = Scales offset of charge pump 2916w | =
Clear
0 MHz) - cannot deliver frequency Shawlog
Log data
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Then go to the "TxTSP’ menu and select test signal in the red marked area.

File Options Modules

Help

Lime Suite GUI

Open Save O A CHANNEL B CHANNEL Enable MIMO Chip=>GUI GUI=>Chip Reset Default Temperature: Read Tg
. R LD CLKGEN  SXR S TETSP s
T NCO CMIX werpd
ble TATSP - . o DC_REC: FifF
N FCW (MHz) PHO (degl RefClk (MHz): 371.715 Upconvert - HBIT}
cL g © ooo0000 0.000 Load toDCI
DCcorrecter CLLES Cainc | 0dB .2
Galn corrector 0.000000 0.000 Mode Load to DCQ
Cl P
Phase corrector o 0.000 O Fcw HO GFIR
CMIx
GFIR1 GFIR3
a 0,000 PHO (deg) 0.000
Length: 0 b 0 *  Length: 0
0000000 0000 Bitstodither: 1 -
Clk ratio: 0 + Clkratio: 0 + Clkratio:
0000000  0.000 TSG
Swapland Q Coefficients Coefficients Coefficients
0.000000 | 0.000 signal sources From T5G
Skart BIST Configure GFIRS 35 LPF
F— [rsamone v
0.000000 O TsPelkfs Onco Bandwidth (MHz): 0 Set
0,000000  0.000 TSP clkfa DC source sample rate: 185.857 MHZ
Read BIST 0.000 Input source — [ISGFC Phase Corr
eutput | @ 6dB — 57
0.000 r Ful "
Des, signal llscale 4 ioha (Deg): 1.594
0.000 Gain Corrector-
S— L s— 2047
Clear
E ce
:08] ERROR: No device connected Show Log
:08] ERROR: No device connected
o Logdata
? Log level:
:08] ERROR: No device connected Info -

Figure 120: Output the test signal.

Connect the TX of the LimeSDR to a Spectrum Analyzer. The 1/Q calibration
can then be done using the I/QQ DC correction, the I/Q gain correction and the

phase correction in the "TxTSP’ menu.

Lime Suite GUI

File Options Modules Help

DC corrector

Gain: 0dB

Gain correctar 0000000 | 0.000 Mode Load te DCQ
Phase corrector Y 0.000 O FCW ( PHO GFIR
. GFIRY GFIRE GFIRS
o ooon  PHOIdea)  0.000
Length: 0 ~ Llength: |0 - length: O
co00000 0000 Bitstodither: 1
Cliratio: @ Clkratie: 0 Clkratio: 0
0000000 0.000 T5G
Swap land @ Coefficients Coefficients Coefficients
signal saurces from TSG
Start BIST 0.000000 | 0.000 | o . Configure GFIRs as LPF
- N o0 SCFCW TSGMODE
e rech| s | 0000000 0.0 OTPdys | @NCO Bandwidth (MHz): | 0 Set
m 0.000000  0.000 TsPelkfa DC source Sample rate: 185,857 MHz
Read BIST Input source—— TSGFC Phase Corr
0.000000 0.000
OLMLowtput @ -6dB — 57
0.000000  0.000 " F
Testsl ullscale | aloha (Deg: 1.594
0.000000  0.000 Gain Correcto
0.000000 0.000 ! 2047
0000000  0.000 o — 2047
DXC Corrector
0.000000  0.000 ' — o
0.000000  0.000 @ — o
T TV UL LU
OR No device connected Clear
ROR: No device connected
ROR: No device connected ShowLog
ROR: No device connected e
ROR: No device connected S
ROR: No device connected Loglevel:
ROR: No device connected o =

Figure 121: 1/Q

correction area.
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Figure [122) shows a spectrum with a non calibrated TX output. Here, the LO fre-
quency was set to 89.2 M H z and the output of the RF signal is the LO frequency
plus the default value for the IF frequency of 3.8 M Hz,s089.2 MHz+3.8 MHz =
93 M Hz. The mixers are optimized to 93 M Hz as an example and the instruc-
tions are only meant to serve as a step by step guide. For the measurements, they
were optimized to about 83.8 M Hz. Typically, one should not need to make any
changes between 83.8 M Hz and 93 M Hz, as the mixers remain sufficiently well

calibrated over this frequency range.

" Uncalibrated S5B output

wanted
&0 url"lwanted sideband |
sideband LO leakage

ol | |

i i W A

B4 BS B& ar BE a9 o0 91 o2 ! o4
fin MHz

Signal Intensity in dBm
2

P
(=1

Figure 122: Non calibrated TX channel.

In order to get rid of the LO leakage, the I/Q DC correction bars are used. One
can adjust the I and Q DC bars in a way, that the LO disappears from the
spectrum (see figure [123)). The unwanted sideband can be eliminated using the I

and Q gain correction bars and the 1/Q phase adjustment bar.

Uncalibrated SSB output
40 T T . T .

60

1

=100

=12

Signal Intensity in dBm

140 |

=1
=
=
——
—
L
==
=
—_—
—
=
- =
=
—
=
—
;1_——-’=_Z—
_

160 L L L L L L L . .
84 85 86 87 88 89 90 91 92 93 94
fin MHz

Figure 123: Non calibrated TX channel with corrected LO leakage.
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Figure shows a calibrated TX spectrum with only the upper sideband.

Signal Intensity in dBm

=100

Lt il

140

-160

Uncalibrated SSB output
40 T T T T .

80 ‘

B4 85 86 BT 88 B9 90 e 92 93 94
fin MHz

Figure 124: Calibrated TX channel.

114



A APPENDIX

Lukas Kaltenleitner, BSc

A.5 Screenshots of the python scripts for the sequences or

other evaluations presented in this work

All sequences were created using the provided code in [2] and [3] as a basis.

Further, the author of [2] provided further test sequences on request.

A.5.1 FID

Figure shows the pulse generating part of the used FID sequence.

numpy np

matplotlib.pyplot plt
m scipy.fftpack fft, ffctshifc, ffcofreg

limx

1 = limr.limr('./pulseN test USB.cpp'):

l.noi = -1

tgrfreq = 83.56e6

if frq = 1.2eé

l.lof = tgrfreqg-if frg

l.sra = 30.72eé

l.nav = 1000

l.nrp = 1

l.tdi = -45

l.cdg = 0

l.cgi = 2047

l.tgg = 2039

l.tpc = 3

1l.rgi = 2047

l.rgq = 2047

l.xdi =0

l.xdgq = 0

l.xpc = 0

l.crp = 5e-3

l.tac = 82e-§

1.t3d = [1, 0, 50, 10]

1.pfr = [if_frq]

l.pdr = [3e-§6]

l.pam = [1]

1.pof = [300]

l.npu = len(l.pfr)

l.rgn = 55.0

1.tgn = 40.0

l.xlp = 3.0e6

l.tlp = 130.0e6

l.spt = '. 1se/FID

l.fpa = 'setup

l.zun()

P

o

ECRT

">

nitializacion ¢

hardcoded i

(#.g. Gain, tgi, tdi, are

target frequenc
IF or base band

requency
ncy (target freguency - base ba

averages

r of repetitions

Figure 125: Screenshot of the used FID sequence (pulse generating part).
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Figure shows the signal processing part of the used FID sequence.

#reads back the file which was recently saved
1.readHDE ()

#evaluation range, defines: blanking time and window length
evran = [23, 43)
evidx = np.where( (l.HDF.tdx > evran[0]) & (l.HDF.tudx < evran[l]) )[0Q]

ftime domain x and y data
tdx = 1.HDF.cdx[evidx]
tdy = 1.HDF.tdy[evidx]

fcorrecting a offset in the time domain by subtracting the mesan
tdy_mean = tdy-np.mean(tdy)

$Ift of the corrected time domain data
fdyl = fftshifc (ffc (tdy_mean, axis=0},axes=0)

§fft freq and fft shift is here used to scale the x axis (frequency axis)
fdxl = ffofreg(len(fdyl))*30.72
fdxl = fftahift (£dxl)

plt.figure(l);
plt.plot (tdx, tdy mean/l.nav)
plt.xlabel ("t in us")
plt.ylabel ("Amplituds / a.u.")
plt.show()

fadd LO frequency

lof=1.HDF.atcr_by key('lof')

for i in range (D, len(fdxl)):
fdxl[i] = fdxl[i]+1lof[0]/1leé

fselecting the interessting part of the spectrum

shifter = 12

stopper = 270

$here the right side of the spectrum i3 seclected

y=aba (| (fdyl[int (len(fdyl)/2)+shifcer:len (fdyl)-1l-stopper]))
x=fdx] [int (len(fdyl) /2)+shifter:len(fdyl)-l-stopper]

plt.figure(5):

plt.plot (x, ¥)

plt.xlabel ("f in MHzZ™)
plt.ylabel ("Amplituds / a.u.")
plt.show()

fprint std (for SHR determination -> noise analysis without sample)
print ("std rms frequency domain next to peak ¥N: " + strinp.std(v¥))})
#print max of fft (for SNR evaluation - should give peak maximum)
print ("HAX of Signal: " + str(max(y)))

Figure 126: Screenshot of the used FID sequence (signal processing part).
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A.5.2 Spin-Echo

Figure shows the pulse generating part of the used Spin-Echo sequence.

1= limr.limx(".
l.noi = -1
cgtfreq = 83.56e6
if frg = 1.2eé
l.lof = tgofreq-if frg

l.sra = 30,72eé
l.nav = 1000

l.nzp = 1
l.tdi = -45
l.tdg = 0
l.tgi = 2047
l.tgg = 203%
l.tpc = 3
l.rgi = 2047
l.rgq = 2047
l.xdi = 0
l.rdg =0
l.zpc = 0

l.txp = Se-3
-tac = 82e-6
.t3d = [1, 0, 50, 10]

e

pulse durations

pfr = [if_frqg, if fra]

pdr = [3e-86, 6e-6]

pam = [1, 1]

pof = [300, np.ceil (9e=6*1,sra)]

bR

l.opu = len(l.pfr)
l.rzgn = 55.0
l.tgn = 40.0
l.rlp = 3.0e&

l.tlp = 130.0eé6

l.spt =
1.fpa =

l.zun()

import numpy as np
matplotlib.pyplot as= plt
scipy.ffrpack import fft, ffeshifc,
limz

oA W o B L I S S S e S

s

p

needed if parameters
need to be set to chip)

Rate
£ averages
of repetitions

correction

imum buffer size
the pulse

» 12.5 us offset

number of pulses

RX lowpass
TX lowpass

directory to save to

Figure 127: Screenshot of the used Spin-Echo sequence (pulse generating part).
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Figure shows the signal processing part of the used Spin-Echo sequence.

f#reads back the file which was recently =zawved
1.readHDF ()

evran = [35, 53]

#time domain x and ¥ data
tdx = 1.HDF.tdx[evidx]
cdy = 1.HDF.tdy[evidx]

tdy mean = tdy-np.mean(tdy)

§fft of the corrected time domain data
fdyl = ffoshifc (ffc(cdy mean,axis=0},axes=0)

fplot time domain data
plc.figure(l):
plt.plot(tdx, tdy mean)
plt.xlabel ("t i 5")
plt.ylabel ("Amplitudes / a.u.")
plt.show()

fadd LO freguency
lof=1.HDF.attr_by kev('lof")

i in range (0, len(fdxl)):
fdxl[i] = fdxl[i]+lof[0]/le&

fselect interesting part of the spectrum
shifter = 12
stopper = 270

fhere the right side of the spectrum is selected

x=fdxl [int (len (fdyl) f2) +ahifter:len (fdyl)-1-stopper]

plt.figure (2);
plt.pletix, v)
plt.xlabel ("f i
plt.ylabel ("Ampli
plt.show(}

princ("atd rm= frequency
print ("MAX of Signal: " + str(max(y)))

#evaluation range, defines: blanking time and window length

evidx = np.where| (l.HDF.tdx > evran[0]) & (lL.HDF.tdx < evran[l]) }[0]

fcorrecting a offser in the time domain by subtracting the mean

gffc freg and £ft shift iz here used to =zcale the x axis (freguency axisz)
fdxl = ffrfreq(len(fdyl))*1l.sra/led
fdxl = ffushifc (fdxl)

y=absz ((fdyl(inc (len(fdyl)/2)+shifter:len (fdyl)-l-scoppex]l))

domain next to peak X: " 4+ str(np.scd(v)))

Figure 128: Screenshot of the used Spin-Echo sequence (signal processing part).

118



A APPENDIX

Lukas Kaltenleitner, BSc

A.5.3 Spin-Echo with phase cycling

Figure

cycling sequence.

shows the pulse generating part of the used Spin-Echo with phase

numpy =5 np
from numpy.£ft import rEft, irfft, rfftfreq
import matplotlib.pyplot as plt
scipy.ffrpack im £fr, ffrshifr, ffrfreq, iffc, ifftshifc
limr

scipy.signal im = hilbert

ief phase_shift(signal, angle):

¥ FFT cal on

f spectrum fft (signal)

:_r":.asf: sk in frequ y domain (multiply by
£ _spectrum *= np.exp(-1.0j * np.deg2radlangle))
# IFFT -> back to & domain
phaseshifted signal = ifft(f spectrum, n=
return phaseshifted_signal

n(signal))

__name_ == '

1l = limr.limr('./

l.noi = -1

tgtfreq = §3.58e6
if frg = (1]

l.10f = cgtfreq-if frq
sra = 30.72e6

.nav = 250

.nrp = 1

tdi = -45

.vdg = 0

LTgl = 2047

.tgg = 2039

.tpc = 3

.rgi = 2047

LXQgQ = 2047

.xdi = 0

.zdg = 0

B I T T T T T T I T R T

.pcn = [4, 1]
.pph = [0, np.pi/f2]

.pfr = [if_fraq, if_frql

.pdr = [3e-&, Ee=6]

.pam = [1, 1]

pof [300, np.ceil (%e—€*1l.s5zxa)l]

Rl i i T e e e e e e e e e e S e e e S e e e e
B R

-

-

of phases

hase (added to phase shift due to

se amplitude

to save to

if pArameTers
be set to ¢

band frequency)

(gives
tered

t in samples

-> 12.5 us offset

Figure 129: Screenshot of the used Spin-Echo with phase cycling sequence (pulse

generating part).
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Figure [130] shows the signal processing part of the used Spin-Echo with phase

cycling sequence.

1.readHDF ()

eyran = [35, 55]

tdx = 1.HDF.cdx[evidx]
tdy = 1.HDF.tdy[evidsx]

tdy mean = tdy-np.mean(tdy)

$take BX cime domain daca

tdy mean 0_50 = tdy mean[:,0]
tdy mean 90 %0 = cdy mean(:,1]
tdy mean 180 60 = vdy mean([:,2]
tdy_mean_270_ %0 = vdy_mean([:,3]

fuse funceiocn to shift RX phases accordingly to kazan (thersefore kKl;
kl = tdy mean_0O_50

ki = phase_shifc(cdy mean 5090, 270)

k3 = phase shifrc (cdy mean 180 S50, 180)

k4 = phase_shifc (cdy_mean_270_850, 99)

tdy mean self = (kl+k2+k3+k4)

#plot time domain data
plt.figure (1);

plc.plot (cdx, tdy mean)
plt.xlabel ("t i
plt.ylabel ("Amplitude / a.u."™)
plt.show()

fdyl = fftshift(fft(tdy_mean_self, axis=0), axes=0)
fdxl = ffcfreq(len(fdyl))*l.ara/les
foxl = ffoshifn(faxl)

#add LO freguency
lof=1.HDF.actr_by key('lof")

i in range (0, len(fdxl)):
fdxlfi] = fdxl([i)+1lof[0)/led

§cur out interesscing parct of the spectium
shifter = 12
stopper = 270

$here the right side of the spectrum is selected
y=aba ( (fdyl[int (len(fdyl) /2) +ashifter:len(fdyl)-1l-astopper)))
w=fexl[inc (len (fdyl) f2) +shifrer:len(fdyl) -1l-scopper]

plt.figure (2}
plt.plot(x, y)
plc.xlabel ("f
plt.vlabel ("A
plt.show()

&vidx = np.where( (l.HDF.tdx > evran[0]) & (l.HDF.edx < evran([l]) }[0Q]

k2,

#select range which should be investigated (blanking and echo time setting)

k3,

k4]

Figure 130: Screenshot of the used Spin-Echo sequence with phase cycling (signal

processing part).
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A.5.4 Composite Pulse

Figure [I31] shows the pulse generating part of the used composite pulse sequence.

numpy &35 ng
t matplotlib.pyplet

plt

ffr, fftshifc, ffcfreqg

cgtfreq = 83.56e6
if_frq = 1.2e6

1l.lof = tgufreqg-if frq

l.sra = 30.72e6
l.nav = 250
l.nzp = 1
l.tdi = -45
l.tdg = 0
l.tgi = 2047
l.tgqg = 2039
l.tpec = 3

.zgi = 2047

= 2047

=0
l.xdg = ¢
l.xpe = 0
l.trp = 5e-3
l.tac = 82e-6

1.t3d = [1, 0, 50, 10]

# phase cycling definitions
l.pcn = [1,4)

1.pph = [0, np.pi/f4]

1.pfr = [if_frg, if_frq]
l.pdr = [3e-6, 6e-6]

l.pam = [1, 1]

l.pof = [300, np.ceil(3e-6*1l.sra)]
l.npu = len(l.pfr)

.zgn = 55.0

l.tgn = 40.0

l.rlp = 3.0eé

l.tlp = 130.0e&

l.spt =

1.fpa =

Lzun()

# hardcoded initialization of the lime. needed if parameters

# (e.g. Gain, tgi, tdi, are changed and need to be set to chip)
# target frecuency of the experiment

# IF or base band fregquency

# I ({taxrget frequency - base band frec
#

# of averages

# of repetitions
F

#

"

#

#

#

#

#

# F

iR

#

#

#

¥

*
]

e

RX lowpass
TX lowpass

LR

-

irectory to save to

Figure 131: Screenshot of the used composite pulse sequence (pulse

part).
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Figure shows the signal processing part of the used composite pulse sequence.

1.readdDF()

evran = [28, 48]

evidx = np.where( (l.HDF.tdx > evran([0)) & (l.HDF.cdx < evran[l]) ) ([0]
print (cype (evean[0]))

tdx = 1.HDF.tdx[evidx]
tdy = 1.HDF.tdy[evidx]

tdy_mean_self=cdy
#get rid of do offaet
tdy mean = tdy-np.mean{cdy)

#load cime domain daca of the differenc phases into arrays
tdy mean 0_45 = vdy mean[:,0]

tdy mean 0_135 = tdy mean[:,1]

tdy mean 0 mi35 = rdy mean[:,2]

tdy_mean_0_m45 = tdy_mean[:, 3]

#add them up
tdy_comp = (-tdy_mean_0_45 + tdy mean_0_135 - tdy_mean_0_ml35 + tdy_mean 0_mi5)

fdy comp = ffoahifc(fft(tdy_comp, axis=0}, axes=0)

fdx_comp = ffrfreq(len(fdy camp))*30.72
fdx_comp = ffoshifc(fdx_comp)

fplot cime domain data
ple . figure(l):
plt.plot(vds, tdy_comp)
plt.xlabel ("t in
plt.ylabel ("As
plt.show()

#add L0 frequency to IF data

lof=1.HDF.accr by key('lof')

for 1 im range (0, len(fdxl)):
faxl[i] = faxl[i]+lof[0]/1e6

$ shifr to intéresting part of the spec
shifrer = 12
stoppexr = 270

y=abs ( (fdy_comp[int (len(fdy_comp) /2)+shifter:len(fdy_comp)=l=stopper]})
¥=fdxl[int (len (fdy comp)/2)+shifcer:len (fdy comp)-l-stopper]

ple.figure (2):

ple.plocix, ¥)

ple.xlabel ("f in MHz")
plt.ylabel ("Amplitude / a.u.")
ple.shaw()

domain next ©o peak M: " + str(np.std(v)})
"o+ stzimax(y)))

i 1 s e A
reQquency

print ("MA

Figure 132: Screenshot of the used composite pulse sequence (signal processing
part).
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A.6 Evaluation of the scaling factor between the arbitrary

spectrometer unit and volts

Figure [133] shows the signal generating part for evaluation the scaling factor

between the arbitrary spectrometer unit and volts.

numpy np
t matplotlib.pyplot plt
m acipy.fftpack ir rc fft, ffrshiftc, fftfreg
t limx
1 = limr,limr('./pulsel cesc USB.cpp");
l.noi = =1 a on of the lime. needed if parameters
Fle.g tgi, tdi, are changed and need to be set to chip)
tgtfreg = 83.56=6 ¥
if frq = 1.2eé #
l.leof = cgrfreq-if_frg ¥
l.sra = 30,7226 ¥
l.nav = 1000 # num verages
l.nrp = 1 # number of repetitions
l.tdi = -45 ¥
l.tdg = O #
l.tgi = 2047 7
l.tgg = 203% £
l.tpc = 3 #
l.rgi = 2047 #
l.zgg = 2047 F
l.xdi =0 ¥
l.xrdg = 0 3
l.rpc = O # F
l.trp = 5&-3 L
l.tac = 82Ze-¢€ 3
1.t3d = (1, 0, 50, 14] w I
l.pfr = [1f_fxq] ¥
l.pdr = [2le=g] # here set to 21 us Wl is then evaluated
# by setting the evaluation range aro the pulse
l.pam = [1] ¥
l.pof = [300] #
l.npu = len(l.pfr) F
l.xgn = 55.0 3
l.tgn = 40.0 #
l.zlp = 3.0e¢ S
l.tlp = 130.0=26 #
l.apt = °'./pulase' # directory to save to
l.fpa = 'setup'
l.run()

Figure 133: Screenshot of the script for evaluation the scaling factor between the
arbitrary spectrometer unit and volts (signal generating part).
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Figure shows the signal processing part for evaluation the scaling factor be-

tween the arbitrary spectrometer unit and volts.

#reads back the file which was recently saved

1.readHDF ()

#evaluation range, set that the pulse defined in l.pdr is evaluated
evran = [13, 33]

evidx = np.where( (l1.HDF.tdx > evran[0]) & (1.HDF.tdx < evran[l]) ) [OQ]

#time domain x and vy data
tdx = 1.HDF.tdx[evidx]
tdy = 1.HDF.tdy[evidx]

#correcting a offset in the time domain by subtracting the mean
tdy mean = tdy-np.mean(tdy)

plt.figure(l);
plt.plot(tdx,tdy_meanfl.navj
plt.xlabkel ("t 1
plt.ylabel ("Amplituds S a.u.™)
plt.show()

us")

print ("real rms time domain: " + st:((np.sqrt(np.mean(np.square({tdy_mean.realfl.nav]]]J]]

Figure 134: Screenshot of the script for evaluation the scaling factor between the
arbitrary spectrometer unit and volts (signal processing part).
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A.7 Noise Analysis

Figure

shows the signal generating part for the noise analysis.
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Figure 135: Screenshot of the script for the noise analysis (signal generating part).
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Figure [136] shows the signal processing part for the noise analysis.

freads back the file which was recently saved
1.readHDF ()

fevaluation range, here around 20 us of blanking was nsed to be sure that only noise is measured
evran = [36, 56]
evidx np.where( (l1.HDF.tdx > evran[0]) & (1L.HDF.tdx < evranfl]) )[0]

#time domain x and y data
tdx = 1.HDF.tdx[evidx]

tdy = 1.HDF.tdy[evidx]

fcozrrecting a offset in the time domain by subtracting the mean
tdy_mean = tdy-np.mean(tdy)

plt.,.figure(l);

plt.plot (tdx, tdy mean/l.nav)
plt.xlabel ("t ")
plt.ylabel ("Ams i
ple.show()

print ("standard deviation time domain: " + str(np.std(tdy mean.real/l.nav)))

Figure 136: Screenshot of the script for the noise analysis (signal processing part).
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A.8 Signal to Noise Ratio dependencies

In [24], a calculation for the expected SNR was performed. Here, the SNR of
a FID sequence is used as an example to show that this depends only on the

window length used and not on the sample rate.

Taking the FIDs magnitude signal formula from [24]|, Sg;p denotes as:

Sripl0] = (A - e%«ch fs+C)-N"'.n-scaling factor (50)

Where A denotes the amplitude, 7T, = ﬁ being the combined time constant,
Ty To*

e_% is the decay of the magnetization due to the blanking time ¢;, f; denotes the
sample rate, n stands for the number of averages, N stands for the signal length
which has to be taken into account as scaling factor as the fourier transform sums
up the coefficients and C is a constant due to the asymmetry of the one-sided
fourier transform for detailed explanations (please also refer to [24] for detailed
explanations). The variable scaling factor is the calculated conversion factor

between the arbitrary spectrometer unit an volts.

The estimated thermal noise (magnitude) can be calculated as:

noise = Vs - V0.429 - N7z . V/n - scaling  factor (51)

and Vg is calculated as:

Vams = VAKTBR = \/4kT f,R (52)

Where the factor v/0.429 is needed to convert the noise from a real part into the
magnitude, y/n as the noise will get higher with the square root of the averages
and the v/N comes from the conversion from time domain to frequency domain
(also here, refer to [24] for detailed explanations). The bandwidth of the formula
for Vrars, can also be written as the sample rate f,, as the receiver will "see" this
bandwidth at the input and the fourier transform will be calculated from —% to

L (note: as mentioned above, a lowpass filter can be used here to reduce the RX

2
Is

bandwidth, but the receiver will still receive the noise over <, it will only be

"cut off" by the lowpass filter).

Setting C' = 0, the SNR can then be calculated as:
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SNR — SF'ID _ A-eiTitchcfs-N*1 -ln-scaling_factor (53)
nowse  \JAKTf;R-+/0.429 - N~2 - \/n - scaling _factor
And is further:
R— A'G%chs'\/ﬁ (54)
VAETf,R - /0.429 - VN
now, the terms can be rewritten as:
LT R T
SNR= ¢ Vi (55)
VAKTR -1/0.429 - VN
and they can be further written as (f; = i)
AT,
SNR = ‘ a (56)
VAETR - /0.429 - /t, - N
knowing that t; - N = Tycquisition—window, the final formula is:
A-eTeT, .
SNR ¢ v (57)

B \/4kTR : \/0429 : \/Tacquisition—window
It can be seen, that the derived formula is not dependent on f, but the acquisition

WindOW (Tacquisition—window>-

A.9 LimeSDR RX Matching Network for RX1 L port

Figure 137: Picture of the RX matching network of the LimeSDR for the RX1 L
port. Red: matching network; yellow: labeling of the components.
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