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Symbols and abbreviations

Abbreviations
ADC Analog-to-digital converter
AM Amplitude modulation
CPU Central processing unit
DFT Discrete Fourier transform
DFU Device firmware upgrade
DSP Digital signal processing
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FCFB Fast-convolution filter bank
FFT Fast Fourier transform
FIR Finite impulse response
FM Frequency modulation
FPGA Field programmable gate array
GDT Gas discharge tube
GPU Graphics processing unit
GUI Graphical user interface
HF High frequency (radio frequencies 3–30 MHz)
IFFT Inverse fast Fourier transform
LSB Lower sideband
PCB Printed circuit board
PC Personal computer
RF Radio frequency
SIMD Single instruction, multiple data
SNR Signal-to-noise ratio
SSB Single sideband
TRF Tuned radio frequency
USB Universal Serial Bus
VNA Vector network analyzer
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1 Introduction
Several space weather phenomena can be observed using high frequency (HF, 3–
30 MHz) radio receivers. Some of the phenomena affect propagation of radio waves,
whereas some of them produce radio wave emissions. This introduction provides an
overview on various phenomena and methods to observe them. In addition to HF,
this work also considers frequencies below and slightly above HF, covering frequencies
from approximately 3 kHz up to 60 MHz.

1.1 Radio wave propagation and emissions on HF
HF radio waves on Earth exhibit a phenomenon called skywave propagation. Skywave
propagation is caused by reflection of radio waves from the ionosphere, an ionized
layer of Earth’s atmosphere. The ionosphere is divided into multiple regions called
the D, E and F layers. Each layer has different properties and a different kind of
effect on radio wave propagation. Conditions in the ionosphere are affected by space
weather, so observations of skywave propagation can be used to indirectly observe
space weather.

Skywave propagation may be observed by monitoring the signal strength of
HF radio transmitters, such as amplitude-modulated (AM) broadcast stations or
dedicated propagation beacons. More detailed measurements of the ionosphere can
be made using ionosondes. An ionosonde is a radar that sends HF radio waves and
measures their reflection from the ionosphere. Absorption of the ionosphere can be
measuring using a relative ionospheric opacity meter (riometer).

Some propagation related phenomena are sudden ionospheric disturbances, spo-
radic E propagation, meteor bursts, long delayed echoes and auroral backscatter.
Radio waves are emitted by phenomena such as solar radio bursts and lightning [1].

1.2 HF receiver technology
Various radio frequency (RF) architectures have been used to implement radio
receivers. Some of the first receivers used a tuned radio frequency (TRF) receiver
architecture, which consist of a cascade of amplifier and band-pass filter stages directly
tuned to the frequency being received. To implement a TRF receiver with adjustable
received frequency, band-pass filters with adjustable center frequency are required.
These filters may be challenging to implement.

The requirement for adjustable band-pass filters can be avoided by using the
superheterodyne architecture [2]. A superheterodyne receiver uses a frequency mixer
to convert a received radio frequency signal to an intermediate frequency. Channel
filtering is implemented by a fixed band-pass filter operating on the intermediate
frequency. The received frequency of a superheterodyne receiver can be adjusted
by only adjusting the frequency of a local oscillator. In addition to radio receivers,
superheterodyne architecture is widely used in spectrum analyzers.

Alternatives of superheterodyne include direct conversion and direct sampling
architectures. In a direct sampling receiver, frequency mixing and filtering can be
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implemented using digital signal processing (DSP).

1.3 Ground based measurements
HF waves are measured by several ground-based instruments. For example, Kjell
Henriksen Observatory (KHO) [3] hosts multiple ground based instruments observing
radio waves in the HF frequency range. KHO HF acquisition system operates on
frequencies 1–30 MHz. The system is implemented using a WiNRADIO WR-313i
receiver and a non-resonant active loop antenna. The system produces produces
spectrogram and signal intensity data.

KHO also hosts Auroral Radio Spectrograph consisting of two instruments, ARS-S
and ARS-WF. ARS-S measures spectrum on frequencies from 300 kHz to 6 MHz
with a frequency resolution of 10 kHz and time resolution of 1 s. ARS-WF uses
multiple antennas to estimate the direction of arrival of a radio wave. ARS-WF is
implemented using a direct sampling architecture with a sample rate of 10 MHz and
operates on frequencies from 300 kHz to 4 MHz. KHO ionosonde operates on spot
frequencies within 2 MHz–20 MHz. The ionosonde is implemented using open source
software [4] and USRP N200 software defined transceivers.

Other examples include The Bruny Island Radio Spectrometer [5], The Green
Bank Solar Radio Burst Spectrometer (SRBS) and Spectral Environment Evaluation
and Recording system [6].

1.4 Space based measurements
HF waves are measured by several space-based instruments. For example, Enhanced
Polar Outflow Probe Radio Receiver Instrument (e-POP RRI) [7] works on frequencies
from 10 Hz to 18 MHz and measures waves from either spontaneous radio emissions
or ground based transmitters. e-POP RRI uses a direct sampling architecture using a
sample rate of 40 MHz. The digitized signal is processed by an AD6624 four-channel
digital down-converter followed by an ADSP2191M digital signal processor. e-POP
RRI measures electric field using four monopole antennas. Other examples include
Suomi 100 [8], DEMETER [9] and FORTE [10].

1.5 Choice of receiver hardware
Several of the instruments covered in sections 1.3 and 1.4 are based on the direct
sampling receiver architecture. Direct sampling architecture allows simultaneous
observation of multiple frequency ranges using one receiver. Since most of signal
processing is performed digitally after analog-to-digital conversion, a direct sampling
receiver can be adapted to multiple use cases by modifying the digital signal processing
chain. Due to advantages of direct sampling architecture and software defined signal
processing, this work focuses on software defined direct sampling receiving systems.

Examples of HF direct sampling receivers include Red Pitaya, RX888, Perseus,
KiwiSDR, WebSDR, RaspberrySDR and TangerineSDR.
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Many direct sampling receivers perform a part of the signal processing on a field-
programmable gate array (FPGA). To simplify software development, performing
all signal processing on the host computer is preferred. This requires a receiver that
has a sufficiently fast digital interface to transfer the digitized samples directly to
the computer, and rules out hardware that requires the use of an FPGA to perform
a part of the signal processing.

Out of the hardware mentioned, options satisfying this requirement are the Red
Pitaya with its gigabit Ethernet interface, and the RX888 with its USB 3.0 interface.
Out of these, the RX888 was chosen since its hardware schematic is open source [11],
allowing derivative designs based on the RX888. Prototyping in this work was done
using a slightly modified RX888. A photograph of an RX888 is shown in figure 1.

Figure 1: Photograph of an RX-888. A computer used for signal processing is visible
in the background.
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2 Software

Software was developed for signal processing of directly sampled HF radio signals. The
software is used to develop and test signal processing algorithms for measurements.
The software can be also used to evaluate computing hardware by determining
whether a given computer is able to run the software in real-time at the required
sampling rate. This allows evaluating the feasibility of implementing all of the signal
processing tasks on a computing platform based on a general-purpose processor.

The software should estimate the power spectral density of a received signal and
produce spectrogram data. Spectrogram data is useful for observation of several
phenomena, such as solar radio bursts, auroral emissions and variations of skywave
propagation.

Some observations benefit of the ability to demodulate radio transmissions. Radio
transmissions typically feature a relatively narrow bandwidth compared to their center
frequency. The main signal processing program developed in this work combines
spectrum analysis with digital downconversion of multiple narrow-band channels.
The program was named Spektri.

Some parts of the system were implemented as separate programs that interface
with Spektri. Splitting the system into multiple processes makes the system easier
to extend and modify, since each process can be started, stopped, modified or added
without affecting other independent parts of the system. Different processes can
be written in different programming languages, potentially increasing programmer
productivity and flexibility. Spektri is written in the Rust programming language
and some of the other programs are written in Python.

2.1 Platform

The signal processing software runs on the Linux operating system. Linux is a
UNIX-like general purpose operating system providing several useful features for
data processing and storage of measurement results. Additionally, Linux is familiar
to a large number of software developers, including the author.

Software developed in this work runs on almost any general-purpose processor
capable of running the Linux operating system. This avoids the need to choose
the computer early in the development process, since the system can be ported to
another computer without the need to rewrite most of the application software.

Use of accelerator hardware, such as a graphics processing unit (GPU) or a field
programmable gate array (FPGA), might result in reduced energy consumption
compared to performing all of the computation on a general purpose processor.
Use of GPUs and FPGAs generally requires specialized programming techniques
and programming languages. Some of the programming languages are specific to a
single hardware manufacturer, potentially making the software less portable. Due
to portability concerns and lack of expertise on FPGA or GPU programming, the
software developed in this work does not make use of accelerator hardware.
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2.2 Test signal generator
To test the spectrum analysis program, a simple test signal generator program was
implemented first. The test signal is a linear frequency sweep across the whole
spectrum. The sweep starts from frequency −0.5fs and ends at 0.5fs where fs is a
sample rate.

The test signal generator writes the signal into the standard output stream
(stdout) so that it can be sent to other programs using a pipe. Use of pipes makes it
possible to automate tests using shell scripts.

The test signal generator takes two parameters: output data format and length
of the frequency sweep in samples. The output data can be either real numbers
or complex numbers. Additionally, the data format can be chosen as either 16-bit
signed integer numbers of 32-bit floating point numbers. These were chosen as the
most important test cases because 32-bit floating point is used for signal processing
computations in Spektri whereas 16-bit signed integer is the sample format of the
RX888 receiver.

The test signal generator uses a phase accumulator ϕ and a counter n for the
number of samples produced. Each complex output sample o is given by

on = cos(ϕn) + i sin(ϕn) (1)

where n is the number of the sample and ϕn is the value of the phase accumulator at
the moment. The phase accumulator is calculated from its previous value as

ϕn = (ϕn−1 + (−π + 2π
n

N⏞ ⏟⏟ ⏞
ωn

)) mod (2π) (2)

where N is the length of the frequency sweep in samples. n goes from 0 to N − 1.
Initial value of the phase accumulator is ϕ0 = 0. The part marked as ωn represents the
instantaneous angular frequency for a given sample. Values of o are then converted
to the output data format and written into stdout.

To produce a real-valued signal, the imaginary part of equation 1 is discarded
and output samples are given by

on = cos(ϕn). (3)

Because a real signal does not make a difference between positive and negative
frequencies, the sweep from −0.5fs to 0.5fs appears as a sweep from 0.5fs to 0 Hz
and back to 0.5fs. This could be changed to a single monotonic sweep by modifying
the equation of ωn but such a modification was omitted to simplify the program.

2.3 Spectrum analyzer
The spectrum analyzer uses the Welch’s method. Welch’s method takes overlapping
blocks of a signal, multiplies each block by a window function and applies a Discrete
Fourier Transform (DFT) to the block. Squared magnitudes of DFT results are then
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averaged over a number of blocks. The result of this averaging is an estimate of
power spectral density (PSD) as a function of frequency.

DFT can be efficiently computed using a Fast Fourier Transform (FFT) algorithm.
Implementations of FFT are available in various software packages and libraries.
Spektri uses the RustFFT crate [12] as an FFT implementation. RustFFT includes
optimized implementations for AVX and SSE4.1 single instruction multiple data
(SIMD) instruction sets of 64-bit x86 processors and the NEON SIMD instruction
set of 64-bit ARM processors.

2.3.1 Parallelization

Most of processing time in Spektri is consumed by computation of FFTs. To make
use of a multi-core processor, the program computes multiple FFTs in parallel on
different processor cores. To implement parallelization, the program uses Rayon [13],
a data parallelism library for Rust.

Some parts of Spektri are not parallelized. In these non-parallelized, single-
threaded sections, only one processor core is used by Spektri. This may reduce
the maximum throughput of the program and thus limit the maximum possible
input sample rate. Parallelization, however, does not always increase throughput
by a significant amount. In some cases, it may even reduce the performance due
to synchronization overhead. For example, an attempt to parallelize input data
format conversion reduced throughput of the program, so format conversion was kept
single threaded. The same applied to processing of FFT results to produce spectrum
estimates.

Having short non-parallelized sections in Spektri itself, however, does not neces-
sarily limit the performance of the complete receiving system, since other processes
running on the computer may run on processor cores not used by Spektri.

2.3.2 Optimization for real-valued input

The signal from a direct sampling receiver is real-valued since there is no I/Q down-
conversion stage before the ADC. An FFT of a real-valued signal can be computed
faster than an FFT of a complex-valued signal. The RustFFT library only supports
complex-valued FFTs and does not provide an optimized implementation of an FFT
with real-valued input data.

Two FFTs with real input values can be calculated in one complex-valued FFT
[14]. This method was used to transform two consecutive blocks in each complex
transform.

An alternative solution would be computing a single real FFT using a single
complex FFT of half the size. An algorithm for this is implemented in the RealFFT
[15] library which uses RustFFT to compute the resulting complex transform. Future
work could include comparing the performance of these two solutions.
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2.3.3 Modification of Welch’s method

A fast convolution filter bank (FCFB) algorithm described later in section 2.4 starts
by taking overlapping blocks of an input signal and applying FFT to the blocks. This
step is similar to that performed in Welch’s method. The similarity suggests it could
be possible to re-use the same FFT results for both spectrum analysis and filter
bank algorithms. Welch’s method, however, normally applies a window function to a
block before applying a Fourier transform. FCFB typically uses a rectangular FFT
window, whereas spectrum analysis typically requires some other window function
to reduce spectral leakage. This difference prevents direct re-use of FFT results for
both algorithms.

To solve this problem, the program uses a modification of the Welch’s method.
Windowing of a signal in time domain before a discrete Fourier transform (DFT) is
equivalent to a circular convolution after the DFT in frequency domain. Thus, an
FFT performed with a rectangular window can be followed by a circular convolution
with the Fourier transform of the window function. Usually, this modification would
not be useful, since a convolution in frequency domain requires more computation
than an equivalent multiplication in time domain. In this case, however, it allows
significant reduction in the total computational complexity since the same FFT
results can be re-used for two purposes.

One of the simplest window functions to implement using this method is the
Hann window. Hann window for an FFT of length N can be defined as

w(n) = 1 − cos 2πn

N
, n ∈ Z, 0 ≤ n < N. (4)

Equation 4 can be seen as a sum of a constant term and a single sinusoid. In
frequency domain it can be seen as a Fourier series having 3 frequency components.
The constant term appears at frequency 0 having a value of 1. The cosine term
appears at bins numbered ±1 with a value of −0.5. Equivalent of Hann windowing
can be thus implemented in frequency domain as a circular convolution with a
function having 3 non-zero values. Because one of these values is 1 and two of
these have the same value, only one multiplication per bin is required to compute
the convolution. This slightly reduces the amount of computation compared to the
general case of a 3-tap filter which would require 3 multiplications. Given an FFT
result F of size N , an equivalent Hann windowed result Fhann is computed as

Fhann(n) = F (n) − 0.5
(︃

F
(︂
(n − 1) mod N

)︂
+ F

(︂
(n + 1) mod N

)︂)︃
. (5)

Rest of the algorithm corresponds to the usual Welch’s method. Squared magni-
tudes of Fhann are averaged over multiple blocks to produce an estimate of power
spectral density for each frequency bin.

2.4 Digital down-conversion
When demodulating a radio signal, a typical first step is to shift its center frequency
to zero and reduce its sample rate before further processing. This is called digital
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Figure 2: Structure of a fast convolution filter bank. [16]

down-conversion. To simultaneously demodulate multiple radio signals of varying
center frequencies, an efficient algorithm to implement multiple parallel digital down-
converters is beneficial. Various filter bank algorithms may be used for this purpose.

A fast-convolution filter bank (FCFB) [16] was chosen for this work. A fast-
convolution filter bank takes overlapping blocks of input samples and applies FFT
to them. For each output channel, it takes a number of frequency domain bins from
these FFT results, multiplies the bins by frequency domain weighting coefficients
and applies inverse fast Fourier transform (IFFT) to transform the signal back into
time domain. In an overlap-save algorithm, overlapping parts of the IFFT results
are discarded. This structure is illustrated in figure 2.

One advantage of FCFB is flexibility in choice of bandwidths and center frequen-
cies of output channels. Additionally, FCFB can be made to use the same FFT
computations as the spectrum analyzer as explained in section 2.3.3.

2.4.1 Filter design

Fast-convolution filter bank uses circular convolution to approximate linear convolu-
tion. This results in cyclic distortion of filtered signals. In frequency domain, this
cyclic distortion appears as spurious responses known as modulated tones. Stop-band
response of a filter is typically dominated by these modulated tones. Since the design
of frequency domain weights affects the amount of cyclic distortion, weights may be
optimized to maximize stop-band attenuation of a filter. [16]

An FCFB was initially implemented in Python and tested with various parameters.
A range of frequencies was fed into the filter bank and total output power of a single
filter was plotted. This can be used to test the frequency response of a filter and
particularly its stop-band attenuation.

For these tests, a relatively short input FFT size of 256 was used. This makes the
results easier to visualize compared to a larger input FFT size. A more important
parameter is the IFFT size used for each filter since that affects the design of the
frequency domain weighting coefficients. Overlap factor of 1/4 was used.
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Figure 3: Effect of IFFT size and transition band width on frequency response.

Effects of IFFT size and transition band width on frequency response were tested
with several combinations of parameters. Raised cosine shape was used for the
weights. Results are shown in figure 3. Effects on modulated tones are also relevant
for filter design but plotting them was left out of the scope for these tests.

The results show that stop band rejection depends primarily on the transition
bandwidth. A wider transition band allows a higher stop band rejection. Pass band
response closely follows the weighting coefficients.

Sharper transition band typically results in a reduced stop-band rejection and
a higher level of modulated tones. [17] suggests a transition band width of 6 to 10
bins is sufficient for most use cases.

For sample rates below some limit, a multi-stage decimation chain using FCFB
followed by another decimation filter may be required. Computational complexity
of the complete decimation chain can be minimized by implementing most of the
decimation factor using the FCFB. This means using the smallest feasible IFFT
size. The minimum feasible IFFT size is determined by the narrowest transition
bandwidth allowing sufficient stop-band rejection. For a given transition bandwidth,
the smallest possible IFFT size is twice the number of transition band weights because
two transition bands must fit within the total bandwidth of the filter. Optimization
of filter coefficients may improve stop-band rejection for a given transition bandwidth
and thus allow using a smaller IFFT. Sampling phase can be also optimized to
minimize cyclic distortion [16]. Optimization methods for filter bank coefficients
have been proposed in [16] and [17]. Optimization of filter bank coefficients was left
outside the scope of this thesis.

Strict requirements were not specified for the value of stop-band attenuation or
level of modulated tones. Insufficient stop-band attenuation may cause a strong
out-of-band signal to interfere with a weak in-band signal. This may cause an
apparent reduction in signal-to-noise ratio (SNR) or an incorrect interpretation of
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the frequency of a radio transmission. The value of stop-band attenuation required
to avoid these effects depends on the expected dynamic range of received signals.
Similar effects may be also caused by other phenomena, such as phase noise or
spurious tones in the sampling clock of a receiver or by intermodulation distortion in
a receiver. The dynamic range of the complete receiving system is determined by a
combination of all these factors. To minimize degradation of receiver performance
due to the choice of signal processing parameters, spurious responses resulting from
signal processing should ideally be less than the level of spurious responses resulting
from receiver hardware.

Spurious free dynamic range of the LTC2208 ADC [18] used in RX888 [11] has a
typical value of 100 dB for frequencies in the HF range. None of the filter shapes
tested achieves a stop band rejection of over 100 dB on all frequencies, so future work
could include further optimization of filter parameters.

2.4.2 Choice of algorithm

Figure 4: Comparison of overlap-add and overlap-save algorithms in a fast convolution
filter bank.

Overlap-save algorithm is typically preferred for its better numerical properties
[16]. For comparison, an overlap-add algorithm was also tested. Result is shown in
figure 4.

Overlap-save algorithm usually uses a rectangular window for the input FFT. As
a possible alternative, a Tukey window was also tested. Figure 5 shows a detailed
view around transition band using both a rectangular window and a Tukey window
having a taper of 32 samples. To emphasize the effect of tapering on stop-band
attenuation, a relatively narrow transition band width of only 8 bins was used for
this test.
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Figure 5: Effect of input window function in a fast convolution filter bank.

Tapering of the input window was found to result in an increased stop-band
rejection for frequencies far away from the filter pass-band but reduced stop-band
rejection for frequencies close to the pass-band. This test shows that the stop-band
rejection of an overlap-and-add algorithm with tapered input window may outperform
the conventional overlap-and-save algorithm. Future work may include testing the
level of modulated tones to make a more detailed comparison of different algorithms.
Such a comparison was left out of the scope in this work. For this reason, the more
widely used overlap-and-save algorithm was chosen for further implementation in
the signal processing software developed in this work.

With appropriate choice of IFFT size and frequency domain weighting coeffi-
cients, a rectangular input window can achieve sufficient stop-band rejection over
a broad frequency range, so the simpler rectangular window was chosen for the
implementation.

2.4.3 Other considerations

In addition to FFT and IFFT sizes and weights, design of an FCFB includes
parameters such as choice of an overlap factor. In this work, overlap factor was fixed
as 1/4 to simplify implementation.

The output sample rate of a channel is determined by the product of the IFFT size
and the bin spacing. The IFFT size should be an integer multiple of the denominator
of the overlap factor, since otherwise the number of overlapping samples would not
be an integer. For an overlap factor of 1/4, IFFT size should be a multiple of 4.

In general case, a blockwise phase rotation is needed after the IFFT to achieve
phase continuity [16]. If center frequency is a multiple of 4 bins (for an overlap of
1/4), the blockwise phase rotation becomes multiplication by 1 and can be thus
omitted from the algorithm. Implementation was simplified by limiting the choice of
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center frequencies to multiples of 4.

2.5 Software interfaces
Spektri is designed to interface to other programs. Interfaces are needed for signal
input, spectrum data output, filter bank output and configuration. Spektri is
configured by command line arguments.

2.5.1 Signal input interface

Spektri reads its input signal from the standard input stream (stdin). This allows
piping signal into Spektri from other programs, such as programs interfacing to
receiver hardware. Interfacing to receivers in a separate program avoids the need to
implement support for radio hardware directly in Spektri. Input signal be also read
from a file by redirecting stdin from a file.

2.5.2 Output interface

Spectrum estimates and output channels from the filter bank should be available
for other processes through some inter-process communication mechanism. Spektri
uses ZeroMQ [19], a messaging library supporting several messaging patterns and
transport mechanisms. Results are sent into a ZeroMQ publish (PUB) socket. Other
programs can subscribe to the socket to receive data from Spektri.

2.5.3 Interfacing to other software

The ZeroMQ interface was designed for use by Spektri and its associated tools. It is
not currently supported by any other software. Interfacing to other existing software,
however, is possible by using additional programs to convert ZeroMQ messages from
Spektri to other protocols or interfaces. An example of this is found in section 3.5
where a received signal is fed into a program that normally reads demodulated audio
from a sound card.

2.6 Visualization of spectrum data
Spectrum estimates can be visualized using a spectrogram. A spectrogram is a
two-dimensional representation with frequency on one axis and time on the other
axis. Color at each point corresponds to an estimate of the power spectral density.

A spectrogram viewer program was developed to plot spectrum data files produced
by Spektri. The visualization program is written in the JavaScript programming
language and runs in a web browser.

The system was tested by feeding a frequency sweep from the test signal generator
into Spektri. Spectrum data was stored in a file and the file was loaded in the
spectrogram viewer. Figure 6 shows a screenshot of the spectrogram viewer with
this test data.
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Figure 6: A screenshot of the developed spectrogram visualization tool. The tool
was developed to analyse observations (see Section 3.1) but in this screen capture
the tool was tested to analyse sweep test results. See text for details of the tool.

Frequency is on the horizontal axis with lower frequencies towards left and higher
frequencies towards right. Time is on the vertical axis with earlier measurements
towards top and later measurements towards bottom. Brighter color corresponds to
a higher power spectral density.

The spectrogram viewer has a graphical user interface (GUI) for adjusting visu-
alization parameters. Spectrograms can be zoomed and scrolled in both time and
frequency axes. When a mouse cursor is pointed at the spectrogram, the program
displays the time and frequency at the point under the mouse cursor. A mouse cursor
is shown in the screenshot to demonstrate this feature.

2.7 Testing fast convolution filter bank
FCFB was tested using a frequency sweep from the test signal generator. Filtered
signals using various combinations of parameters were stored in files. Output wave-
forms from two filter channels are shown in figure 7. The first filtered channel uses
an IFFT size of 32 and the second channel uses an IFFT size of 64. These two filters
also have different center frequencies.

Raised cosine frequency response of the filter passband can be clearly seen in
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Figure 7: Output signals from fast-convolution filter bank. Upper two waveforms
are real and imaginary parts from the first filter channel (IFFT size 32). Lower two
waveforms are from the second filter channel (IFFT size 64).

Figure 8: Zoomed view of an output signal from fast-convolution filter bank. Upper
waveform is the real part and lower waveform is the imaginary part.

these waveforms. To show the stopband response more clearly, a closer view of a
part of the upper signal is shown in figure 8. This is a part where the frequency
sweep has just moved outside of the filter passband. The waveform contains periodic
peaks resulting from the cyclic distortion produced by an FCFB.

2.8 Demodulator
For sufficiently wide-band signals, a fast-convolution filter bank may be directly used
as a channel filter. For low signal bandwidths or resampling to a relatively low sample
rate, a second filtering or decimation stage may be required after the filter bank. [16]

Center frequency of the downconversion performed by the filter-bank is limited to
integer multiples of the FFT bin width. For some applications, more precise tuning
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may be required. An additional frequency mixing stage after the filter bank allows
fine tuning of the center frequency.

A second mixing stage followed by a resampler and a second filtering stage was
implemented as a separate program. The program also includes demodulators for
amplitude modulation (AM) and single sideband modulation (SSB). The resampler
stage is implemented using a polyphase finite impulse response (FIR) filter. The
demodulator program was also tested using frequency sweeps from the test signal
generator.
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3 Testing and measurement setups
HF reception system was built by connecting an RX888 to a personal computer
(PC) and an antenna. RX888 can be controlled using the libsddc [20] library. A test
program sddc_stream_test from libsddc was modified to allow continuous streaming
of samples. Samples from the resulting sddc_stream program were piped into Spektri.

3.1 First spectrum measurements
RX888 was connected to a laptop computer and a ground mounted vertical monopole
antenna. The vertical part consisted of approximately 7 m of wire suspended from a
tree. The monopole was fed against a ground system consisting of a short ground
rod and two radial wires. The monopole wire was directly connected to the center
conductor of the coaxial feedline. Ground system was connected to the shield. A
common mode choke was used to reduce coupling of noise from the measurement
computer and mains power into the antenna system. The choke was constructed by
winding a part of the coaxial feedline on a toroidal ferrite core.

The measurement was started in April 30th 2021 12:52:29 UTC. Sample rate was
chosen as 100 MHz. FFT size was 16384.

Figure 9 shows a spectrogram of the measurement. The figure is zoomed out to
show the whole 0–50 MHz determined by the sample rate.

Figure 9: Spectrogram of first HF spectrum measurement test. The spectrogram
shows frequencies from 0 Hz (left) to 50 MHz (right).

The measurement was run for approximately 12 hours. Changes in HF propagation
with time of day are clearly visible during the measurement. The measurement was
started in daytime (top of the figure) and ended in nighttime (bottom of the figure).
A zoomed view of daytime measurements is shown in figure 10 and nighttime
measurements in figure 11. Zoom level was chosen such that each pixel corresponds
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to one FFT bin and one stored measurement record. Exact time window of the view
is not known because storage of timestamps was not implemented yet.

Figure 10: Closer view of measurements shown in figure 9. The spectrogram shows
frequencies from 3052 kHz (left) to 11 285 kHz (right).

Figure 11: Closer view of measurements shown in figure 9. Settings are the same as
in figure 10 except for a different time window.

Some interesting frequencies are marked on these figures. Frequency ranges
5.9–6.2 MHz, 7.2–7.45 MHz and 9.4–9.9 MHz are used for shortwave broadcasting
using amplitude modulation (AM). Several strong signals can be seen within these
frequencies. Frequency ranges 3.5–3.8 MHz and 7.0–7.2 MHz are used for amateur
radio communications.

Higher frequencies can be seen propagating better in the daytime whereas lower
frequencies propagate better in the nighttime. These differences are caused by
sunlight varying ionization of different layers of the ionosphere.

Some diagonal lines can be seen particularly around 9 MHz. These may be
frequency sweeps transmitted by ionosondes.

Compression of the measurement data was tested using the bzip2 compression
program. Uncompressed data had a size of 489623552 bytes and the bzip2-compressed
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file had a size of 107474069 bytes. In this case, compression reduced size of the
spectrum data file to 22 % of the uncompressed size.

3.2 RX888 hardware modifications
3.2.1 Improved low frequency response

RX-888 has a bias tee with 10 µH inductor in the HF input [11]. The bias tee
is intended to supply power to an external preamplifier through the coaxial cable
that also carries the received RF signal. The inductor appears approximately as a
shunt inductor for radio frequency signals, forming a high pass filter that attenuates
low-frequency signals. To improve low frequency response of the circuit, the inductor
was removed from the circuit by cutting a trace on the printed circuit board (PCB).

3.2.2 Remote reset of the microcontroller

During initial experiments, it was found that the RX888 occasionally stops working
after terminating the sddc_stream program. Disconnecting and reconnecting the
USB cable was required to restore functionality. Disconnecting the cable disconnects
the power supply to the FX3 microcontroller, resetting the microcontroller and
allowing the firmware to be brought back to its initial state. Following reset, the
microcontroller is in device firmware upgrade (DFU) mode [21]. The sddc_stream
program uses DFU to upload firmware into the microcontroller. Due to this behavior,
reset is also required to update the firmware running on the microcontroller.

To allow resetting the microcontroller remotely, a wire was soldered to its reset
pin on the PCB. The reset wire was connected through a diode into the data output
pin of a USB serial adapter connected to the measurement computer. Transmitting
a zero byte to the serial port momentarily pulls the reset pin to logic zero, resetting
the microcontroller.

3.3 Setup for longer measurements
A long-term measurement setup was installed at a radio station of an amateur radio
association. The radio station provides infrastructure such as an equipment rack
for receiver and computer hardware, network connectivity, antenna cabling, surge
protection and the possibility to install antennas on the roof of a building.

3.3.1 Antenna

Initial testing of the receiving system was done using a discone antenna that was
already installed at the radio station. The antenna was later replaced with an
electrically small untuned loop antenna.

For best reception, an antenna should be sensitive enough so that external
background noise dominates over receiver noise. A receiving system consisting of an
untuned loop antenna with a 1 m diameter and a receiver with a 5 dB noise figure
makes receiver internal noise floor comparable to typical background noise floor of
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Figure 12: Structure of a loop antenna
with an integral balun.

Figure 13: Untuned loop antenna
installed.

a residential area [22]. A loop antenna was constructed using the integral balun
structure described in [22] and illustrated in figure 12. In one half of the antenna,
a section of coaxial cable works both as a part of the radiating structure and as
a part of transmission line connecting the antenna to the receiver. The other half
can be a single conductor but the same type of coaxial cable was used to simplify
construction. Connection of the center conductor is not important in the latter half
since the cable is not used as a transmission line. Coaxial feed line going to the
receiver is connected to the loop at a point opposite to the feedpoint. This makes
the antenna structure symmetrical even with the feed line connected, avoiding the
need for a separate balun.

Diameter of the constructed loop is approximately 70 cm. The dimensions were
primarily determined by the availability of materials and mechanical stability. Since
the receiving system is placed in an area with a relatively high background noise,
even a smaller antenna was assumed to be sufficient for the background noise to
dominate over receiver noise. Figure 13 shows the constructed antenna installed
above the roof of a building.
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3.3.2 Filtering and protection
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Figure 14: Simulation model of a
Chebyshev filter.
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Figure 15: Frequency response of the model in
figure 14.
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Figure 16: Simulation model of an
improved filter design.

0 1e7 2e7 3e7 4e7 5e7 6e7 7e7 8e7 9e7 1e8 1.1e8 1.2e8 1.3e8 1.4e8 1.5e8 1.6e8 1.7e8 1.8e8 1.9e8 2e8
-60

-57

-54

-51

-48

-45

-42

-39

-36

-33

-30

-27

-24

-21

-18

-15

-12

-9

-6

-3

0

3

frequency

frequency

frequency

S
2
1
_
d
B

S
1
1
_
d
B

S
3
1
_
d
B

frequency: 6.56e+07
S21_dB: -15.6
frequency: 6.56e+07
S21_dB: -15.6

frequency: 5.2e+07
S21_dB: -0.883
frequency: 5.2e+07
S21_dB: -0.883

frequency: 8.75e+07
S21_dB: -44.7
frequency: 8.75e+07
S21_dB: -44.7

frequency: 1.08e+08
S21_dB: -43.2
frequency: 1.08e+08
S21_dB: -43.2

Figure 17: Frequency response of the model in
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RX888 was found to have insufficient analog filtering to avoid aliasing of frequency
modulated (FM) broadcast signals in the frequency range of 87.5–108 MHz. To
improve alias rejection of the RX888, a low pass filter was added in between the
antenna and the RX888.

The filter was designed by starting with a Chebyshev low-pass filter design
calculated using the Quite Universal Circuit Simulator (Qucs) filter design tool.
Parameters were chosen to pass frequencies up to 52 MHz with minimal attenuation
while having the −3 dB point of the response near the Nyquist frequency. Figure 14
shows a simulation model of the initial filter design. Figure 15 shows the simulated
frequency response of the resulting filter design.
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Figure 18: Photograph of the constructed
filter circuit.

Figure 19: Measured frequency response
of the constructed filter circuit.
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Figure 20: Schematic of the constructed filter circuit.

The design was modified by adding an inductor L3 in series with the capacitor
C2 to add a notch in the frequency response. The notch maximizes rejection of FM
broadcast signals. Component values were then slightly adjusted to reduce pass-band
ripple.

The filter design was further modified to convert it from a low-pass filter into
a diplexer combining both low-pass and high-pass branches. This is achieved by
replacing the first shunt capacitor C1 with a connection to an LC high-pass filter
circuit. Figure 16 shows a simulation model of the modified filter design. Figure 17
shows the simulated frequency response of the filter. Inductor L31 is used to model
the parasitic inductance of the capacitors C3. Capacitors C11 and C21 model the
parasitic capacitance of the inductors L1 and L2. The effect of these parasitics on
the frequency response of the filter was found to be negligible, so the exact values of
these parasitics are not critical.
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The high-pass branch in port P3 may be connected to the tuner input of RX888
or to a separate receiver tuned to higher frequencies. This allows using a single
antenna to receive a broader frequency range, potentially extending the frequency
range of the spectrometer system. In this work, port P3 is not used for reception,
since this work focuses on receiving frequencies in the HF range. Instead, the port is
terminated by a 50 Ω resistor.

The filter was constructed as shown in figure 18. Figure 20 shows a detailed
schematic of the constructed filter. Frequency response of the constructed filter was
measured using a vector network analyzer (VNA) and the result is shown in figure
19.

The circuit includes two-stage surge protection implemented by the gas discharge
tube GDT1 and diodes D1 and D2. The GDT implements the first protection stage.
It limits voltage in the antenna port by shunting most of the surge current to ground.
Diodes implement the second protection stage, limiting voltage in the output port.
Capacitor C4 adds series impedance to separate these two protection stages, limiting
current through the diodes. The capacitor also blocks DC and attenuates very low
frequencies. This prevents conduction of the protection diodes in case there is some
DC offset voltage or low frequency noise in the antenna port.

Resistors R1, R2 and R3 keep the DC voltage on each port close to zero. R1
drains static charges which may build up on an antenna. R2 ensures the bias voltage
across the protection diodes remains close to 0 V.

Diodes D1 and D2 have a significant shunt capacitance which affects the frequency
response of the filter. Capacitance of two 1N4005 diodes in parallel was measured
using a VNA. At 52 MHz, it was 34 pF with an equivalent series resistance (ESR) of
28 Ω. The diode capacitance forms part of the output shunt capacitance of the filter.
Diode capacitance was subtracted from the value of the capacitor C3 to obtain a
total capacitance approximately corresponding to the simulation. The ESR of the
diode capacitance adds some loss to the circuit which may explain the measured S21
values being slightly lower than simulated.

3.4 Receiving SSB audio
Reception of narrow band channels was tested by demodulating single sideband
(SSB) voice communications on amateur radio frequencies. Based on spectrum
measurements of figure 10, 3699 kHz was chosen as a frequency having regular
activity. The demodulator program was used to process a channel from FCFB.
Demodulated audio was sent to an Icecast streaming media server to allow listening
to it over Internet. Waveform of an audio recording is shown in figure 21.

3.5 Receiving amateur radio digital modes
Amateur radio transmissions can be used to monitor HF radio wave propagation.
Some amateur radio digital communication protocols include the location of the
transmitter in each transmission, making them a good candidate for automated
monitoring of propagation paths. Protocols with automatic transmission of location
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Figure 21: Waveform of demodulated audio from voice communications on 3699 kHz
lower sideband (LSB). The signal was received on 21st February 2022 around 15:18
UTC.

Figure 22: Propagation paths visualized using PSK Reporter. [23]

include Weak Signal Propagation Reporter (WSPR) and FT-8. These protocols can
be decoded using the WSJT-X [24] software.

WSJT-X is designed to receive audio from an analog SSB radio receiver through
a sound card. Demodulated SSB signal from the demodulator program was fed into
WSJT-X by using PulseAudio to make the receiving system appear as a virtual
sound card for applications.

WSJT-X is able to send reception reports to PSK Reporter [23], a service that
collects reception reports from multiple radio stations on multiple frequency bands. It
can be used to monitor propagation of radio waves over a large number of propagation
paths. Reported radio stations can be drawn on a map to visualize these paths.
Figure 22 shows an example of such a map, showing FT-8 radio stations received
using WSJT-X and the HF reception system.
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3.6 Space weather observations

Figure 23: HF spectrogram during a solar flare. The spectrogram shows frequencies
from 0 Hz (left) to 42.1 MHz (right). Time window is from 08:00 UTC (top) to 09:20
UTC (bottom).

Although the scope of this thesis does not include data analysis, it is interesting
to note that the measurement results include an interesting HF observation related
to space weather. A solar flare was observed on October 11th 2022. A spectrogram
in figure 23 shows a sudden reduction in signal strength of several broadcast stations
after 08:41 UTC. Increase in background noise is visible over a broad bandwidth
from 16 MHz up to 51 MHz.
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4 Summary
A HF radio receiving system based on a direct sampling receiver was built in this
work. Using computationally efficient signal processing algorithms, the software
developed in this work is able to process data in real time at the maximum sample
rate of the RX888 receiver. The system has been collecting measurement data nearly
continuously for 14 months. No unexpected interruptions were observed during this
period, indicating the system is sufficiently reliable for continuous ground based
measurements.

Future work could include further optimization of software, miniaturization of
hardware and development of additional measurement applications.



34

References
[1] J. Mäkelä, “Electromagnetic signatures of lightning near the HF frequency band,”

2010.

[2] E. H. Armstrong, “A new system of short wave amplification,” Proceedings of
the Institute of Radio Engineers, vol. 9, no. 1, pp. 3–11, 1921.

[3] “Kjell Henriksen observatory.” http://kho.unis.no/. Visited 28 Sep. 2022.

[4] J. Vierinen, M. Floer, M. Syrjäsuo, and P. Nilsson, “Software defined radio
ionosonde.” https://github.com/jvierine/ionosonde. Visited 26 Sep. 2022.

[5] W. Erickson, “The Bruny Island radio spectrometer,” Publications of the Astro-
nomical Society of Australia, vol. 14, no. 3, pp. 278–282, 1997.

[6] R. I. Barnes, M. Singh, and F. Earl, “An HF and lower VHF spectrum assessment
system exploiting instantaneously wideband capture,” Radio Science, vol. 52,
no. 9, pp. 1081–1095, 2017.

[7] H. G. James, E. P. King, A. White, R. H. Hum, W. H. H. L. Lunscher, and
C. L. Siefring, “The e-POP Radio Receiver Instrument on CASSIOPE,” Space
Science Reviews, vol. 189, pp. 79–105, June 2015.

[8] E. Kallio, A. Kero, A.-M. Harri, A. Kestilä, A. Aikio, M. Fontell, R. Jarvinen,
K. Kauristie, O. Knuuttila, P. Koskimaa, J. Loyala, J.-M. Lukkari, A. Modabbe-
rian, J. Niittyniemi, J. Rynö, H. Vanhamäki, and E. Varberg, “Radar—CubeSat
Transionospheric HF Propagation Observations: Suomi 100 Satellite and EIS-
CAT HF Facility,” Radio Science, vol. 57, no. 10, p. e2022RS007516, 2022.
e2022RS007516 2022RS007516.

[9] M. Parrot, U. Inan, N. Lehtinen, E. Blanc, and J. L. Pinçon, “HF signatures of
powerful lightning recorded on DEMETER,” Journal of Geophysical Research:
Space Physics, vol. 113, no. A11, 2008.

[10] A. R. Jacobson, S. O. Knox, R. Franz, and D. C. Enemark, “FORTE
observations of lightning radio-frequency signatures: Capabilities and basic
results,” Radio Science, vol. 34, no. 2, pp. 337–354, 1999.

[11] J. Peng and H. Su, “Schematic diagram of RX888.” https://github.com/
ik1xpv/ExtIO_sddc/blob/dfab9fcc936431d1ce54694de13f11242d718602/
hardware/RX888/rx888-v1.0-20200515.pdf, Feb. 2021.

[12] E. Mahler, “RustFFT is a high-performance FFT library written in pure Rust.”
https://docs.rs/rustfft/6.1.0/rustfft/. Visited November 2022.

[13] The Rust Project Developers, “Rayon: A data parallelism library for Rust.”
https://docs.rs/rayon/1.5.1/rayon/. Visited 30 December 2022.

http://kho.unis.no/
https://github.com/jvierine/ionosonde
https://github.com/ik1xpv/ExtIO_sddc/blob/dfab9fcc936431d1ce54694de13f11242d718602/hardware/RX888/rx888-v1.0-20200515.pdf
https://github.com/ik1xpv/ExtIO_sddc/blob/dfab9fcc936431d1ce54694de13f11242d718602/hardware/RX888/rx888-v1.0-20200515.pdf
https://github.com/ik1xpv/ExtIO_sddc/blob/dfab9fcc936431d1ce54694de13f11242d718602/hardware/RX888/rx888-v1.0-20200515.pdf
https://docs.rs/rustfft/6.1.0/rustfft/
https://docs.rs/rayon/1.5.1/rayon/


35

[14] H. Sorensen, D. Jones, M. Heideman, and C. Burrus, “Real-valued fast fourier
transform algorithms,” IEEE Transactions on Acoustics, Speech, and Signal
Processing, vol. 35, no. 6, pp. 849–863, 1987.

[15] H. Enquist, “RealFFT: Real-to-complex FFT and complex-to-real iFFT based on
RustFFT.” https://docs.rs/realfft/3.1.0/realfft/. Visited November
2022.

[16] M. Renfors, J. Yli-Kaakinen, and F. J. Harris, “Analysis and Design of Efficient
and Flexible Fast-Convolution Based Multirate Filter Banks,” IEEE Transactions
on Signal Processing, vol. 62, pp. 3768–3783, Aug. 2014.

[17] M.-L. Boucheret, I. Mortensen, and H. Favaro, “Fast convolution filter banks for
satellite payloads with on-board processing,” IEEE Journal on Selected Areas
in Communications, vol. 17, no. 2, pp. 238–248, 1999.

[18] “LTC2208: 16-Bit, 130Msps ADC.” https://www.analog.com/en/products/
ltc2208.html.

[19] “ZeroMQ: An open-source universal messaging library.” https://zeromq.org/.
Visited 31 December 2022.

[20] F. Venturi, “libsddc - a low level library for wideband SDR receivers.” https:
//github.com/fventuri/libsddc. Visited 30 December 2022.

[21] Cypress, “EZ-USB FX3™ SuperSpeed USB 3.0 pe-
ripheral controller.” https://www.cypress.com/products/
ez-usb-fx3-superspeed-usb-30-peripheral-controller.

[22] O. Duffy, “Small untuned loop for receiving - it’s not rocket science.” https:
//owenduffy.net/blog/?p=18180, July 2020.

[23] P. Gladstone, “Digimode automatic propagation reporter.” https://
pskreporter.info/. Visited 27 Dec. 2022.

[24] J. Taylor, “Weak signal communication software.” https://wsjt.sourceforge.
io/wsjtx.html. Visited 31 December 2022.

https://docs.rs/realfft/3.1.0/realfft/
https://www.analog.com/en/products/ltc2208.html
https://www.analog.com/en/products/ltc2208.html
https://zeromq.org/
https://github.com/fventuri/libsddc
https://github.com/fventuri/libsddc
https://www.cypress.com/products/ez-usb-fx3-superspeed-usb-30-peripheral-controller
https://www.cypress.com/products/ez-usb-fx3-superspeed-usb-30-peripheral-controller
https://owenduffy.net/blog/?p=18180
https://owenduffy.net/blog/?p=18180
https://pskreporter.info/
https://pskreporter.info/
https://wsjt.sourceforge.io/wsjtx.html
https://wsjt.sourceforge.io/wsjtx.html

	Abstract 
	Abstract (in Finnish)
	Contents
	Symbols and abbreviations
	1 Introduction
	1.1 Radio wave propagation and emissions on HF
	1.2 HF receiver technology
	1.3 Ground based measurements
	1.4 Space based measurements
	1.5 Choice of receiver hardware

	2 Software
	2.1 Platform
	2.2 Test signal generator
	2.3 Spectrum analyzer
	2.3.1 Parallelization
	2.3.2 Optimization for real-valued input
	2.3.3 Modification of Welch's method

	2.4 Digital down-conversion
	2.4.1 Filter design
	2.4.2 Choice of algorithm
	2.4.3 Other considerations

	2.5 Software interfaces
	2.5.1 Signal input interface
	2.5.2 Output interface
	2.5.3 Interfacing to other software

	2.6 Visualization of spectrum data
	2.7 Testing fast convolution filter bank
	2.8 Demodulator

	3 Testing and measurement setups
	3.1 First spectrum measurements
	3.2 RX888 hardware modifications
	3.2.1 Improved low frequency response
	3.2.2 Remote reset of the microcontroller

	3.3 Setup for longer measurements
	3.3.1 Antenna
	3.3.2 Filtering and protection

	3.4 Receiving SSB audio
	3.5 Receiving amateur radio digital modes
	3.6 Space weather observations

	4 Summary
	References

