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DEVELOPMENT OF HARDWARE-

SOFTWARE MODEL FOR SIGNAL 

SPECTRUM COMPUTATION USING 

FAST FOURIER TRANSFORM BASED 

ON FPGA

The object of research is the implementation methods of an adaptive hardware-software model for signal spectrum analysis using 
Fast Fourier Transform (FFT), implemented on a Field-Programmable Gate Array (FPGA) followed by processing in the software part. 
This solution combines the advantages of hardware acceleration and software flexibility. The proposed model is aimed at solving the 
problem of creating an efficient tool for real-time signal processing, taking into account limitations in accuracy, latency, resource usage, 
and data retention for further processing and analysis. The model is designed with scalability in mind, both in terms of increasing the 
number of processing channels and extending the FFT length and precision level. Its development included stages of modeling, synthesis, 
debugging, and testing close to real-world conditions. The structure of the model was thoroughly designed, data representation formats 
and rounding procedures were optimized, and the FFT algorithm was adapted to the specifics of the chosen platform. Altogether, this 
ensured high accuracy of spectral analysis and efficient use of FPGA resources, as confirmed by experimental data. Practical testing of the 
system in real time was conducted, during which such parameters as result accuracy and power consumption were evaluated, consider-
ing the efficient use of logic elements and memory blocks. The obtained results logically reflect the advantages of the hardware-software 
implementation, the usage of optimized data formats and rounding procedures, as well as the successful adaptation of the FFT algorithm. 
This allowed achieving a balance between high spectral analysis accuracy at the level of 3.97 kHz with an FFT length of 16,384, a two-
fold reduction in the required memory size, and a 0.25 ms decrease in FFT result transmission time. The practical applications of the 
developed model cover a wide range of fields, including embedded signal processing systems, modern real-time measurement devices, as 
well as mobile or energy-efficient systems, where real-time processing under low power consumption is critical. Thanks to its versatility, 
the model can be integrated into more complex digital signal processing systems, expanding their functionality.

Keywords: model, Fast Fourier Transform, Field-Programmable Gate Array, Python, magnitude, rounding, accuracy, telecom-
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1. Introduction

In the modern world, digital signal processing is a critically impor-
tant component of numerous technologies – from consumer devices to 
high-end scientific systems. Among the methods that enable the trans-
formation of signals from the time domain to the frequency domain, 
the Fast Fourier Transform (FFT) holds a key position. Its applications 
span spectral analysis, telecommunications, medical diagnostics, radar 
systems, and autonomous platforms. With the growing prevalence of 
real-time computing systems, there is an increasing demand for high-per-
formance, energy-efficient, and integrated solutions for FFT computation.

Despite many years of experience in using FFT, several important 
challenges still require more optimal solutions. These include the high-
power consumption of classical implementations, the relative complex-
ity of hardware realization of algorithms with complex arithmetic, low 
efficiency when processing large data arrays, and limited scalability of 
existing architectures. Many current implementations are tailored for 
use under fixed parameter conditions, which complicates their deploy-
ment in flexible or multifunctional systems.

Literature sources indicate an active search for new approaches to 
FFT implementation based on Field-Programmable Gate Arrays (FPGAs).  
For instance,  [1] proposes a novel P-parallel FFT architecture that 
optimizes the number of multiplexers and memory utilization by man-
aging access and merging memory banks. It is shown that the FPGA-
based implementation demonstrates high hardware efficiency, making 
it promising for use in high-performance and compact systems such 
as 6G communication platforms. However, the evident advantages of 
this solution do not optimize the use of embedded FPGA memory 
resources, which is an important factor for applying the FFT algorithm 
in modern hardware.

In [2], the research of a high-performance 64-parallel FFT archi-
tecture based on memory with a length of 4096 points is investigated. 
This architecture is optimized for low latency and high throughput 
and is intended for use in 6G communication systems. However, it 
has limited scalability potential due to the specifics of the 64-parallel 
algorithm, which requires significant additional FPGA resources and 
does not support increasing the transform length, thereby limiting the 
spectral resolution of the solution.
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Work [3] is dedicated to the development of a high-performance 
and flexible FFT architecture based on reconfigurable mixed-radix 
algorithms, featuring twiddle factor compression and conflict-free 
memory access, aimed at enhancing throughput and adaptability. 
The authors present optimization results for an implementation using 
a  40 nm CMOS technology.

Thus, works [1–3] are focused on static optimization, namely im-
proving FFT implementations targeted at specific tasks. However, they 
do not offer flexibility or scalability. This limitation may complicate 
the use of such models in applications that require higher frequency 
resolution, for instance, when processing complex signals with a wide 
frequency range.

To reduce the impact of errors on digital signal processing mod-
ules,  [4] investigates the effect of architectural choices on error rate, 
common-mode failure rate, and signal-to-noise ratio (SNR) across dif-
ferent FFT architectures. The authors propose a method for detect-
ing the correlation between error rate and FPGA resource utilization, 
which is critical for systems where failures are unacceptable, such as in 
aerospace, nuclear installations, or medical devices.

Methods for improving phase rotation blocks for use in FFT are 
the focus of works [5–8], with particular attention to reliability, perfor-
mance, latency, energy efficiency, and adaptive distortion correction.

In [5], the development of an innovative method for fault classification 
and diagnosis in Coordinate Rotation Digital Computers (CORDIC) 
processors implemented on FPGAs is investigated. The approach com-
bines FFT and Convolutional Neural Networks (CNNs), with a focus 
on enhancing the accuracy of fault detection and classification. However, 
processing accuracy is not addressed.

Study [6] proposes an architecture that reduces hardware resource 
usage by employing radix-16 and CORDIC, enabling rotation compu-
tations without additional multipliers. This results in high performance 
with low power consumption and compactness, as confirmed by FPGA 
testing, where the architecture outperformed traditional radix-2/4 ap-
proaches. The method is intended for use in embedded systems where 
compactness and energy efficiency are critical, such as portable com-
munication devices, IoT sensors, and signal processing systems with 
constrained resources. These systems require high performance with 
minimal latency and hardware overhead.

In [7], a parallel rotator architecture is proposed, which addresses 
computational complexity and reduces processing latency. This sig-
nificantly accelerates FFT computation and reduces overall latency, as 
confirmed by FPGA testing demonstrating increased throughput. The 
solution is relevant for systems that demand high throughput and low 
latency, such as wireless networks, MIMO systems, and other technolo-
gies where parallel processing is essential.

Study [8] focuses on using FFT to increase the accuracy of pulse 
decay detection. The goal is to enable a fast calibration procedure in 
preamplifiers to match different noise spectra and compensate for un-
predictable signal fluctuations.

Studies [9–11] examine the use of FFT in high-speed and special-
ized signal processing systems, focusing on function integration, actual 
performance of FPGA-based solutions, and analytical optimization of 
accuracy and energy efficiency in fixed-point implementations.

The discussed solutions demonstrate potential for enhancing the 
performance and adaptability of FFT. It can be observed that the target 
applications of the reviewed works are either highly specialized or 
structurally complex for broader integration. Specifically, [1,  2]  are 
aimed at 6G communication systems with requirements for low latency 
and high energy efficiency; [3] focuses on software-defined radio (SDR) 
systems with an emphasis on flexibility; [4, 5] address reliability and 
fault diagnostics in critical systems such as aerospace and nuclear technol-
ogies; [6, 7] are oriented toward telecommunications applications (5G, 
OFDM); [8] targets nuclear spectroscopy; [9] addresses optical com-
munication systems  (400G Ethernet); and  [10,  11]  are focused on 

plasma diagnostics and cyclostationary analysis. This highlights the 
relevance of conducting a study dedicated to the development of  
a universal or unified, adaptive, and simultaneously easy-to-implement 
model that combines hardware and software components, offering high 
performance while accounting for constraints in accuracy, throughput, 
energy consumption, and flexibility.

Thus, the need to address the challenge of developing an efficient, 
configurable, and unified architecture for FFT execution in modern sig-
nal processing systems underlines the significance of this research. The 
objective of research is to create an adaptive hardware-software model 
for signal spectrum computation using FFT, which, by leveraging the 
advantages of both software and hardware domains, will provide a bal-
anced trade-off between performance, energy efficiency, and dynamic 
parameter control.

An important advantage of having a software component in the 
model is its potential for integration into complex systems. It should 
be noted that, under real-world conditions, certain computations are 
significantly more efficient when performed in software. For example, 
the MUSIC and ESPRIT algorithms, used for estimating the angle of 
arrival (AoA) in multichannel receiving systems such as antenna arrays, 
provide extremely high resolution and can distinguish signals arriv-
ing at closely spaced angles. However, they require matrix decomposi-
tion, operations with complex numbers, and high-precision arithmetic. 
Implementing these algorithms in hardware, particularly on FPGAs, is 
complicated by their computational complexity and dynamic parame
ter variation. Such adaptability requires a flexible architecture that is 
difficult to realize in hardware. In contrast, FPGAs are optimally suited 
for real-time streaming pre-processing. This hybrid approach allows 
for processor offloading and reduced latency, while high-level analysis 
is performed in the software domain.

To address the outlined challenges, it is necessary to develop an 
integrated hardware-software model that combines the advantages of 
hardware acceleration and software flexibility for FFT computation, 
optimized in terms of performance, accuracy, power consumption, and 
resource utilization. The use of modern approaches to FPGA-based FFT 
design is intended for constructing an optimized hardware-software 
model. The proposed model will enable the implementation of efficient 
and scalable solutions for real-time signal analysis, which is particularly 
relevant for telecommunications, medical diagnostics, radar systems, 
autonomous control, and other fields where real-time spectral process-
ing determines overall system performance.

2. Materials and Methods

The object of this research is the implementation methods of an 
adaptive hardware-software model intended for signal spectral analy-
sis using the Fast Fourier Transform (FFT). Within the scope of the 
research, a pipelined model capable of operating in real time has been 
developed. The goal of the design is to create a system that enables 
efficient signal processing with minimal latency, high accuracy, and 
convenient control. To ensure an optimal and unified implementation 
of the model, the following requirements were defined:

–	 a high-quality modern ADC for test signal input;
–	 inclusion of a reference signal generation block;
–	 implementation of filtering and post-FFT processing mechanisms;
–	 development of a reliable communication protocol for hardware 
control;
–	 integration of systems for data output, compression, and storage;
–	 capability for real-time result visualization.
The proposed hardware part of the model is shown in Fig. 1.
To meet real-time operation requirements, a pipelined FFT with 

decimation-in-time (DIT) was selected. The core idea of the FFT al-
gorithm is to optimize and reduce the number of operations compared 
to the discrete Fourier transform (DFT). When this optimization is  
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applied to a pipelined implementation, inter-
mediate samples become permuted during but-
terfly operations, resulting in output data being 
arranged in bit-reversed order. Thus, pipelined 
FFT implementations by default produce results 
in bit-reversed order. Modern IP cores for pipe-
lined FFT provide the option to output results in 
natural order, but this requires additional mem-
ory for buffering. Since in bit-reversed order the 
sample corresponding to the zero-frequency bin 
is the first result of the pipelined FFT, and the 
sample corresponding to the first-frequency bin 
appears much later, the memory used for reorder-
ing must accommodate the entire FFT output. 
In other words, to obtain FFT results in natural 
order, memory usage requirements are effective-
ly doubled.

This work proposes a method that leverages 
the described properties of FFT for optimization. 
The hardware part of the model outputs the FFT 
results in bit-reversed order, while the reorder-
ing into natural order is delegated to the software 
domain, where buffering memory is no longer a 
bottleneck. By eliminating hardware-based buff-
ering for reordering, the actual data transmission 
latency is reduced. The buffering latency required 
for reordering to natural order at the given sam-
pling rate is

t
Fd

N

s
=

2 ,	 (1)

where td – the buffering delay time, Fs – the sam-
pling frequency, and 2N – the FFT length.

Considering that only the first Nyquist zone is required for sig-
nal analysis without aliasing , the samples falling outside this range 
can be filtered out. Thus, it is optimal to keep only the samples 
within the observation range, which is dynamically defined by the 
control software. To enable efficient signal analysis, the system filters 
out samples outside the first Nyquist zone and retains only those 
that fall within the range specified by the software parameters. This 
approach avoids redundant data transmission and ensures optimal 
resource utilization.

The software part of the model is designed as a modular applica-
tion with the following structure: modules for handling communica-
tion interfaces, a module for converting FFT output into natural order, 
a module for compression and storage, a graphical user interface (GUI) 
module, a control command generation module, and a module for 
dynamic real-time plotting. The proposed modular structure of the 
software component is shown in Fig. 2.

When developing the software application according to the pro-
posed model, special attention should be given to its modularity.  
In this case, modularity provides the software component with greater 
flexibility and simpler adaptation to new tasks. Such a multithreaded 
design approach allows each module to be executed in a separate soft-
ware thread. This enables the use of modern multicore systems and 
thus accelerates the processing of incoming signals. This is particularly 
beneficial in modern hybrid processor systems, where cores have dif-
ferent architectures and performance characteristics. The proposed 
modular software structure leverages the advantages of energy-efficient 
computing platforms and therefore does not become a bottleneck in 
the operation of the hardware-software model. Modularity ensures the 
flexibility and adaptability of the software component while maintain-
ing its versatility.

An important function of the proposed model’s software is the reor-
dering of FFT output into natural order, aimed at minimizing the use of 
FPGA hardware resources. As previously noted, the hardware optimiza-
tion in the model lies in avoiding the use of memory buffers for converting 
FFT output into natural order, which is further complicated by filtering 
based on the observation range. Based on this range and the expected out-
put order of the FFT, the software component restores the natural sample 
order after transmission via one of the interfaces. This makes it possible 
to universally optimize FPGA resource usage regardless of the FFT input 
data width or transform length. It is the high degree of integration between 
the software and hardware components of the proposed model that en-
ables optimization of both FPGA resource usage and transmission latency.

3. Results and Discussion

3.1. Hardware Implementation
The development, debugging, and testing of the model were car-

ried out according to an iterative-incremental methodology, which 
involves step-by-step and parallel implementation, with each stage 
adding new functionality to the already developed part of the system. 
Overall, the process covered five key areas: hardware implementation, 
interface integration, software component development, preliminary 
calculations, experimental testing and analysis.

To demonstrate the proposed model, the Xilinx Artix-7 35t FPGA 
was selected as the hardware platform. It provides sufficient resources, 
supports modern interfaces and IP cores, and is cost-effective. The FPGA 
is part of the A7 Lite carrier board, which includes the required interface 
converters and AD9226 ADC (12-bit, 65 MSPS) was added to the setup. 
The FPGA design was developed using the Xilinx Vivado IDE, which 
supports simulation, synthesis, implementation, programming, and 

Fig. 1. Proposed hardware structure of the model

Fig. 2. Proposed software structure of the model
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debugging. To reduce development time and ensure stability, IP cores 
were used.

According to the proposed model, the Xilinx FFT 9.1 IP core was 
selected for performing the FFT. It features a pipelined architecture with 
a transform length of 16,384 samples and a butterfly structure based on 
radix-2 decimation-in-time. At the operating sampling frequency, the 
core accepts one input sample and produces one complex result per 
clock cycle, with a latency of N cycles from the first input sample to the 
first output result, where N is the FFT length. The computations are 
performed in fixed-point format without scaling, which must be taken 
into account during subsequent processing.

As part of the FFT post-processing in the proposed model, the 
signal spectrum is calculated as follows

X X Xk k k� �Re( ) Im( ) .2 2 	 (2)

The amplitude squared is computed using Xilinx Multiplier 12.0 blocks, 
while square root calculation is implemented using the Xilinx CORDIC 6.0 
IP core. The use of IP cores is justified by their flexibility in resource utiliza-
tion and by the acceleration of design routing. The adder is implemented 
in SystemVerilog. These blocks introduce minimal latency and require few 
hardware resources, yet they are considerably more efficient and faster 
compared to software-based implementations.

For test signal generation, the design includes a sine wave generator 
based on the Xilinx CORDIC 6.0 core with a custom control system. 
This generator is convenient for use during debugging or as an additional 
signal source during testing.

It is also possible to access FFT results prior to spectrum calcula-
tion, or even raw unprocessed data. This is achieved by routing data to 
output interfaces from various stages of the model’s hardware pipeline. 
Such flexibility simplifies hardware verification and tuning, and pro-
vides additional adaptability for integration with external applications.

The model was implemented on the FPGA using the Xilinx Vivado 
IDE. During implementation, optimizations were applied that did not affect 
the processing logic but ensured that the required timing constraints were 
met. The base clock frequency is 50 MHz, while the main processing blocks 
operate at a sampling frequency of 65 MHz, 
and the Ethernet subsystem runs at 125 MHz 
in accordance with the Gigabit Ethernet PHY 
RGMII standard [12]. Thus, the project was 
implemented using three clock domains 50, 
65, and 125  MHz for different functional 
blocks, including FFT, UART interfaces, and 
Ethernet. Frequencies were selected based 
on the specifications of peripheral devices 
and internal logic. Resource constraints were 
taken into account during synthesis and were 
carefully analyzed. The Xilinx Vivado IDE 
supports optimization parameters that help 
accelerate development and implementation 
through partial compilation, elaboration, 
placement, and routing. The iterative devel-
opment approach allowed for efficient uti-
lization of FPGA hardware resources while 
reducing the time required for implementa-
tion and testing in each development cycle.

3.2.  Communication Interface Inte-
gration

The model includes two primary com-
munication channels between the hardware 
component and the host computer: UART 
and Ethernet. The UART interface is used 
for control and for transmitting decimated 

data for real-time plot during debugging. The Ethernet protocol is used to 
transmit complete computation results, with further compression and stor-
age. Ethernet communication operates in point-to-point mode, minimizing 
the influence of external devices on the model evaluation process. Data 
transmission over Ethernet is performed using the UDP protocol without 
delivery confirmation. Therefore, the packet format includes an additional 
prefix containing service information that defines the sample indices in the 
transmitted packet and serves to ensure data integrity (Table 1). The packet 
number identifies the sequential number of the packet, which corresponds 
to the order of the performed FFT operation. The frame number is used to 
enumerate data when packet fragmentation occurs due to the inability to 
transmit the entire dataset in a single packet. This mechanism allows the 
receiver to reconstruct the full data sequence correctly, even if packets do 
not arrive in the original order. The sample indices field defines the range 
of spectral data indices contained in the current packet. This also serves as 
a synchronization check between the hardware and software components 
of the model, which is essential for reliable synchronization and correct 
interpretation of received data during real-time processing.

Control of the hardware component is performed via the UART 
protocol. Control words have a fixed structure, ensuring ease of imple-
mentation in hardware and high reliability. Table 2 presents the format of 
the 64-bit control word used to configure the operating modes of the pro-
cessing and data transmission system in the FPGA. The word fields allow 
setting the signal source, the type of transmitted data, sine wave generator 
parameters, and the range of samples to be transmitted. Additionally, it 
provides control over start, stop, and data transmission modes via UART 
or Ethernet. For programming convenience and simple addition of new 
features, reserved fields are included in the control word.

Table 1

Prefix format for data transmission over Ethernet protocol

Byte Functional description Value range

0 Packet number 0–255

1 Frame number 0–31

2–3 Starting sample index of data in the packet 0–8191

4–5 Ending sample index of data in the packet 0–8191

Table 2
Control word format

Bit(s) Functional description Value range

0

Control of the hardware FSM for data transmission via UART 

and Ethernet (activated by bit 7). If bit 1 is set to 0, a single dataset 

of specified size will be transmitted

1 – start

0 – stop

1
Start continuous data transmission, it can only be stopped by 

issuing a stop command via bits 1 and 0

1 – start

0 – stop

2
Use an external (ADC) data source for FPGA. If bits 2 and 3 are 

both active, the data from both sources are halved and summed

1 – active

0 – inactive

3

Use internal FPGA data source (reference CORDIC generator). 

If bits 2 and 3 are both active, the data from both sources are 

halved and summed

1 – active

0 – inactive

6–4 Select type of data to transmit

111 – spectrum data (square 

root of sum of squares)

101 – real part of FFT result

001 – imaginary part  

of FFT result

000 – unprocessed data

7 Enable Ethernet transmission with further storage
1 – active

0 – inactive

11–8 Reserved for CORDIC generator amplitude control –

15–12 Reserved with no specific function –

31–16

CORDIC phase increment per clock cycle (defines the output 

frequency of the reference generator). Full phase rotation equals 

51470 steps. Default = 800

1–25735

45–32
Index of the first sample to be retained for transmission. Samples 

with indices below this value will be filtered out. Default = 0 0–8191

47–78 Reserved for alignment –

61–48
Index of the last sample to be retained for transmission. Samples 

with indices above this value will be filtered out. Default = 8191
0–8191

63–62 Reserved for alignment –
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Data transmitted via the UART interface is structured as a packet 
with a prefix that represents the sequence number of the data words and 
serves as additional control data for verifying the integrity of the con-
trol packet. Table 3 shows the prefix format added to each data packet 
during transmission over the serial interface to ensure correct recep-
tion and synchronization. The prefix includes patterns for identifying 
the beginning and end of the prefix, as well as specifying the range of 
samples contained in the packet. This ensures the correct transmission 
and processing of data on the receiving side.

Table 3

Prefix format for data transmission

Bytes Functional Description Value

0–1 Start bytes 0x9B, 0xFA

2–3 Index of the first sample in the packet 0–8191

4–5 Index of the last sample in the packet 0–8191

6–8 End bytes 0x0E, 0xBF, 0x9A

3.3. Software Implementation
The software for visualization and experiment control was im-

plemented in Python, providing platform independence and rapid 
development. Only open-source libraries were used, such as numpy, 
matplotlib, threading, and gzip. The graphical design of the application 
was created using the PyQt6 library with the PyQt6 UI code generator, 
into which a plotting window and control elements were integrated, as 
shown in Fig. 3.

The application allows forming control commands, configuring 
the hardware, plotting data, and saving results. The control command 
is created by aggregating and concatenating values set in the graphical 
part of the software application. The application allows selecting input 
and output data, choosing which part of the processed data to transmit, 
enabling and configuring the network connection and the reference sig-
nal generator. The full list of control word fields is provided in Table 2. 
After the control word is generated, all necessary prefixes and postfixes 
are added, and it is transmitted via the UART protocol.

During the generation of the control word, information about the 
hardware configuration parameters is gathered by the software compo-
nent. The software acts as the source of control information for filtering 
samples in the hardware according to the observation range. Based on 
this information, buffering, data integrity validation, and reordering of 
samples into natural order are performed.

Data is stored in binary form, in a format corresponding to the 
transmission protocol, namely 3 bytes per word. Since unprocessed 
data may also be saved, in such cases one word contains two 12-bit 
ADC samples. To save space, the data is compressed using open-source 
gzip library.

3.4. Preliminary Calculations
Based on the developed data format tables, it is possible to esti-

mate the overhead introduced during network transmission of uncom-
pressed data. In the proposed model, the maximum payload per packet 
is 256  words, each 3 bytes long. This requires adding the following 
service data: 7 bytes of physical preamble, 1 byte of start frame delim-
iter (SFD), 14 bytes of Ethernet header, 20 bytes of IPv4 header, 8 bytes 
of UDP header, and 6 bytes of prefix. Thus, to transmit 768  bytes of  
payload, a packet of 824 bytes is formed. The relative network over-
head is approximately 7.3%, resulting in a total bandwidth usage of 
~ 836 Mbps under a theoretical maximum of 1 Gbps, which falls within 
acceptable limits. This calculation does not include service packets at 
the network layer (e. g., ARP, SNMP, etc.).

Latency estimation is based on the following calculations. The 
transmission speed over the serial interface is 1.5 Mbaud or 150 kBps. 
One complete dataset contains 16,384 samples; therefore, the sampling, 
processing, and buffering time equals 16,384  ⋅  2  =  32,768  cycles. At  
a sampling rate of 65 MSPS, this corresponds to 5.04 ⋅ 10⁻⁴ s. Only the 
first Nyquist zone is transmitted, i. e., half of the full frame, with each 
sample occupying 3 bytes. Hence, the total amount of data for trans-
mission is 8,192 ⋅ 3 = 24,576 bytes, and the transmission time over the 
serial interface is 24,576/150,000  =  0.164  s. This demonstrates that 
processing time within the FPGA and software does not introduce 
significant delay, and the total display latency is approximately 0.17 s.

The transmission speed via the Ether-
net interface is 1  Gbps. The size of the full 
sample frame is also 24,576  bytes, and the 
additional data required for transmission 
over the network introduces a 7.3% overhead. 
Therefore, the Ethernet transmission time is  
24,576 ⋅ 1.073/125 ⋅ 106 = 2.1 ⋅ 10⁻⁴ s, and the 
total storage delay is 2.1 + 5.04 = 7.14 ⋅ 10⁻⁴ s. 
According to (1), the transmission delay re-
duction achieved by eliminating hardware 
buffering equals 16,384/65 ⋅ 106 = 2.52 ⋅ 10⁻⁴ s. 
The calculated delay parameters demonstrate 
the real-time capability of the implemented 
hardware-software model. Therefore, the 
system demonstrates the ability to operate in 
real time with minimal latency.

After completing all development stages 
in the Xilinx IDE, a detailed report on resource 
utilization can be generated. Fig. 4 shows the 
FPGA resource usage statistics after project 
synthesis and implementation. The imple-
mented design uses FPGA resources effi-
ciently, staying within acceptable limits. This 
is partly achieved by using the bit-reversed 
FFT output order, which eliminates the need 
for memory used to convert data into natural 
order. The highest utilization is observed in 
DSP blocks (70%) and BRAM (50%), which is 

 
Fig. 3. Python application user interface
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typical for systems performing intensive digital signal processing. Other 
resources remain available with a noticeable margin.

 
Fig. 4. FPGA resource usage

The 50% BRAM usage is due to its role in storing intermediate 
FFT results and buffering during UART and Ethernet transfers. DSP 
blocks are utilized at 70% because they are used in FFT and multiply 
operations, but they could be replaced with LUTs without affecting 
performance or timing. In this implementation, their use is justified as 
it optimizes routing and accelerates implementation. In other words, 
the high utilization of these blocks is not critical.

Power consumption and thermal characteristics were evaluated 
using tools integrated into the IDE. Fig. 5 shows the estimated power 
consumption and thermal behavior of the FPGA during operation. The 
results indicate that the FPGA operates in an energy-efficient mode 
with low thermal load. The power consumption of 0.535 W is moder-
ate, and the operating temperature of 58.5°C ensures stable operation 
without overheating, even without active cooling.

 
Fig. 5. Estimated power consumption of the FPGA

According to the detailed power distribution (Fig. 6), the transition 
from idle to active mode increases power consumption only due to Logic, 
DSP, Signals, and BRAM blocks. The maximum estimated increase is 
up to 164 mW, which is a favorable indicator for the target application 
and demonstrates efficient utilization of hardware resources.

 
Fig. 6. Detailed power breakdown by FPGA components

To evaluate the accuracy loss, it is necessary to determine the bit 
width of the numbers used in calculations. The number format (fixed-
point or floating-point) does not affect the result itself. At the input, 
12-bit data from the ADC is obtained. The FFT length is 16,384 or 2¹⁴. 
This means that after the transformation, the bit width of the real and 
imaginary parts of the complex result increases by 14 bits, resulting in 26 
bits. The IP core includes one additional overflow protection bit, result-
ing in a 27-bit output. This bit width does not correspond to an integer 
number of bytes, which complicates data transmission and processing. 
The nearest byte-aligned size is 24 bits, which requires rounding.

The error introduced by rounding the real and imaginary parts of 
the complex result was evaluated. Discarding 3 least significant bits in-
troduces a new quantization step of 2³ = 8. The resulting quantization 
error is equal to half the step size

� � �1

32
2

4.	 (3)

The signal magnitude is defined as the square root of the sum of the 
squares of the real and imaginary parts

M � �Re Im .2 2 	 (4)

Squaring doubles the bit width and adds 1 overflow protection 
bit, giving

2 1 2 24 1 49n� � � � � . 	 (5)

The sum of two such numbers add 1 more bit, yielding n = 50 bits. 
After square root extraction, the result has the following bit width

n
2

1 25� �  bit.	 (6)

Discarding 1 least significant bit after square root computation 
gives a quantization step of 2¹  =  2. Accordingly, the quantization 
error is

� � �2

12
2

1.	 (7)

To calculate the total error across stages, the square root sum of the 
squares is used

� � � �� � �total 1
2

2
2 17 4 1231. .	 (8)

The maximum signal value for 25-bit resolution is

Amax .= =2 1677721624 	 (9)

Relative error
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To evaluate the accuracy in decibels, the signal-to-noise ratio (SNR) 
formula is used
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3.5. Testing, Measurement, and Analysis
Testing of the implemented hardware-software model was per-

formed. Test signals originated from the internal FPGA generator, the 
external generator via the ADC input, or a combination of both. The 
externally applied signals met the ADC’s input specifications. To ap-
proximate real application conditions, a stable generator with signal 
modulation capability was used. The tests demonstrated the functional-
ity of the implemented hardware-software model.

In the demonstrated test, a discrepancy was observed between the 
set frequency of the generated signal and the frequency detected in the 
spectrum (Fig.  7). Specifically, the generator produced a signal with  
a frequency of 6290.119  kHz, while spectral analysis showed a value  
of 6288.147 kHz. The corresponding error was 1.972 kHz.



INFORMATION AND CONTROL SYSTEMS:
SYSTEMS AND CONTROL PROCESSES

105TECHNOLOGY AUDIT AND PRODUCTION RESERVES — No. 4/2(84), 2025

ISSN-L 2664-9969; E-ISSN 2706-5448

The identified deviation is reasonable considering the techni-
cal specifics of the spectral analysis implementation. The calculated 
width of one frequency bin is 65 MHz/16,384 = 3.97 kHz. Thus, the 
1.972 kHz error corresponds to half the resolution of the implemented 
system. Despite the deviation, the result is considered acceptable within 
the accuracy limits of the chosen method.

An evaluation of the system’s compliance with real-time operation 
conditions was carried out. Since all data is processed by streaming 
FFT without losses, the assessment of real-time performance should 
distinguish between display latency and full data transmission latency. 
Display latency depends on the speed of the serial interface. The latency 
of full lossless data transmission is affected by the speed of the network 
interface according to preliminary calculations.

Power consumption was measured using the ATORCH A3 device, 
and the results were graphically recorded (Fig. 8). It is not possible to 
separate power consumption by carrier board components (FPGA, 
ADC, network controller, etc.), so the measurements were taken in idle 
and active modes, with and without Ethernet connection.

 
a b c d

Fig. 8. Power consumption measurement results:  

a – idle mode without Ethernet connection; b – active mode without 

Ethernet connection; c – idle mode with Ethernet connection;  

d – active mode with Ethernet connection

According to the measurements, the active operation of the FPGA 
increases power consumption by 59–69 mW, which corresponds to the 
previously performed theoretical estimation and confirms the correct-
ness of the calculations obtained using the IDE tools.

Based on the obtained results, it is appropriate to conduct a com-
parative analysis with modern studies aimed at improving FFT ap-
plications. In particular, compared to [2], the proposed model and its 
hardware-software implementation feature a longer transform length 
of 16,384 samples, which provides higher spectral analysis accuracy of 
3.97  kHz in the presented implementation. The model demonstrates  

a significant advantage in hardware power consumption, ranging from 
1.4 to 1.9 W depending on the mode. At the same time, it is necessary to 
consider both the broader functionality of the model and the fact that 
this value already includes the ADC, FPGA, and other components of the 
carrier board, making it impossible to separate the power consumption 
of individual components, which limits the precision of evaluating the 
impact of the implemented solutions on power usage. Meanwhile, the 
display and storage latencies are 0.17 s and 0.74 μs, respectively, which are 
higher compared to the solution in [2], which was specifically optimized 
for minimal latency. The study  [3] also uses a shorter transform, and 
under scaling conditions, the resource efficiency is comparable. How-
ever, the power consumption of that solution is approximately half that 
of the proposed universal model. The works [1–11] do not implement 
real-time result transmission and do not evaluate the impact of round-
ing on computational accuracy, which in this study reaches 132 dB and 
represents a significant aspect. One of the key advantages of the proposed 
model is software integration, which allows halving the required FPGA 
memory resources and enables support for more complex spectral analy-
sis algorithms that require the flexibility of software implementations.

The model has potential for further development and improve-
ment. In the future, scaling is possible both horizontally (increasing the 
number of channels) and vertically (increasing FFT length, accuracy, 
speed, etc.). One of the current limitations is the use of an FFT IP core 
that does not provide amplitude scaling control, which complicates 
the processing of weak signals in high dynamic range scenarios and 
also requires refinement. Adaptive processing, power-saving modes 
using variable clocking of individual blocks, and functional expan-
sion for real-time analysis of multiple data channels can be introduced. 
Horizontal scaling opens the possibility of implementing cross-spectral 
signal analysis. At the same time, it should be noted that increasing the 
number of channels at the same data width significantly increases the 
amount of transmitted data, and the impact of this factor on system 
efficiency and further development requires additional research. How-
ever, such changes can significantly expand the application areas of the 
model, enabling the implementation of more tasks and integration into 
a wider range of modern applications. In this context, it is appropriate 
to consider optimizing methods for correlation analysis with attention 
to resource efficiency, as well as the potential for scaling by combining 
multiple model instances into a unified system.

 
Fig. 7. Screenshot during testing
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Particular attention should be given to FPGA memory resources, 
as they may limit both the transform length and computation accu-
racy during further development. Increasing the transform length or 
number of channels involves several challenges that require careful 
planning. For example, doubling the transform length may bring the 
utilization of certain FPGA resources close to 100%, which is related 
both to the limited on-chip memory and potential complications dur-
ing implementation and routing. Overcoming these challenges would 
increase the model’s suitability for autonomous systems requiring high-
precision real-time digital signal processing.

The current implementation complies with the design principles 
and uses under 50% of FPGA resources, enabling additional modifica-
tions if needed. In its current form, the model is suitable for real-time 
single-channel signal analysis with the ability to store data for further 
processing, and for use in projects where processing time is critical.  
It is suitable for implementing digital signal processing algorithms, in-
cluding adaptive methods such as MUSIC or ESPRIT, which are more 
appropriately executed in a software environment. Thanks to the use 
of standard interfaces and reliable data transmission and control pro-
tocols, the model can be easily integrated into computer-based signal 
analysis systems, including those capable of running Python software.

Thus, the proposed adaptive architecture optimizes hardware re-
source usage and the latency of result transmission for real-time opera-
tion while maintaining the required accuracy and low power consump-
tion. This is achieved through the combination of a hardware pipeline 
structure with software integration and dynamic use of UART/Ethernet 
interfaces, extending the theoretical foundations of digital signal pro-
cessing for applied systems.

4. Conclusions

The hardware-software model for real-time signal spectrum com-
putation using the Fast Fourier Transform has been proposed, imple-
mented, and tested. The use of a hardware pipelined architecture enabled 
efficient real-time processing. The software part provided convenient 
control, visualization during configuration, and flexibility of software-
based solutions. Tight hardware-software integration allows for optimal 
FPGA resource utilization, reduced latency in transmitting processed 
signals, and makes the proposed model a promising platform for execut-
ing frequency-domain analysis algorithms with hardware acceleration. 
Thus, the model addresses key challenges of digital signal processing: 
ensuring high performance, computational accuracy, energy efficiency, 
and optimal resource utilization.

The complete development cycle was carried out: the FPGA-based 
hardware platform was selected, the hardware was developed using  
SystemVerilog, the supporting software was created in Python, and data 
exchange protocols between system components were implemented. 
Functional simulation and implementation were conducted using the 
IDE, allowing evaluation of resource usage and power consumption.  
Accuracy loss was assessed, demonstrating the benefits of hardware-
software optimization and the appropriateness of rounding for effective 
real-time implementation. Experimental testing confirmed the correct 
functioning of the system and its ability to process signals in real time 
without data loss. Low data transmission latency and high throughput 
were achieved, further confirming the efficiency of the proposed solution.

The developed model is integrable and scalable, with support for 
increasing transform length, adding new channels, or expanding func-
tionality (e.  g., cross-spectral analysis) without major changes to the 
architecture. It also supports integration with other software systems. 
The study advances the theoretical foundations of digital signal pro-
cessing by combining pipelined architecture with adaptive control and 
implementing a hardware-software compromise, complemented by  
a comprehensive analysis of experimental results. The proposed model 
enables efficient processing of dynamic signals in telecommunications, 

radar, and autonomous control applications. The results obtained are 
of both theoretical and practical value and can be integrated into other 
signal processing projects or used as a basis for further research in the 
field of digital signal processing.
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