
 
 

Delft University of Technology

Radio Receiver with Internal Compression of Input Signals Using a Dispersive Delay Line
with Bandpass Filters

Pantyeyev, Roman; Yanovsky, Felix; Mykolushko, Andriy; Shutko, Volodymyr

DOI
10.5815/ijigsp.2023.06.01
Publication date
2023
Document Version
Final published version
Published in
International Journal of Image, Graphics and Signal Processing

Citation (APA)
Pantyeyev, R., Yanovsky, F., Mykolushko, A., & Shutko, V. (2023). Radio Receiver with Internal
Compression of Input Signals Using a Dispersive Delay Line with Bandpass Filters. International Journal of
Image, Graphics and Signal Processing, 15(6), 1-12. https://doi.org/10.5815/ijigsp.2023.06.01

Important note
To cite this publication, please use the final published version (if applicable).
Please check the document version above.

Copyright
Other than for strictly personal use, it is not permitted to download, forward or distribute the text or part of it, without the consent
of the author(s) and/or copyright holder(s), unless the work is under an open content license such as Creative Commons.

Takedown policy
Please contact us and provide details if you believe this document breaches copyrights.
We will remove access to the work immediately and investigate your claim.

This work is downloaded from Delft University of Technology.
For technical reasons the number of authors shown on this cover page is limited to a maximum of 10.

https://doi.org/10.5815/ijigsp.2023.06.01
https://doi.org/10.5815/ijigsp.2023.06.01


I.J. Image, Graphics and Signal Processing, 2023, 6, 1-12 
Published Online on December 8, 2023 by MECS Press (http://www.mecs-press.org/) 

DOI: 10.5815/ijigsp.2023.06.01 

This work is open access and licensed under the Creative Commons CC BY 4.0 License.                             Volume 15 (2023), Issue 6 

Radio Receiver with Internal Compression of 

Input Signals Using a Dispersive Delay Line with 

Bandpass Filters 
 

Roman Pantyeyev* 
National Aviation University/Department of Electronics, Robotics, Monitoring and IoT Technologies, Kyiv, 03058, 

Ukraine 

E-mail: romanpanteevmail@gmail.com 

ORCID ID: https://orcid.org/0000-0003-4707-4608 

*Corresponding Author 

 

Felix Yanovsky 
National Aviation University/Department of Electronics, Robotics, Monitoring and IoT Technologies, Kyiv, 03058, 

Ukraine; Delft University of Technology/Geoscience and Remote Sensing Department, the Netherlands 

Email: yanovsky@nau.edu.ua; f.ianovskyi-3@tudelft.nl 

ORCID ID: https://orcid.org/0000-0002-9529-5969 

 

Andriy Mykolushko 
National Aviation University/Department of Electronics, Robotics, Monitoring and IoT Technologies, Kyiv, 03058, 

Ukraine 

Email: 9shik@ukr.net 

ORCID ID: https://orcid.org/0000-0002-2767-8255 

 

Volodymyr Shutko 
National Aviation University/Department of Electronics, Robotics, Monitoring and IoT Technologies, Kyiv, 03058, 

Ukraine 

Email: vnshutko@ukr.net 

ORCID ID: https://orcid.org/0000-0002-9761-5583 

 

 

Received: 17 April, 2023; Revised: 15 May, 2023; Accepted: 20 June, 2023; Published: 08 December, 2023 
 

 

Abstract: This article proposes a receiving device in which arbitrary input signals are subject to pre-detector processing 

for the subsequent implementation of the idea of compressing broadband modulated pulses with a matched filter to 

increase the signal-to-noise ratio and improve resolution. For this purpose, a model of a dispersive delay line is 

developed based on series-connected high-frequency time delay lines with taps in the form of bandpass filters, and 

analysis of this model is performed as a part of the radio receiving device with chirp signal compression. The article 

presents the mathematical description of the processes of formation and compression of chirp signals based on their 

matched filtering using the developed model and proposes the block diagram of a radio receiving device using the 

principle of compression of received signals. The proposed model can be implemented in devices for receiving 

unknown signals, in particular in passive radar. It also can be used for studying signal compression processes based on 

linear frequency modulation in traditional radar systems. 

 

Index Terms: Compressive Receiver, Dispersive Delay Line, Signal Compression, Chirp Signal, Bandpass Filter. 

 

 

1.  Introduction 

From the point of view of processing received signals, a tangible advantage of active radar is that in this case the 

shape and spectrum of the sounding waveform are known. This means that the signal scattered by the target at the 

receiver input should be similar to this sounding waveform despite its changes in the process of scattering on the 

observation object and all kinds of distortions during the propagation of electromagnetic waves, the influence of 
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interference and noise. This allows receivers to use matched (or quasi-optimal) filters, as well as algorithms for 

correlation processing of the received mixture, providing the maximum signal-to-noise ratio specifically for the 

expected reflected signal. This approach is used in primary radar systems of various types, from conventional 

(incoherent) [1] to coherent-polarimetric [2]. The potential capabilities of the system in terms of resolution and 

measurement accuracy, as well as the technical complexity of implementing matched filtering in the receiver, depend on 

the shape of the sounding waveform. At one time, the developers of radar equipment were faced with an unpleasant 

contradiction: reducing the duration of the sounding pulse in order to increase the range resolution inevitably led to a 

decrease in the range of the system due to decreasing the energy of the sounding waveform (a short probing impulse). 

This contradiction was overcome by using wideband probing signals. 

Methods of compressing wideband signals with matched filters are well known in the theory and technology of 

radar. The development of such methods began in the 50s of the last century with the work of Ya.D. Shirman [3] in 

Ukraine and S.E. Cook [4] in the USA. These developments, of course, were carried out in strict secrecy, the results 

were obtained completely independently, and fundamentally similar approaches were implemented in significantly 

different ways [5].  

It turned out that by compressing extended probing pulses with a wide spectrum, that is, when B >>1, where  is 

the duration of the sounding pulse, and B is its spectrum width, it is possible to overcome the most important problems 

of radar, namely: increasing range resolution while maintaining a high radar range (target detection range), as well as 

simultaneously achieving relatively acceptable levels of resolution and accuracy in range and speed, which are limited 

according to the uncertainty principle in radar [6]. The use of a signal compression system increases the signal-to-noise 

ratio and increases the sensitivity of the receiver, that means it allows you to detect more distant targets, as well as 

receive weaker signals. 

The formation of broadband probing pulses in a transmitting device is achieved, for example, using intrapulse 

linear frequency modulation (chirp) [7]. Thus, the signal compression method was developed for active radar and is 

widely used in systems for various purposes. For example, Fig. 1 illustrates the use of a pulse compression scheme in 

synthetic aperture radar for viewing the earth's surface, which improves image resolution [8]. 

This paper discusses the use of a similar approach for primary signal processing in a receiving device, when 

neither the shape nor the frequency of the received signals is known in advance. Such a receiver is necessary, for 

example, in monitoring systems or passive radar. The authors carry out preliminary calculations and modeling that 

confirm the positive technical effect of this approach, which, in particular, provides high frequency monitoring system 

resolution and frequency measurement accuracy. 

 

 

Fig.1. SAR pulse compression circuitry to improve image resolution. 

The analysis of the literature showed that our idea of using an artificial compression system in a radio receiver is 

not pioneering. Along with traditional receivers, such as a superheterodyne receiver and a crystal video receiver that 

have long been used in monitoring and electronic warfare (EW) systems, a compression receiver is also known [9]. The 

compression system of such receiver uses dispersive delay line on surface acoustic waves that has significant 

disadvantages [9]. Therefore, in this work we abandon their use and develop a model of a compression receiver with a 

dispersive delay line with bandpass filters. It is clear that today it is advisable to talk about digital technologies, with the 

help of which almost any signal processing procedure can be implemented, including the one proposed in this work. 

However, this is beyond the scope of the article, although, of course, high-quality digital implementations are possible 

in principle if the speed of the element base allows. This makes our approach even more general.  

Thus, the purpose of this article is to develop a compression receiver with a high-frequency dispersive delay line 

using high-frequency bandpass filters, as well as analyze and simulate its operation. 

2.  Concept of a Compressive Receiver 

The block diagram of a receiver with signal compression is shown in Fig. 2. This is the simplest configuration to 

explain the operating principle. The influencing signal is amplified by a broadband high-frequency amplifier (BHFA) 
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and fed to a mixer (Mix), where a local oscillator voltage is also supplied, being periodically tuned in frequency.  

The local oscillator frequency is changed using a tuning circuit, which also controls the frequency sweep 

generation circuit. 

As a result of signal conversion in the mixer at the input of the intermediate frequency amplifier (IFA), signals 

with a frequency linearly varying in time are obtained, that is, chirp signals. 

 

 

Fig. 2. Block diagram of a receiver with pulse compression. 

Essentially, a receiver is a radio signal (RF) processing device that periodically scans a given frequency range by 

performing a frequency ramp (chirp) on the local oscillator. The result is time-separated pulses for each input signal 

(with different carrier frequencies) that can appear at the receiver input during the period of this chirp. The resulting 

periodic samples are subject to further processing. 

The key block of the receiver is the compression device. It was for the purpose of its implementation that the RF 

signal, which was supplied to the input of the proposed receiver, was multiplied in the mixer by a chirp local oscillator 

signal with linear sweep. This provides a linearly variable intermediate frequency. The chirp signal is then fed to a 

dispersion delay line (DDL) with an equal but opposite chirp slope. 

The compression device provides concentration of signal energy by compressing it in frequency and time, as well 

as separating samples by time at the output. The compression device is followed by a detector and an envelope detector 

that produces a video signal for each RF sample. Next, the parameters of the detected signals are assessed. Any 

necessary parameters can be measured, for example, arrival time, frequency, amplitude, phase difference for multi-

channel receivers, pulse duration, etc. In this way, monitoring can be carried out over a wide frequency band. 

In the simplest configuration for performing frequency monitoring, after compression the signal is detected, 

amplified and fed into the vertical scanning system of the indicator (monitor). The frequency of the signals is 

determined by the position of the pulses on the frequency sweep. 

3.  Dispersive Delay Lines 

DDLs on surface acoustic waves (SAW) are used to generate and compress signals with linear frequency 

modulation (chirp). The simplest classical DDL consists of two interdigitated transducers placed on a piezoelectric 

substrate. Interdigital transducers convert an electrical signal into a surface acoustic wave and vice versa. The transfer 

characteristic of the DDL depends on the shape of the converters. 

Due to the so-called second-order effects (reflection of incident waves from the interdigitated converter, spurious 

signals due to additional reflections, edge effects), the analysis and development of DDL is a rather difficult task. 

Therefore, implementing dispersive SAW delay lines for signal compression applications can be complex and requires 

careful design and integration with the rest of the signal processing system. 

The actual dispersion characteristics of SAW devices may impose limitations on the frequency range and 

bandwidth of chirp signals that are suitable for effective compression. This means that chirp signals with extreme 

frequency deviation (in this case, the local oscillator frequency range) or with rapid frequency changes may not be 

suitable for compression using such DDLs. The compression process using dispersive SAW delay lines can amplify 

noise components, affecting the signal-to-noise ratio. In addition, surfactant devices are sensitive to environmental 

conditions such as temperature and humidity, which can affect their performance and stability over time. 

As an alternative version of the acoustic DDL, this paper considers a DDL model based on a high-frequency line 

of time delays with taps, each of which includes a bandpass filter. This model makes it possible to study the behavior of 

the compression device for various parameters of the processed signals. Dispersive delay with specified characteristics 

can be achieved using a set of bandpass filters. The general approach to constructing a DDL in this case is as follows. 

A set of bandpass filters with different center frequencies is being developed. These filters can have different 

bandwidths to cover the signal frequency range of interest. Each bandpass filter introduces a different delay to the 

signals passing through it, depending on the center frequency of the filter. This frequency-dependent delay is the key to 
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achieving the dispersion effect. Bandpass filters are connected in series, and the order of the filters determines the 

overall dispersion characteristic of the delay line. 

Note that each filter will introduce a different phase shift and delay to the signals passing through them. These 

phase shifts and delays can cause different frequency components to shift in time, eg cause a mismatch that can lead to 

signal distortion. To ensure the correct time delay of the signals, it is necessary to align the outputs of all bandpass 

filters. Equalization ensures that the different frequency components of the input signal are properly delayed before they 

are combined. The equalization process consists of compensating for specified phase shifts and delays to ensure that the 

various frequency components are correctly synchronized in time when they are combined after passing through the 

bandpass filters. The frequency components are then synchronized, minimizing distortion and maintaining signal 

integrity. In other words, it is possible to recreate the original signal shape as accurately as possible after passing 

through bandpass filters. 

It is important to note that accurate signal alignment requires precise knowledge of filter characteristics, including 

phase shifts and time delays, as well as a good understanding of the relationship between frequency, phase and time 

delay in signal processing. Mismatch can lead to errors and artifacts in the final reconstructed signal. 

Once the outputs are equalized, they can be combined to produce a dispersion delay effect. The combined output 

will then have a frequency-dependent time delay, for example higher frequencies experience larger delays compared to 

lower frequencies. 

It is important to note that constructing a dispersive delay line using bandpass filters requires careful design and 

calibration to accurately achieve the desired dispersion characteristics. In addition, factors such as filter quality, signal-

to-noise ratio, and the choice of center frequencies and passbands for bandpass filters can influence the performance of 

the dispersion delay line. 

Of course, the use of bandpass filters is only one of the possible alternative approaches to SAW-based DDL. There 

are other techniques and devices, such as fiber Bragg gratings and dispersion fiber, specifically designed to provide 

more precise and controlled dispersion for signal processing applications. The choice of the most suitable method 

depends on the specific requirements and applications. In this case, based on the objectives of this work, we limit 

ourselves to DDL using bandpass filters. 

Thus, in the compression receiver under consideration, to convert pulses with a linearly varying frequency into 

signals with a shorter duration and larger amplitude, a compression circuit (dispersive filter) is used in the receiver, the 

model of which is a high-frequency line of sequentially connected time delays with taps, in each of which bandpass 

filter enabled. 

4.  The case of Receiving Signals with Different Frequencies 

Consider a situation that is practically important for a passive radar, frequency monitoring, or reconnaissance 

receiver. To be specific, let's consider the simplest situation of detecting two signals. 

If on the receiver, within its bandwidth BRF, two signals with different frequencies 
1f , 

2f  are affected and 

durations respectively 
1 , 

2 , when these pulses impact the detector in a conventional panoramic receiver, a single 

video signal is formed. In this case, there is no way to separate the received signals by frequency. 

In the proposed compression receiver with a frequency-modulated local oscillator (see Fig. 2), the input signals, 

after frequency conversion from the output of the amplifier, are fed to a dispersion filter, which is a compression device. 

In a dispersion filter, the delay time of a signal depends on its frequency. This dependence is chosen to be inverse to the 

law of changes in the frequency of signals generated at the output of the mixer. In this case, components of higher 

frequencies that arrived earlier are delayed for a longer time, and components of lower frequencies that arrived later are 

delayed for less time. Due to this, all frequency components are shifted in time in such a way that the pulses of the 

generated sequence running with the modulation period T , compressed to duration 
com . As a result, the resulting 

output pulses correspond to signals with frequencies 
1f  and 

2f  do not overlap in time, and therefore are resolved in 

frequency. Thus, the frequency resolution increases. 

Let's look at this mathematically. In the case of linear frequency modulation, during one modulation period T, the 

local oscillator signal is a modulated pulse, which can be expressed as follows: 

 

)](sin[)(1 tts  ,                                                                                     (1) 

 

where )(t - instantaneous angle value (phase). 

Instantaneous frequency value )(tfi
can be obtained by differentiation )(t  with respect to time 
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                                                                                        (2) 

 

To generate a linear frequency modulated signal )(tfi
should look like this 
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where bt pulse start time and Ttt be   pulse end time; 
bf  

and 
ef  the initial and final frequencies of the chirp signal, 

and their difference 
b ef f f    - frequency deviation. 

So the phase )(t  
can be expressed as  dttft i )()( , which gives 
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Let the input of the compression device, which is a matched filter, receive a chirp signal with a rectangular 

envelope, described by the equation: 

 

)](cos[)()( ttAts EE  ,                                                                         (5) 

 

where AE(t) is the envelope of the chirp signal 
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where T  is chirp signal duration. 

Phase  

 

0

2)()()( ЕbbbE ttttt   ,                                                           (7) 

 

where 
0Е  is initial phase. 

Parameter   determines the slope of the dispersion characteristic of the device, ie scan speed by frequency 

 

f
const

T



  .                                                                            (8) 

 

The instantaneous angular frequency in a chirp signal varies linearly with time: 

 

)(2)( bbE ttt                                                                        (9) 

 

and, using this connection between the instantaneous frequency in the chirp signal and its temporal position, we obtain 

 

0

2)()(2)( ЕbbbЕ fffftf 



                                                  (10) 

 

Delay time )(dt , according to definition, equals 
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Differentiating (10), we obtain 
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The number of periods in the chirp signal is equal to 
0Tf and does not depend on the parameter  . 

Impulse response of a compression device )(th , located in the receiver, is a time-reversed signal )(ts , in which 

the frequency change occurs in the opposite direction, that is )()( tsth  up to sometime delay and an arbitrary factor. 

Since the signal phase )(ts changes according to a quadratic law, then the phase )(th  
must depend on time )( t . 

Then the impulse response of the matched filter should have the form 

 

)](cos[)()( 0 ttАth CС  ,                                                                        (13) 

 

where 

 

0

2

000 )()()()( CEС tttttt                                                   (14) 

 

and )()(0 tAtА EС  . Matched filter output signal )(tg
 
determined by the convolution integral [1] input signal with the 

impulse response of a compression device, which is essentially a matched filter. At 00 t it is equal 

 






 ),(sin)cos(5,0)()()( 0 ftctTdthstg                                                (15) 

 

where 

sin( )
sin ( )

ft
c ft

ft







 


.                                                                        (16) 

 

Thus, when a chirp signal (with a rectangular envelope) is applied to the input of the compression device, the 

envelope of the output signal has the form sin( ) / ( )x x . The level of the nearest side lobes of this signal is 

approximately 13 dB below the level of the main maximum, as follows from the analysis of a function like (16). 

Matched filter output )(tg , in the form of a narrow peak, is a compressed signal. Peak width 1comt f  , where 

f - the width of the spectrum of the input signal, which is approximately equal to the frequency deviation in formula 

(7). In general, the width of the output peak is much less than the duration of the input FM signal Т , therefore, the 

matched filter is a pulse compression device. 

The ratio of the durations of the input and output signals in a matched filter is the compression ratio, which is 

approximately equal to [1, 6] 

 

com comК Т t T f   .                                                                         (17) 

 

In the case of estimating the delay time in radar, as is known [1, 6], this leads to an improvement in range 

resolution by a factor of comК . 

In this case, we are interested in frequency resolution, which determines the minimum difference between the 

frequencies f1 and f2 of two conditionally continuous signals at the receiver input, at which these signals form at the 

receiver output, i.e. at the output of the compression filter, distinguishable pulses. The position of these pulses on the 

time axis corresponds to the distinguishable frequencies. Therefore, the quantitative frequency resolution is determined 

by the width of the main lobe of the output signal of the compression device. From formulas (15) and (16) taking into 

account (8), since the term sin ( ) sin ( )c ft c Tt   equal to zero at ;t    , it follows that the width of the main 

lobe is inversely proportional T . In other words, from the technical side, the longer the delay time in the DDL, the 

narrower the main lobe and the better frequency resolution can be achieved in the compression receiver. Based on this, 

introducing the proportionality coefficient k , frequency resolution can be written as 

 

k
f

T
  .                                                                                     (18) 
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The value k depends on the design features and parameters of the receiver, in particular the DDL, and is assumed, 

as a rule, to be between 1 and 2. 

The analysis carried out is simplified, since it does not take into account the return time during a linear change in 

frequency, the possible mismatch of the passbands of the receiver and the compression filter, and the advisable use of 

weighting filters to reduce the level of side foreheads; nevertheless, its results demonstrate the performance of the 

compression receiver in detecting and distinguishing input signals of different frequencies within the high frequency 

bandwidth. 

5.  Simulation of a Compressive Receiver with Passband Filters 

Let's consider a model of a dispersive delay line based on a high-frequency delay line with taps, each of which 

includes a bandpass filter. The block diagram of such a model is shown in Fig. 3. Using a specialized package for 

modeling electronic circuits MultiSim (National Instruments), we will create, by analogy with the circuit shown in Fig. 

2, and the approach described in Section 3, a model of 20 links, that is, consisting of 20 bandpass filters and, 

accordingly, delay lines and adders. 

 

 
Fig. 3. Block diagram of a dispersive delay line model based on a high-frequency time delay line with taps with bandpass filters. 

Let the chirp signal deviation 
be fff 

 
be 0.4 GHz, with 5,1bf GHz, 9,1ef GHz, and the frequency 

tuning time t be 200 ns. Then, for matched filtering, the bandwidth of one filter should be 0.02 GHz, and the duration 

of one time delay should be 10 ns, respectively. In addition, filtering of signals in bandpass filters should not occur 

simultaneously, but with a delay of +10 ns for each subsequent filter, starting with the lowest frequency. 

To study the operating modes of the model, changes in input parameters were considered ( f ,
bf ,

ef , t )and the 

simulation results are summarized in tables 1-3. 

As can be seen from table 1, with the input parameters and model parameters described above ( f = 0.4 GHz, 

bf = 1.5 GHz, 
ef = 1.9 GHz, t = 200 ns), the input chirp signal is completely convolved, which is the matched 

filtering mode. 

In the case of a change f , that is, a decrease/increase, for example, ef  
by 0.1 GHz, as well as a change t of 10 

ns both upward and downward, the matched filtering mode disappears. The simulation results are shown in tables 2, 3. 

At bf = 3.0 GHz, ef = 3.4 GHz, t = 200 ns, the matched filtering mode is maintained with increasing filling 

density of the compressed pulse. The simulation result is shown in Table 4. Based on the simulation results, we can 

conclude that to preserve the matched filtering mode and, as a consequence, the full convolution mode, it is necessary 

and sufficient, given the model parameters, to preserve two parameters f and t . 
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Table 1. Matched filtering mode. 

Initial  

local 

oscillator 
chirp 

frequency, 

bf , GHz 

Final 
local 

oscillator 

chirp 
frequency, 

ef , GHz 

Frequency 
tuning time 

from
bf to 

ef , 

t , ns 

Compressed waveform 

1.5 1.9 200 

 

Table 2. Change in deviation f of the input chirp signal. 

Initial 

local 

oscillator 
chirp 

frequency, 

bf , GHz 

Final 
local 

oscillator 

chirp 
frequency, 

ef , GHz 

Frequency 

tuning time 

from
bf to 

ef , 

t , ns 

Compressed waveform 

1.5 1.8 200 

 

1.5 2.0 200 

 
 
 

190 195 200 t , ns 

5 

10 

-5 

-10 

U , V 

0 

5 

1

0 

-5 

-10 

U , V 

0 

190 195 200 t , ns 

190 195 200 t , нс 

5 

10 

-5 

-10 

U , В 

0 
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Table 3. Change in tuning time of t  the input chirp signal. 

Initial 
local 

oscillator 

chirp 
frequency, 

bf , GHz 

Final 

local 
oscillator 

chirp 

frequency, 

ef , GHz 

Frequency 
tuning time 

from
bf to 

ef , 

t , ns 

Compressed waveform 

1.5 1.9 190 

 

1.5 1.9 210 

 

Table 4. Changes in the initial 
bf  and final 

ef  frequencies of the input chirp signal (matched filtering mode). 

Initial 

local 

oscillator 
chirp 

frequency, 

bf , GHz 

Final 

local 

oscillator 
chirp 

frequency, 

ef , GHz 

Frequency 
tuning time 

from
bf to ef , 

t , ns 

Compressed waveform 

3.0 3.4 200 

 

190 195 200 t , ns 

5 

10 

-5 

-10 

U , V 

0 

190 195 200 t , ns 

5 

10 

-5 

-10 

U , V 

0 

190 195 200 t , ns 

5 

10 

-5 

-10 

U , V 

0 
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6.  Discussion of the Results 

As a result of computer modeling, the conditions for matching the parameters of the model under study and the 

received signal, that is, the matched filtering mode, were investigated and determined, and the conditions for 

maintaining consistency when changing the parameters of the received chirp signals were determined. According to the 

calculations given in Tables 1 - 4, it is clear that consistent filtering modes are achieved in Tables 1 and 4, since 

complete signal convolutions are obtained, and in Tables 2 and 3, filtering is inconsistent, since signal convolutions are 

absent or incomplete. Based on these results, we can conclude that to obtain a matched filtering mode, it is necessary 

and sufficient to maintain the equality of the chirp signal deviation f and the frequency tuning time of t the local 

oscillator chirp signal, and the same parameters of the dispersive delay line, respectively. 

From the analysis and simulation results, it follows that the compression receiver, as a device that increases 

sensitivity and improves the ability to distinguish signals, is a useful tool, for example, in passive location [10, 11], 

frequency monitoring systems [12], electronic warfare [13] and other microwave applications [14]. 

In real applications, it is advisable to build multi-channel receivers of this type both to cover a wider frequency 

range [15, 16] and taking into account polarization diversity [17, 18], as well as systems with multiple inputs and 

outputs (MIMO) [19]. 

Our analysis and simulations have shown that the use of bandpass filters as a possible approach to constructing a 

dispersive delay line for receiver compression devices can be very useful in certain cases where the requirements and 

limitations associated with a particular application match the capabilities and characteristics of this method. 

For example, the use of bandpass filters may be an appropriate choice if it is sufficient to introduce only a few 

specific frequency components with different delays. Obviously, bandpass filters provide the easiest way to achieve this. 

Thus, we have a simple and economical approach when working with a limited number of frequency ranges. 

Bandpass filters are especially effective for narrowband signals, where the signal's bandwidth is small compared to 

the center frequency. In this case, the dispersion effect of bandpass filters can be more precise and controllable. 

Bandpass filters are especially readily available for the low to mid frequency ranges, and their characteristics can be 

clearly defined in these frequency ranges. 

The development and implementation of DDL using bandpass filters is simpler and cheaper compared to other 

specialized devices or methods. This can be a practical choice when time and resources are limited. 

In addition, there may be cases where the frequency resolution requirements for a particular application are not 

very high. Then the use of bandpass filters is most appropriate for introducing coarse frequency-dependent delays. 

And finally, one of the important applications is the use of the completed development for educational purposes. 

Applying this approach to compression system design as a learning exercise using bandpass filters to construct a simple 

dispersive delay line is a useful way to understand the concept of DDL and signal processing compression systems. 

At the same time, it is important to take into account the limitations of using bandpass filters as key elements of 

DDL. Among them, the following should be noted. 

 

1. Bandpass filters have a fixed and specified frequency response, making it difficult to achieve highly accurate 

and flexible performance compared to specialized dispersive delay devices. 

2. If the frequency bands of interest overlap significantly, it may be difficult to introduce separate delays for each 

band using bandpass filters without interference or crosstalk. 

3. For applications requiring dispersion delay over a wide range of frequencies, the use of bandpass filters may 

become impractical due to filter size, complexity, and cost. 

4. Bandpass filters can distort the signal, especially for wideband signals, affecting the overall accuracy of the 

output signal. 

 

Thus, using bandpass filters as a dispersive delay line design approach may be appropriate for applications with 

simple frequency selection requirements, narrowband signals, and limited frequency resolution. However, for more 

demanding applications with precise dispersion control and a wider frequency range , specialized dispersion devices or 

techniques such as fiber Bragg gratings or dispersion fiber and, of course, modern digital processing techniques may be 

more suitable. The choice depends on the needs of specific applications and the trade-off between simplicity, 

performance and cost. 

7.  Conclusion 

In this paper, a compression receiver device for passive location or monitoring has been proposed. In this receiver, 

arbitrary input signals are pre-processed using frequency conversion by multiplication with a local oscillator voltage 

whose frequency is periodically linearly varied. Such approach makes it possible to implement subsequent compression 

of the received pulses in a matched filter to increase the signal-to-noise ratio and improve frequency resolution. For this 

purpose, a model of a dispersive delay line has been developed based on series-connected high-frequency time delay 
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lines with taps in the form of bandpass filters. The analysis of this model operating as part of a radio receiver with chirp 

signal compression has been performed.  

A mathematical analysis of the processes of signal formation and processing has been performed for the case of 

receiving two continuous signals with different frequencies using the developed model. It has been shown that the 

frequency resolution of the proposed compressive receiver is inversely proportional to the total time delay in the 

compression device. 

The proposed model can be implemented in devices for receiving unknown signals, in particular in passive radar, 

frequency monitoring devices, and reconnaissance receivers. It also makes it possible to study the processes of signal 

compression based on linear frequency modulation in different cases including traditional radar systems, in particular 

for educational purposes. 

As the results of computer modeling, the conditions for matching the parameters of the model under study and the 

received signal have been investigated and determined, and the conditions for maintaining consistency when changing 

the parameters of the received chirp signals have been determined. 

It has been determined that to preserve the matched filtering mode and, as a consequence, the full convolution 

mode, it is necessary and sufficient, given the model parameters, to preserve two parameters: chirp signal deviation f 

and frequency tuning time t . As a model of a dispersive delay line, a high-frequency delay line with taps, each of 

which includes a bandpass filter has been considered that makes it possible to study the behavior of the compression 

device for various parameters of radio signals to be processed. 

As an example of practical use, the possibility of using dispersive delay lines to compress chirp signals is 

considered and a block diagram of a radio receiving device is presented, which includes a compression unit based on 

DDL to increase the sensitivity of the receiver and improve the resolution in both range and frequency. 

Future research directions are associated with: 

 

– Receiver operation modeling with the signals of different nodulation types; 

– Detecting and processing noise-like signals by the compressive receiver; 

– Analysis of the creating possibility of a system for identifying signals from the various radio emission sources. 
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