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 The aim of this paper is to present the details of signal processing techniques in 

radars. These techniques are strongly based on mathematics and especially on stochastic 

processes. Detecting a target in a noisy environment is a many folds sequential process. Two 

applications of the suggested sonar detector will be discussed: the cross-correlator detector 

and the matched filter detector. In each scenario, we are interested in the detector's output 

while the input signal is free of noise and when the signal is contaminated by noise, which is 

considered to be Gaussian noise. Due to the reduced complexity and computation time 

associated with the matched filter construction, the cross-correlator detector's complexity can 

be solved. 

Additionally, this article presents a digital implementation of a modified recursive tapped 

delay line integrator (transversal filter). A delay line constructed using analogue techniques 

has a big dimension and is unstable. Many of these issues are addressed by the digital 

application of this filter. Additionally, this work offers a digital implementation of a modified 

recursive SPMF (Single Pulse Matched Filter) and a modified recursive matched filter. Thus, 

an optimal sonar detector is developed and implemented using a digitally updated recursive 

matching filter. 
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1. Introduction 

        Radar, sometimes known as active sonar, is a technology that transmits a known-shaped wave and receives the echoes 

returned by various obstacles or targets. The transmitted wave can be of pure frequency or modified in terms of amplitude, phase, 

or frequency. At the point of reception, this wave must be amplified and analyzed in some way. This amplification has the effect 

of inflating the received signal with false noise. In general, this noise can be classified as white and Gaussian, depending on the 

frequency band used. If the target is stationary, the received signal is a noisy reproduction of the sent signal, with a delay equal to 

the target's two-way route and modified by a complex coefficient (amplitude and phase) due to attenuation caused by propagation 

and reflection from the target. Although the existence of this complex coefficient is unknown, signal processing must obviously 

take it into account [1]. If the target has a constant range-rate motion, the Doppler Effect generates further distortion of the 

transmitted signal by a frequency shift proportional to the radial velocity of the target and to the transmitted frequency. In general, 

the received signal in active radar or sonar can be modeled, to a first approximation, by a replica of the transmitted signal, which 

is distorted in a known manner when the set of parameters is known and multiplied by an unknown complex coefficient and to 

which Gaussian noise has been added [2],[10]. 

The improvement of a sonar system entails optimizing the following factors: [5]  

• The transmitted signals (waveform, carrier frequency, transducer positioning, or, in passive systems, the frequency 

bands used.  

• The receiver structure in order to maximize the accuracy of target parameter estimation or detection probability 

given the noise and spurious signal characteristics. 

 

The effectiveness of the present-day submarine depends upon its ability to remain undetected for long periods of time while it 

searches, tracks, or attacks from beneath the sea surface. Before a submarine can be attacked, it must be detected.  

 

The following processors are used to increase detection performance in this article: 

• The digital SPMF is used to increase the signal-to-noise ratio of a single pulse S-time in comparison to an analogue 

filter, where S is the number of samples contained inside the pulse. 
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• The suggested digital transversal filter improves the signal-to-noise ratio of a train of N-pulses by N-time when 

compared to an analogue filter, where N is the number of pulses inside the pulse repetition period. 

• The suggested digital matched filter improves the signal-to-noise ratio of a train of N-pulses by SN times. 

• A modified sonar detector based on a digital modified recursive matching filter is proposed. 

 

All of these processors are implemented in both recursive and non-recursive fashion. 

 

2. Digital Filter-Based Optimization of Sonar Performance 

Take the signal transmitted by the radar or sonar's transducer as an example. Due to the fact that this signal is often narrowband, 

it can be expressed as: 

   
tjw

etuts 0  
(1)  

Where u(t) is the complex envelope of the transmitted signal; where s(t) is the carrier's angular frequency [5,13]. Then, the signal 

received from a target at range and with radial velocity v, is as follows: 
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Where B denotes the bandwidth of the signal, T is the duration of the signal, and A denotes the amplitude of the received signal. 

Additionally, this signal is spelled as: 
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Where θ is the vector containing the parameters to be measured, which equals: is the vector of the parameters to be measured, 
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It is self-evident that the fundamental difficulty of sonar is to determine the arrival time and frequency of a signal. The two-way 

travel of the sent wave has the following consequences on the radar or sonar signal received [5]. 

• A delay of 2R0/c. 

• A phase shift.  

• A shift in the received frequency (Doppler Effect d = 2 v/). 

The impulse response of a filter that is matched to a particular received signal is identical to the wave shape of the received signal. 

The intermediate frequency (IF) amplifier [6] is a simplified version of a matched filter that utilizes the received reflected pulse 

from the target. If the target's reflected echo is a train of N-pulses, integrating these pulses can significantly increase target 

detectability. Integration may take place in the receiver's IF section (pre detection integration) or in the video portion (post 

detection integration) (post detection integration). Additionally, integration can be utilized to eliminate synchronous interference. 

In this situation, the input signal is quantized, i.e. it is assigned one of two levels "0" or "1" based on the received signal's amplitude 

comparison to a threshold level. When the threshold is set too low, the likelihood of a false alert increases while the likelihood of 
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detecting the target falls. If this level is too high, the converse occurs. Typically, the threshold level is chosen using the Neyman-

Pearson optimization criterion [6], which results in an increase in the rate of false alarms. The integrator's output is compared to 

a second threshold level. This level corresponds to the output if M-pulses are received [M N], so that if the integrator outputs 

above this level, the target is assumed to be true; if it is less than this level, the received pulses are assumed to be noise or 

asynchronous jamming. This is referred to as the M-out-of-N criterion [4,12].  

The impulse invariance technique is a time-honored technique for creating digital filters [4]. Given a frequency characteristic, the 

analogue filter transfer function that best approximates is obtained using an appropriate analogue approach. In [9], the following 

approach is used to obtain the digital filter transfer function. Time and frequency domains are used to explain the digital filters 

[14]. 

The phrase "improvement factor" is used to characterize the filter's effect on the signal-to-noise ratio [S/N]. It has the following 

definition [8]: 

 

 

inputNS

outputNS
I

)/(

/


 

(7) 

Where  
powernoiseaverage
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NS )/(   

(8) 

Assume the input signal is a series of rectangular pulses of amplitude A and the noise is Gaussian in distribution with a standard 

deviation of σ.  

 

2.1. Filter with a single matched pulse  
 

The impulse response of a matched filter is defined as follows [9]: 

 

   ttXth op  

 
(9) 

Where opt  is an optimal delay that causes the filter to be causal, and ( ) indicates the complex conjugate with (). For post 

detection processing )(tX , the image of the input signal )(th  is used. Due to the rectangular pulse )(tX  having the following 

definition: 
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The Filter with a single matched pulse is found to have the following impulse response: 
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The analog implementation of equation (11) is shown in Figure 1 

  

Figure 1: Analog implementation of a filter with a single matched 
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The filter's output is the autocorrelation function, which takes the form [4] in our case. 
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Figure 2 illustrates the impulse response of a filter with a single matched pulse 

 
 

Figure 2: Filter impulse response to a single matched pulse 

 

If Sf  is the sampling frequency used to implement this filter digitally, then there are S samples during the pulse duration, where 

S is defined as: 

 

SP ftS                                               (13) 

The impulse response that corresponds to this is as follows: 
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Then, the Z-domain representation of this filter,  ZH , is given by [4]: 

 

   121 ....1   SZZZZH  (15) 

 

The non-recursive filter's frequency response to a single matched pulse is given by [4]: 
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Additionally, the time domain response of this filter is specified by: 

 

             SSSSS TsnXTnXTnXnTXnTy 1....21   (17) 

 

Figure 3 illustrates a non-recursive implementation of a digital filter using a single matched pulse with S=10  

 
Figure 3: Realization of non-recursive digital filter with a single matched pulse for S=10. 

 



K.H.Moustafa  et al.             Journal of Computing and Communication Vol.1, No.1, PP. 65-79, 2022 

69 
 

Figure 4 and Figure 5 illustrate the temporal and frequency domain responses of a non-recursive filter with a single matched pulse 

for S = 10 and 20. 

 

 
 

Figure 4: Time domain response of non-recursive filter with a single matched pulse for S=10, S=20 

 

 
Figure 5:  Frequency domain response of non-recursive filter with a single matched pulse for S=10, S=20 

 

It is obvious that when S increases, the autocorrelation function's peak increases. With a single matched pulse, the non-recursive 

digital filter is always stable. Meanwhile, it suffers from a slow processing speed and a high degree of complexity in its realization. 

The digital filter with a single matched pulse is used to enhance the receiver's performance when only one received pulse is 

received. The enhancement is proportional to the number of samples contained inside the pulses. This value is dependent on the 

duration of the pulse and the sampling period. The number of samples within one pulse is ten in the case of [δ=100 ms, Ts =10ms]. 

[9,12] express the transfer function of a recursive digital filter with a single matched pulse as follows: 

     111   ZZZH S  (18) 

Figure 6 depicts the corresponding implementation. 

 
Figure 6: Recursive realization of digital filter with a single matched pulse 

             

The problem of using a single matched pulse to realize a recursive digital filter is that it is only partially stable. Stabilization of 

such a filter is accomplished by multiplying a feedback recursive branch by a stabilization coefficient A. The stabilized function 

is then defined as follows: 

     11.1   ZAZZH S
 (19) 

Figure 7 illustrates the implementation of a stabilized recursive digital filter using a single matched pulse. 



K.H.Moustafa  et al.             Journal of Computing and Communication Vol.1, No.1, PP. 65-79, 2022 

70 
 

 
Figure 7: Stabilized recursive digital filter with a single matched pulse 

 

The time and frequency domain responses of a stabilized recursive digital filter are determined for various stabilization coefficients 

using a single matched pulse. The temporal and frequency domain responses of the stabilized recursive digital filter with a single 

matched pulse are shown in Figures 8 and 9, respectively, for S=10. 

 
Figure 8 Time domain response of the stabilized recursive digital filter with a single matched pulse for S=10, and 

A= 1.0, 0.9, and 0.8 

 

 
Figure 9: Frequency response of the stabilized recursive digital filter with a single matched pulse for S=10, and A= 

1.0, 0.9, and 0.8 

It is obvious that multiplying by the stabilizing coefficient A affects the space of the filter's output slightly. This distortion becomes 

more pronounced as the multiplication coefficient's value lowers. This distortion can be eliminated by adding another 

multiplication factor. Then equation (18) is more likely to: 
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(20) 

Because the factor is one of the numerator factors, it may be calculated using the denominator's one zero. Figure 10 illustrates the 

implementation of a modified recursive digital filter with a single matched pulse. 

 
Figure 10: Modified recursive digital filter with a single matched pulse 

 

Figure 11 and Figure 12 illustrate the temporal and frequency domain responses of the improved recursive digital filter with a 

single matched pulse for various multiplication factors. 
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Figure 11: Time domain response of the modified recursive filter with a single matched pulse for S=10, and A= 1.0, 0.9, 

and 0.8 

 

 

 

 
Figure 12: Frequency response of the modified recursive filter with a single matched pulse for S=10, and A= 1.0, 0.9, and 

0.8 

 

The (S/N) ratio of a filter with a single matched pulse whose sample count is S, is given by: 

 
2

2



A
NS

input
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(21) 

This filter's peak output is determined to be: 

  ASny peak   
(22) 

Figure 15 Time domain response of a non-recursive transversal digital filter for N=10, L=100 and the average output noise 

power, 2

0m  of the filter is given by: 

22

0 Sm   
 (23) 

Finally, the filter's output can be expressed as: 

  )()( 2SASNS
output

  (24) 

Then, the enhancement factor of a digital filter with a single matched pulse is calculated as follows: 

SI          (25) 

 

2.2. Transversal Digital Filter 
 

The processing of an N-video pulse train necessitates the use of a transversal digital filter. A transversal digital filter's analogue 

implementation requires a tapped delay line with (N-1) sections, each with a delay period of Figure 13 illustrates the 

implementation of a non-recursive transversal digital filter. 

 
Figure 13: Implementation of the transversal digital filter in a non-recursive fashion for N=10 
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The time domain response of the non-recursive transversal digital filter for L=2, the pulse repetition time, and N=10 is shown in 

Figure 14 while its frequency response is shown in Figure 15.    

 

 
 Figure 14: Time response of a non-recursive transversal digital filter for N= 10, and L=2 

 

 
Figure 15: Frequency response of a non-recursive transversal digital filter for N= 10, and L=2 

 

Similarly to the situation of a digital filter with a single matched pulse, the modified transfer function of a transversal digital 

recursive filter is as follows: 
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The realization of a modified recursive transversal digital filter is shown in Figure 16 

 
Figure 16: Realization of a modified recursive digital transversal filter 

 

Figure 17 illustrates the time domain response of a modified recursive transversal digital filter with L=90, N=10, and A=0.95. 

Figure 18 illustrates the frequency response of a modified recursive transversal digital filter for L=2, N=10, A=0.98, 0.90, 0.80. 
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Figure 17: Time domain analysis of a modified recursive transversal digital filter for N=10, 

 L=100 and S=10  

  

 
Figure 18: Frequency response of a modified recursive transversal digital filter for L=2, N=10, A=0.98, 0.90, 0.80 

 

This filter's maximum output is calculated to be: 

  ANny peak   (27) 

The filter's average output noise power 2

0m  is determined by: 

22

0 Nm   
(28) 

The filter's output  NS is denoted by the formula: 

  )()( 22 NANNS
output

  (29) 

Binary integration's enhancement factor is given by: 

NI   (30) 

 

2.3. Filter matched digitally 
 

The digital matched filter for groups of N-video pulses is composed of a transversal digital filter for N-pulse integration 

cascaded with a single matched pulse filter. Before or after the transversal digital filter, the filter with a single matched pulse can 

be utilized [4]. Figure 19 illustrates a non-recursive implementation of a digital matched filter with S=10 and N=10. 
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Figure 19: Non-recursive realization of a digital matched filter for S=10 and N=10 

 

The time and frequency domain response of a modified recursive digital matched filter for N=10, S=10, and L=40 are shown in 

Figures 20 and 21. 

 

 

 
 Figures 20: Time domain response of a modified recursive digital matched filter for N=10, L=40 and S=10   

 
Figures 21: Frequency response of a modified recursive digital matched filter for N=10, L=40 and S=10 

 

The digital matching filter produces the following peak output: 

    ASNny peak   (31) 

The filter's average output noise power 2

0m  is determined by: 

22

0 SNm   (32) 

The filter's output  NS is as follows: 

  )()( 22 NSANSNS
output

  (33) 

Finally, the enhancement factor of the improved recursive digital matching filter can be calculated as follows: 

SNI   (34) 

 

3. Development of an optimal sonar detector 
 

The challenge of signal  ts  detection in noise  tn  entails deciding between two hypotheses based on the received signal

 tr : 

     tntstrH :1  (35) 

   tntrH :0
 (36) 
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Numerous criteria can be used; the most natural, and closest to the technique used in practice, is to examine two distinct types 

of error: 

 Deciding that there is a target (
1H ) when only noise is present (

0H ): this is a false alarm, with probability 
faP  for a given 

decision rule; 

 Deciding that there is no target (
0H ) when hypothesis 

1H  is in fact true: this is a non-detection of probability
ndP .  

 

It is self-evident that the two faults are mutually exclusive in practice. By reducing the likelihood of one of these errors occurring, 

you automatically increase the likelihood of the other occurring. The Neyman-Pearson practical criterion is utilized, which 

entails setting the false alarm probability to a predefined number and minimizing the non-detection probability [5]. The Neyman-

Pearson criterion is used as an optimization criterion in order to optimize detection probability while maintaining a constant 

false alarm probability. Typically, targets are recognized against a white Gaussian noise backdrop. 

 

The optimal detector is one that is based on this criterion. The structure of an ideal detector is depicted in Figure 22 (a). This 

detector is composed of the following steps: correlation with a replica of the expected signal (for each conceivable parameter), 

quadrature detection, normalization to the replica power, and comparison of these values to a threshold determined according to 

the required false alarm probability [5], [11]. 

 

 

 

 
                 (a) 

 
                 (b) 

 

 

 

               

  

 

                (C) 

Figure 22: The ideal sonar detector's structure 

 
This article discusses two distinct types of sonar detectors. The first model is a cross-correlator detector as illustrated in Figure 

22 (b), and the second model is a modified recursive digital matched filter detector as illustrated in Figure 22 (c). In each scenario, 

we are interested in the detector's output for two cases; the first case is the noise free input signal, and the second one while the 

input signal is surrounded by Gaussian noise.  

 

A set of channels corresponding to the estimated time delays from the echo target is required by the cross-correlator detector. 

There is a separate channel for each time delay, which increases implementation complexity. Rather than multiplying the input 

signal by a stored replica of the transmission signal, the matched filter detector multiplies the received signal by itself delayed in 

time. Due to its simplicity and speed of calculation, the cross-correlator detector's difficulty can be solved using a matched filter. 

As a result, our research focuses exclusively on one channel of an optimal detector. This channel corresponds to the goal echo 

delay of 50 milliseconds. As illustrated in Figure 22, this channel is enclosed by a dashed line (a). The input for two sonar detector 

models reflects a practical sonar system [3], which is considered to be a train of four rectangular pulses (N=4), each having a 

pulse width of 10 milliseconds (S=10), a pulse repetition period of L=100 milliseconds, and ten samples within each pulse. 
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3.1. Development of a sonar detector with cross-correlation 

 3.1.1 Consider the case of a noise-free signal. 

 

The cross-correlator detector's input and output are depicted in Figures 23 and 24. 

 

 
Figure 23: Cross-correlation input with N=4, S=10 ms, and L=100 ms 

 

 

Figure 24: Cross-correlation output for N=4, S=10ms, and L=100ms 

 

3.1.2 Consider the case of a signal that has been corrupted by Gaussian noise 

As illustrated in Figure 25, the cross-correlator detector is activated by a signal plus Gaussian noise, while the equivalent 

output is illustrated in Figure 26. 

  

 
Figure 25: Cross-correlation input with N=4, S=10ms, and L=100ms and contaminated by Gaussian noise 
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Figure 26: Cross-correlation output contaminated by Gaussian noise for an input of N=4, S=10ms, and L=100ms. 
 

4. Realization of a modified recursive digital matched filter sonar detector 
 

The digital matching filter performs an autocorrelation function between the received signal and a frequency response replica of 

the transmitted signal. However, while the cross correlation function is technically equal to the autocorrelation function, they are 

implemented differently in practice [7]. This indicates that the above-mentioned cross-correlator detector can be substituted with a 

modified recursive digital matching filter. Additionally, this digital filter is activated by a train of four rectangular pulses (N=4), each 

having a pulse width of 10 milliseconds (S=10), a pulse repetition period of L=100 milliseconds, and ten samples within each pulse. 

 

4.1.Consider the case of a noise-free signal. 

The digital matched filter detector's input and output are depicted in Figures 27 and 28.  

 

 
Figure 27: The input to the digital matched filter has the following parameters: N=4, S=10ms, and L=100ms 

. 

 

 

 

Figure 28: The output of the digital matched filter when N=4, S=10ms, and L=100ms are used as inputs. 
 

4.2.Consider the case of a signal that has been corrupted by Gaussian noise 

As illustrated in Figure 29, the digital matched filter detector is also activated by a signal plus Gaussian noise, and the associated 

output is displayed in Figure 30. 
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Figure 29: Input to the digital matched filter with N=4, S=10ms, L=100 ms, and contaminated by Gaussian noise 

 

 

 

 
Figure 30: Output of the digital matched filter for an input of N=4, S=10ms, and L=100 ms contaminated by Gaussian noise 

 

To verify the suggested modified sonar matched filter detector's performance in the presence of Gaussian noise, Figure 31 shows 

a comparison of the sonar detector's performance in the absence and presence of Gaussian noise. 

 

 
Figure 31: Comparing the outputs of a modified recursive digital matching filter for N=4, S=10ms, and L=100ms in 

the presence and absence of Gaussian noise 

 

According to the results reported previously, the cross-correlator detector performs identically to the digital matched filter detector 

when the signal is noise-free. A set of channels equal to the amount of time delays expected from the echo target is required for 

the cross-correlator. There is a separate channel for each time delay, which increases implementation complexity. Rather than 

multiplying the input signal by a stored replica of the sent signal, the matched filter multiplies the received signal by itself after 

it has been delayed in time. A digital matching filter can be used to solve the complexity of the cross-correlator structure. Finally, 

it is evident that the modified recursive digital matching filter is the preferable structure for the sonar detector. 
 

5. Conclusion 
 

The matching filter is a technique that is frequently employed in the identification of underwater targets using ultrasonic 

waves. The matched filter theory is based on knowledge of the precise shape of the pulse to be detected, and the filter is designed 

to maximize the SNR between the received signal and its delayed copy. Apart from the attractive attribute of boosting the SNR 

of its output when a signal is discovered, the matched filter is also optimal in terms of likelihood of detection. 
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Enhancing underwater detection performance requires boosting sonar detectability, which can be accomplished by utilizing either 

a digital single pulse matching filter or a digital delay line integrator (transversal filter), or by cascading both. 
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