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Moving targets are a real threat to pulse compression radars, especially
those operating with Doppler-intolerant waveforms. As the Doppler fre-
quency increases, the radar system performance degrades accordingly.
In the case of high-speed targets, the Doppler frequency is high enough
to distort the received signal, and consequently, the matched filter out-
put is distorted. Therefore, no target information could be extracted. In
this paper, we introduce a new Doppler compensation (DC) and esti-
mation technique for phase-coded pulse compression radars to allow
the detection of high-speed targets. Moreover, their Doppler frequency
value is estimated without ambiguity from one burst and without the
need for a range-Doppler module. In addition, the proposed method
does not require a synchronization system to perform its function. As
such, the implementation of the proposed method is simple and inex-
pensive. The performance evaluation of the new method shows its supe-
riority in compensation and estimation when examined under higher
Doppler frequency and noise compared to a conventional radar.

Introduction: Pulse compression (PC) technique is one of the most fun-
damental principles in pulsed radar signal processing as it allows good
range resolution beside transmitting high average power for long range
detection. PC is applied to two major classes of waveforms, frequency-
modulated (FM) and phase-modulated (PM) signals. A PM pulse is a
sequence of time segments, referred to as chips, such that the phase of
each chip belongs to a set of specific values. These signals are known
to have a perfect autocorrelation function (ACF), a wide bandwidth, and
a simple implementation. On the other side, PM waveforms suffer from
high Doppler values that appear at the matched filter (MF) output as
time-sidelobe level. The higher the Doppler value, the more degradation
occurs. As a result, the probability of false alarm 𝑃 𝑓 𝑎 increases while
the probability of detection 𝑃𝐷 decreases[1].

Nowadays, the detection of high-speed targets such as fighter aircraft
and artillery missiles has gained much attention as one of the most crit-
ical topics in current technology. In fact, the detection of these types
of targets by traditional radars is a challenging operation, specially for
radars using Doppler-intolerant signals, the effect of the high Doppler
frequency is severe and distorts the received echo. Therefore, the MF
output is severely degraded and the target information is lost. The effect
of high-speed targets on Doppler insensitive waveforms such as the
linear FM signals is serious, as it causes range/Doppler migration and
velocity ambiguity [2].

Regarding Doppler sensitive signals, many studies have been pre-
sented to compensate the Doppler frequency effect on PM waveforms. In
[3], the author presents a Doppler compensation (DC) method for com-
pensating the Doppler frequency influence on the binary phase-coded
signals. It is based on a Doppler shift emulator module with a multi-
channel correlation . The correlator outputs are compared to each other
and the maximum is registered. The limitation of this method is that
the multichannel correlation requires large hardware resources, result-
ing in a longer computational time and a costlier system. Moreover, the
Doppler information is lost. Authors in [4] succeeded to compensate the
Doppler effect on the complementary binary phase-coded signals. How-
ever, their algorithm depends on multiplying every sample at index 𝑛 by
the conjugate of the adjacent sample at 𝑛 + 1 to get the desired compen-
sated binary code. This algorithm requires generating a new sequence
of length N for every desired binary sequence of length N-1. For exam-
ple, Barker code 5 requires transmitting a new sequence of 6 samples
as {1, 1, 1, 1, −1, −1}. Therefore, the operation of generating a new
code becomes complicated as the desired code length increases. In addi-
tion, the Doppler information is lost. In [5], the authors presented a new
method to recover a binary phase-coded waveform and overcome the
Doppler intolerance at the expense of Doppler information. As such, the

authors relied on other waveforms to get the Doppler value, and there-
fore the complexity of the system is increased. These studies propose
techniques to compensate the Doppler effect at modest values regarding
targets moving with normal speed.

In this article, we introduce a new Doppler compensation and estima-
tion (DCE) method for high-speed targets. The proposed technique aims
to compensate Doppler frequency effect of high-speed targets on the
received PM signal. Subsequently, the MF outputs will be detectable. As
the Doppler information is lost during the DC operation, another process
is done for estimating the Doppler value. The substantial advantage in
our method is that no synchronization system is needed for predicting the
target arrival time, which makes its implementation simple and inexpen-
sive. Another interesting feature, we can determine the high-speed tar-
get from one burst without the need for a range-Doppler module, which
minimizes the processing time and the implementation resources, as it
is important when dealing with this target type. Our method presents a
new framework for high-speed targets radar signal processing.

This paper is organized as follows: first, the methodology of the pro-
posed technique is introduced with the mathematical details followed by
the the simulation results, and finally the paper discussion and the future
work are presented.

Main idea: The block diagram of the proposed algorithm is shown in
Fig. 1, it consists of two routes; the first route is devoted to the DC
process, and the second route is for estimating the Doppler frequency.
𝑋𝑟 [𝑛] denotes the received signal. The Doppler compensation and esti-

Fig 1 The block diagram of the proposed DCE algorithm.

mation (DCE) operation depends on transmitting two successive pulses.
The first pulse is the PM pulse, and the second one is the unmodulated
pulse, as shown in Fig. 2. The two pulses are equal in duration 𝜏 with
𝑁𝑝 samples, and pulse repetition time (PRT), 𝑇𝑟 , with 𝑁𝑡 samples.
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Fig 2 The transmitted waveform.

Doppler compensation algorithm: The DC approach depends on
sample-by-sample element-wise multiplication, where every sample of
𝑘𝑡ℎ order in the first PRT is multiplied by the conjugate of its equivalent
in the second PRT. As shown in Fig. 3, the DC block diagram involves

Fig 3 The block diagram of the DC algorithm.

a single delay line that has a value of 𝑁𝑡 delay elements, a conjugate
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module, and a multiplier. The output after the multiplication process is
a PM signal with a constant phase difference after Doppler suppression
(details are explained later on), which is similar to the MF signal stored
replica. Assuming that one sample for each subpulse is considered such
that the sampling period 𝑇𝑠 equals the subpulse duration 𝜏𝑐 , the trans-
mitted waveform in the discrete time domain can be represented as fol-
lows:

𝑋𝑡 [𝑛] = 𝑥𝑡1 [𝑛] + 𝑥𝑡2 [𝑛 − 𝑁𝑡 ] (1)

Where 𝑥𝑡1 [𝑛] and 𝑥𝑡2 [𝑛] are the phase-coded and the unmodulated
pulses, respectively. The transmitted pulses waveforms are defined as:

𝑥𝑡1 [𝑛] =
{∑𝑁𝑝−1

𝑘=0 𝑎𝑡1𝑒
𝑗 𝜙𝑘 𝛿 [ (𝑛 − 𝑘𝑇𝑠 ) ]

0 , 𝑁𝑝 ≤ 𝑘 < 𝑁𝑡 − 1
(2)

𝑥𝑡2 [𝑛] =
{∑𝑁𝑝−1

𝑘=0 𝑎𝑡2 𝛿 [ (𝑛 − 𝑘𝑇𝑠 ) ]
0 , 𝑁𝑝 ≤ 𝑘 < 𝑁𝑡 − 1

(3)

Where 𝜙𝑘 represents the phase for each time segment, 𝑎𝑡1 is the ampli-
tude of the PM pulse, 𝑎𝑡2 is the amplitude of the unmodulated pulse, and
𝛿 [𝑛] is the Dirac delta function.

At the receiver, and after the down-conversion and digitizing of the
received signal 𝑋𝑟 [𝑛], the discrete signals 𝑥𝑟1 [𝑛] and 𝑥𝑟2 [𝑛] are the
baseband target returns from the modulated and unmodulated pulses,
respectively, that can be written as:

𝑋𝑟 [𝑛] = 𝑥𝑟1 [𝑛 − 𝑁𝑑 ] + 𝑥𝑟2 [𝑛 − 𝑁𝑡 − 𝑁𝑑 ] (4)

Where 𝑁𝑑 is the target delay such that 𝑁𝑝 ≤ 𝑁𝑑 ≤ 𝑁𝑡 . The signals
𝑥𝑟1 [𝑛] and 𝑥𝑟2 [𝑛] are explicitly defined as:

𝑥𝑟1 [𝑛] =
𝑁𝑝−1∑︁
𝑘=0

𝑎𝑟𝑛1𝑒
𝑗 (𝜙𝑘+2𝜋 𝑓𝑑 (𝑛−𝑁𝑑−𝑘𝑇𝑠 ) ) + 𝑁1 [𝑛] (5)

𝑥𝑟2 [𝑛] =
𝑁𝑡+𝑁𝑝−1∑︁

𝑘=𝑁𝑡

𝑎𝑟𝑛2𝑒
𝑗 (2𝜋 𝑓𝑑 (𝑛−𝑁𝑑−𝑘𝑇𝑠 )+\ ) + 𝑁2 [𝑛] (6)

Where 𝑎𝑟𝑛1 and 𝑎𝑟𝑛2 are the sample amplitudes of the PM and unmod-
ulated pulses respectively, 𝑁1 [𝑛] and 𝑁2 [𝑛] represent the added noise
for each pulse, respectively, where 𝑓𝑑 is the target Doppler frequency,
and \ is the phase difference between the two received echoes.

In Fig. 4, a received PM pulse, nested-Barker of 507 samples, of a tar-
get at time 𝑇1 is shown. Fig. 4(a) shows the distortion in received signal
as the result of a high-speed target. In this case, no information could be
extracted at the MF output. After the proposed compensation process,
however, the PM pulse is recovered as shown in Fig. 4(b), and the MF is
then valid for the detection process. Since the received signal is contam-
inated with noise, whose variance increases because of the multiplica-
tion operation. Wavelet denoising algorithm is one of the non-expensive
solutions for minimizing the noise level at the first stage and also after
the multiplication process. Wavelet analysis separates the original signal
into various frequency components, and examines each component sep-
arately. Depending on the frequency, the basis functions of the wavelet
transform are scaled. There are several varieties of wavelets. They have
diverse qualities and come from various wavelet families [6]. The Haar
wavelet is used in the proposed scheme.
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Fig 4 The received PM pulse (a) Before the DC algorithm. (b) After the DC
algorithm.

Applying the algorithm explained in Fig. 3, the multiplier output 𝑌
′
𝑟

is represented as:

𝑌
′
𝑟 [𝑛] = 𝑋

′
𝑟 [𝑛] ⊙ 𝑋

′∗
𝑟 [𝑛 − 𝑁𝑡 ] (7)

Where 𝑋
′
𝑟 is the wavelet-denoised version of 𝑋𝑟 , (∗) denotes the com-

plex conjugate operation, and ⊙ refers to the element-wise multiplica-
tion. The multiplier output for any two samples separated by 𝑁𝑡 samples
(because of the delay line) will be modeled as:

𝑌
′
𝑟 [𝑛] = (𝑎′

𝑟𝑛1𝑒
𝑗 (𝜙𝑘+2𝜋 𝑓𝑑 (𝑛−𝑁𝑑 )𝑇𝑠 ) + 𝑎𝑛1 𝑁1 [𝑛] )⊙

(𝑎′
𝑟𝑛2𝑒

𝑗 (2𝜋 𝑓𝑑 (𝑛−𝑁𝑑−𝑁𝑡 )𝑇𝑠+\ ) + 𝑎𝑛2 𝑁2 [𝑛] )∗
(8)

Where 𝑎
′
𝑟𝑛1 , 𝑎

′
𝑟𝑛2 , 𝑎𝑛1 , and 𝑎𝑛2 are the amplitudes of the two pulses

samples and the two added noise samples after the wavelet denoising
stage, respectively. The expression in (8) can be simplified as:

𝑌
′
𝑟 [𝑛] = (𝑎′

𝑟𝑛1𝑒
𝑗 (𝜙𝑘+2𝜋 𝑓𝑑𝑛𝑇𝑠+\1 ) + 𝑎𝑛1 𝑁1 [𝑛] )⊙

(𝑎′
𝑟𝑛2𝑒

𝑗 (2𝜋 𝑓𝑑𝑛𝑇𝑠+\2 ) + 𝑎𝑛2 𝑁2 [𝑛] )∗
(9)

Where \1 = −2𝜋 𝑓𝑑𝑁𝑑𝑇𝑠 , and \2 = −2𝜋 𝑓𝑑 (𝑁𝑑 + 𝑁𝑡 )𝑇𝑠 + \ . The
output after element-wise multiplication is:

𝑌
′
𝑟 [𝑛] = 𝑎

′
𝑟𝑛1𝑎

′ ∗
𝑟𝑛2𝑒

𝑗 (𝜙𝑘+2𝜋 𝑓𝑑𝑛𝑇𝑠+\1 )𝑒− 𝑗 (2𝜋 𝑓𝑑𝑛𝑇𝑠+\2 )

+ 𝑎
′
𝑟𝑛1𝑎

∗
𝑛2𝑒

𝑗 (𝜙𝑘+2𝜋 𝑓𝑑𝑛𝑇𝑠+\1 )𝑁 ∗
2 [𝑛]

+ 𝑎𝑛1𝑎
′ ∗
𝑟𝑛2 𝑁1 [𝑛]𝑒− 𝑗 (2𝜋 𝑓𝑑𝑛𝑇𝑠+\2 ) + 𝑎𝑛1𝑎

∗
𝑛2 𝑁1 [𝑛]𝑁 ∗

2 [𝑛]

(10)

After some simplifications, the expression represented in (10) can be
written as:

𝑌
′
𝑟 [𝑛] = 𝑎

′
𝑟𝑛1𝑎

′ ∗
𝑟𝑛2𝑒

𝑗 𝜙𝑘𝑒 𝑗 (\1−\2 ) + 𝑎
′
𝑟𝑛1𝑎

∗
𝑛2𝑒

𝑗 (𝜙𝑘+2𝜋 𝑓𝑑𝑛𝑇𝑠+\1 )

𝑁 ∗
2 [𝑛] + 𝑎𝑛1𝑎

∗
𝑛2 𝑁1 [𝑛]𝑁 ∗

2 [𝑛] + 𝑎𝑛1𝑎
′ ∗
𝑟𝑛2 𝑁1 [𝑛]𝑒− 𝑗 (2𝜋 𝑓𝑑𝑛𝑇𝑠+\2 )

(11)

The output is fed into wavelet denoising filter; the result is written as:

𝑌𝑟 [𝑛] = 𝑎
′′
𝑟𝑛1𝑎

′∗′
𝑟𝑛2𝑒

𝑗 𝜙𝑘𝑒 𝑗 (\1−\2 ) + 𝑎
′′
𝑟1𝑎

∗′
𝑛2𝑒

𝑗 (𝜙𝑘+2𝜋 𝑓𝑑𝑛𝑇𝑠+\1 )𝑁 ∗
2 [𝑛]

+ 𝑎
′
𝑛1𝑎

′∗′
𝑟𝑛2 𝑁1 [𝑛]𝑒− 𝑗 (2𝜋 𝑓𝑑𝑛𝑇𝑠+\2 ) + 𝑎

′
𝑛1𝑎

∗′
𝑛2 𝑁1 [𝑛]𝑁 ∗

2 [𝑛]
(12)

Where 𝑌𝑟 is the denoised multiplier output, and the second (′ ) on the
sample amplitudes denotes the effect of the second wavelet denoising
algorithm.

In (12), the first term is the Doppler-compensated phase-modulated
term with a constant phase difference. This term is close to the replica
signal in the MF. The amplitude and the phase constant are mainly
depend on the target parameters and channel conditions. The effect of
Doppler frequency appears in the next two terms multiplied with noise.
It should be noted that the Doppler effect is an additive effect not a mul-
tiplicative one as before. Therefore, its effect on the algorithm perfor-
mance is significantly decreased. The last term is only noise which is
already reduced after the wavelet process.

Doppler frequency estimation: Since the Doppler information at the
output of the proposed DC module is lost, we rely on another module to
get the value of the Doppler, namely, the Doppler estimation (DE) mod-
ule. The DE method depends mainly on the unmodulated pulse, which
holds the Doppler signal contaminated with noise. After the wavelet
filter, the Fast Fourier Transform (FFT) algorithm is used to calculate
the pulse spectral coefficients. Doppler value is calculated based on the
index of spectrum peak 𝐷𝑛, which corresponds to the Doppler bin num-
ber. By taking the average value of the Doppler bin over 𝑁𝑟 iterations,
the Doppler value 𝑓𝑑𝑒

is estimated as indicated in (13).

𝑓𝑑𝑒
= 𝐷𝑏

𝑁𝑟∑︁
𝑛=1

𝐷𝑛

𝑁𝑟

(13)

Where 𝐷𝑏 is the Doppler resolution. It also should be noted that, the
necessary condition for Doppler extraction from oneburst is that the
Doppler value is high enough to complete at least one cycle within the
pulse width 𝜏 as shown in (14).

𝑓𝑑𝑚𝑖𝑛
≥ 1

𝜏
(14)

In our module, the fast time sampling, 𝑓𝑠 = 1/𝜏𝑐 , is considered when
calculating the spectral coefficients for the received signal. Therefore,
the maximum received Doppler frequency 𝑓𝑑𝑚𝑎𝑥

of a target is limited
by sampling frequency as indicated in (15).

𝑓𝑑𝑚𝑎𝑥
≤ 𝑓𝑠

2
(15)

2 ELECTRONICS LETTERS wileyonlinelibrary.com/iet-el



Table 1. Simulated parameters
Parameter Value

Modulation type BPSK Nested Barker(13*13*3)

Range resolution 100 𝑚

Operating wavelength _ 0.15 𝑚

Pulse repetition frequency 𝑓𝑟 296 𝐻𝑧

Sampling frequency 𝑓𝑠 1.5 𝑀𝐻𝑧

𝑃𝑅𝑇 3.38 𝑚𝑠

Duty cycle 10%
𝜏 338.169 `𝑠

𝑓𝑑𝑚𝑖𝑛
= 1/𝜏 2958 𝐻𝑧

𝜏𝑐 = 𝑇𝑠 0.667 `𝑠

𝑁𝑡 5070 𝑠𝑎𝑚𝑝𝑙𝑒𝑠

𝑁𝑝 507 𝑠𝑎𝑚𝑝𝑙𝑒𝑠

Doppler resolution cell 𝐷𝑏 = 𝑓𝑠/𝑁𝑡 296𝐻𝑧

𝑅𝑡 100 𝑘𝑚

𝑓1, 𝑓2, 𝑓3 29600 𝐻𝑧, 9472 𝐻𝑧, 59200 𝐻𝑧

Simulation and analysis: The performance evaluation is done by the
well-known curve that combines, 𝑃𝐷 and 𝑆𝑁𝑅 at a given probabil-
ity of false alarm (𝑃 𝑓 𝑎). We can call it “PD curve”. A moving target
is simulated at different 𝑓𝑑 values at a given range 𝑅𝑡 relying on the
simulation parameters that are listed in Table 1.

To examine our new method using the PD curve, a constant false
alarm rate (CFAR) processor is added after the MF to compute the
adaptive threshold. Note that, the proposed algorithm is added as a pre-
possessor module to the traditional radar processors (i.e MF and CFAR
processors). Fig. 5 shows the PD curve for the proposed method and the
traditional method at three different frequencies: 𝑓1, 𝑓2, and 𝑓3. In our
case, we analyze 𝑆𝑁𝑅 with respect to PD for the given 𝑃 𝑓 𝑎 value of
10−6. This value is a typical value in radar system. It is calculated by
injecting noise only to the system and computing the K factor of CFAR
that ensures the selected 𝑃 𝑓 𝑎 value. From the figure, the performance of
the proposed technique is superior than the traditional radar processing
method at all 𝑆𝑁𝑅 values.
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Fig 5 PD curves for three frequencies with and without DC
Fig. 6 shows the MF output with and without using the proposed algo-

rithm for a moving target at range 𝑅𝑡 and Doppler frequency 𝑓𝑑 = 𝑓3 at
𝑆𝑁𝑅 = 0 dB. The outputs show that our DC method can detect target at
its specified range without the effect of Doppler as in conventional MF
output which is totally distorted.
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Fig 6 The MF output With and without DC

As a further assessment, the sensitivity of the proposed algorithm in

estimating high Doppler values at different 𝑆𝑁𝑅 values is evaluated. In
Fig. 7, the three Doppler frequencies 𝑓1, 𝑓2, and 𝑓3 are selected, such
that they lie in the Doppler cells 100, 32, and 200, respectively. The
estimated Doppler cell is obtained by calculating the average value of
the estimated Doppler bin over 1000 iterations for every 𝑆𝑁𝑅 value.
From Fig. 7, the DE module has a promising output when 𝑆𝑁𝑅 ≥ −9
𝑑𝐵.
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Fig 7 Doppler Frequency estimation at different SNR values
Discussion: The proposed DCE technique is mainly effective against
high-speed targets whose Doppler frequencies are within the range spec-
ified by (14) and (15). In the case of low and intermediate target speeds,
the traditional radar signal processing techniques will be adequate for
extracting the target information. Therefore, our proposed algorithm
could be used as a sub-module in a typical radar. The user could acti-
vate the module based on the situation and the expected threats.

Conclusion and future work: High-speed targets are a real threat for
radar systems operating with phase-coded waveforms because they are
categorized as Doppler-intolerant signals. As a result, their correspond-
ing MF output is disfigured due to the dissimilarity between the received
signal and the MF stored replica. Therefore, estimating the range and
velocity of targets is almost impossible. The proposed method presents
an effective solution for compensating the Doppler effect to recover the
shape of the received signal, and then retrieve the well-known shape
of the correlation at the MF output. In addition, the Doppler frequency
information has been extracted using the Doppler estimation module
using only one busrt. The analysis of our method showed that the perfor-
mance of the radar system is significantly enhanced. Our future develop-
ments will include enhancing the performance of the proposed method
by suppressing the sidelobes shown in 6, evaluating the robustness of the
algorithm with multiple targets, and investigating the performance of the
new method with different types of clutter.
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