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Abstract
We address the suppressing problem of smeared spectrum (SMSP) jamming from the
mixed signal received by the radar. To this end, we resort to the time-frequency analysis
algorithm and give the concrete expression formula of the short-time Fourier transform
(STFT) of SMSP jamming. The proposed method is to estimate the parameters of the
jamming signal based on the STFT result, and then the jamming signal is reconstructed
and suppressed form the mixed signal. In order to perform effective interference even
after the pulse compression process, the jamming-to-target ratio (JSR) is always
positive. Based on this assumption, the estimation steps for different parameters of
SMSP jamming are given, including the number of sub-waveforms, the amplitude, and
the time delay. The influence of choosing different window is also considered in this
paper. The estimated performance of this method is verified by Monte Carlo
simulation, and the results show the effectiveness of the proposed method.

Keywords: Smeared spectrum, Short-time Fourier transform, Parameter estimation,
Signal reconstruction, Jamming cancellation

1 Introduction
For a long time, the linear frequency modulation (LFM) signal plays a vital role in modern
radar system. As a kind of pulse compressed signal, it is insensitive to Doppler shift and
has a low probability of being intercepted. In order to counter this kind of signals, Spar-
row and Cikalo [1] proposed a new interfere strategy in 2006, which is named smeared
spectrum (SMSP) jamming. After being captured, the incoming signal is compressed in
time domain, and then repeated for several times to maintain the time width of signal
unchanged. As a result, the SMSP jamming has high similarity to target echo, and could
form a large number of false targets with a shape of comb after pulse compression pro-
cessing. It makes it difficult for radar to detect true targets and even makes the radar
system ineffective.
Along with the development of digital radio frequency memory (DRFM) technique,

the SMSP approach is getting more and more mature. However, there is an increasing
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concern over its recognition and suppression problems by many researchers. Essen-
tially, the chirp rate is the greatest difference between SMSP jamming and target echo
and is usually used in interference identification. In [2] and [3], the authors sepa-
rately utilized the matched signal transform and the fractional power spectrum to
recognize the SMSP jamming from the target signal according to their difference in
chirp rate. Similarly, the SMSP jamming is recognized by peak detection in the dis-
tance dimensionality of the discrete match Fourier transform result in [4]. In [5] and
[6], the authors respectively analyzed the features of SMSP jamming from the aspects
of the ambiguity function, the magnitude spectrum and the frequency spectrum, and
extracted these features to distinguish SMSP jamming and target echo. In [7] and [8],
Ding separately used the basis pursuit method and the sparse decomposition algo-
rithm to reconstruct signal and identified SMSP jamming by the difference of the
chirp rate.
In the study of SMSP jamming suppression, the existing methods can be divided

into two categories[9–12], jamming reconstruction and signal filtering. The jamming
reconstruction method actually contains two parts, jamming signal reconstruction by
estimating different parameters of jamming and jamming cancellation. On the other side,
the signal filtering method is achieved by transforming the jamming signal into other
domain and designing a proper filter to suppress it. Sun [9] proposed the methods to
counter SMSP jamming from three aspects, fractional Fourier transform, Fourier trans-
form, and atom decomposition, and all of these methods showed good performance.
In [10], Li suppressed the SMSP jamming by estimating its different parameters. How-
ever, this method may become invalid in low jamming-to-noise ratio (JNR) scenario,
because its time delay is directly estimated by finding the position where the ampli-
tude hops in the time domain of the received signal. By contrast, the estimation method
to time delay given in [11] showed stronger robustness by searching it within a detect-
ing window. In [12], authors firstly abandoned the jamming signal in time-frequency
domain, and then recovered the losing target signal by compressed sensing algorithm.
Although this method can totally suppress jamming signal, it suffers from a huge com-
putational burden. Different with these methods, Lu [13] regarded the jamming signal
as a kind of range false targets and suppressed it through pulse diversity, while it had a
performance loss.
Motivated by the huge difference between SMSP jamming and target echo in time-

frequency domain, we propose a parameter estimation method based on short-time
Fourier transform (STFT).
Comparing with other time-frequency analysis methods, like Gabor transform [14] and

Wigner-Ville distribution (WVD) [15], STFT have a simpler form and is easier to derive.
Moreover, it does not occur cross term [16]. As a kind of linear time-frequency represen-
tation method, the STFT algorithm is widely applied in medicine, optics, and many other
aspects [17–20]. In this paper, we focus on analyzing the STFT result of the mixed signal
and use it to estimate all parameters of jamming signal.
This paper is organized as follows. Section 2 will introduce the signal model of SMSP

jamming. In Section 3, we derive mathematical expression of STFT result in detail.
Section 4, we will give the detailed steps to estimate different parameters of jamming
signal. Simulation results and the comparison result with other method are shown in
Section 5. Finally the conclusions are given in Section 6.
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2 Signal models
After capturing the transmitted signal from radar, the jammer uses an A/D converter with
a clock l to store it. Once being recalled, the stored digital signal is converted into analog
signal by a D/A converter with a clockMl. Repeat these converting steps forM times, and
the SMSP jamming is generated [1].
Assume that the pulse Doppler radar transmits a baseband LFM signal

s(t) = exp
(
jπμt2

)
, μ = B/T , 0 ≤ t ≤ T (1)

where μ denotes the chirp rate, and B and T represent the bandwidth and the pulse
duration of transmitted signal, respectively.
According to the process of producing the SMSP jamming, it is composed ofM identical

sub-waveforms. Each of them is an LFM signal with bandwidth B and pulse duration
TJ = T/M, which results in its chirp rate isM times of the captured signal. Then, themth
sub-waveform of SMSP jamming can be formulated as [1]

J(m)(t) = AJexp
(
jπμ′(t − mTj)

2)

≈ AJexp
[
jπ

(
μ′t2 − 2mBt

)]

mTJ ≤ t ≤ (m + 1)TJ

(2)

whereAJ denotes the complex envelope of jamming signal, andμ′ = B/TJ = Mμ denotes
its chirp rate. In (2), we ignore the constant phase item that is independent of t. Thus, the
SMSP jamming signal can be written as

JSMSP(t) =
M−1∑

m=0
J(m)(t) (3)

Figure 1 shows the time domain of the SMSP signal. Due to the similarity in the sig-
nal’s form and the difference in chirp rate to the transmitted signal from radar, the SMSP
jamming can also obtain certain gain after pulse compression process. What is worse, it

Fig. 1 The time domain of SMSP jamming (B=15MHz, T=10us, M=5)
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can form plenty of false targets surrounding around the true target, which causes great
difficulty for radar to detect the real target.
As the LFM signal is not sensitive to Doppler frequency, the velocity of the jamming

signal is not considered here [11, 12]. Interfered by SMSP jamming, the mixed signal that
was received by radar is written as follows

y(t) = ATs(t − τt) + JSMSP(t − τJ ) + n(t) (4)

where AT denotes the complex envelope of target echo, τt and τJ represent the time delay
of target echo and SMSP jamming respectively, and n(t) denotes the white Gaussian noise.
In the following content, the signal-to-noise ratio (SNR) is defined as SNR = A2

T/σ 2
n , and

the jamming-to-signal ratio (JSR) is defined as JSR = A2
J /A

2
T , where σ 2

n is the power of
the noise.

3 The STFT of SMSP
The short-time Fourier transform divides a longer time signal intomany shorter segments
of equal length, and then computes the Fourier transform separately on each segments
[16]. It reveals the local time-frequency characteristics of signal.
Let h(t) be a narrow analysis window in time domain. Then, for an analog signal z(t),

its STFT is defined as

STFT(t, f ) =
∫ ∞

−∞
z(u)h∗(u − t)e−j2π fudu (5)

where (·)∗ stands for the conjugate operator.
Without loss of generality, we assume that the window function h(t) is rectangular with

length tL, i.e.,

h(t) =
{
1, 0 ≤ t ≤ tL
0, else

(6)

Generally speaking, the length of the window should not be too large to sufficiently
obtain the local features of the signal, or it does not exceed the time width of the sub-
waveform, i.e., tL < TJ .
Figure 2 illustrates the time-frequency characteristic of LFM signal and SMSP jamming.

It can be seen that the STFT of jamming signal should be discussed in two scenar-
ios according to the position of the analysis window, i.e., the window within a single
sub-waveform and the window across two sub-waveforms. We respectively denote the
corresponding STFT results as STFT1(t, f ) and STFT2(t, f ).

3.1 Windowwithin single sub-waveform

As is shown in the second plot of Fig. 2, when the analysis window is located in single sub-
waveform, the extracted signal is also an LFM signal with time duration tL and bandwidth
μ′tL.
Assume the analysis window is located within the mth sub-waveform. Then, the STFT

of jamming signal by this time is equivalent to the Fourier transform of the extracted LFM
signal [21] and can be calculated as follows
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Fig. 2 The diagram of STFT of SMSP jamming

STFT1(t, f ) =
∫ ∞

−∞
J(m)(u)h∗(u − t)e−j2π fudu

=
∫ t+tL

t
AJejπ(μ′u2−2mBu)e−j2π fudu

= AJe
− jπ(f+mB)2

μ′
∫ t+tL

t
ej(π/2)2μ′

(
u− f+mB

μ′
)2

du

(7)

Let

v = √
2μ′

(
u − f + mB

μ′

)
(8)

and perform the variable substitution. Then, (7) is rewritten as

STFT1(t, f ) = AJ√
2μ′ e

− jπ(f+mB)2
μ′

∫ v2

v1
ejπv

2/2dv

= AJ√
2μ′ e

− jπ(f+mB)2
μ′

·
[∫ v2

v1

(
cos

πv2

2
+ jsin

πv2

2

)
dv

]

(9)

where

v1 = √
2μ′

(
t − f + mB

μ′

)

v2 = √
2μ′

(
t − tL − f + mB

μ′

)

= v1 + √
2μ′tL

(10)

The Fresnel integrals, denoted by C(v) and S(v), are defined by

C(v) =
∫ v

0
cos

(
πx2

2

)
dx

S(v) =
∫ v

0
sin

(
πx2

2

)
dx

(11)
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Let

F(v) =[C(v + √
2μ′tL) − C(v)]+j[ S(v + √

2μ′tL) − S(v)] , (12)

and then (9) can be further rewritten as

STFT1(t, f ) = AJ√
2μ′ e

− jπ(f+mB)2
μ′ F(v1) (13)

The amplitude of (13) is

|STFT1(t, f )| = AJ√
2μ′ |F(v1)| (14)

Obviously, once the window function and the chirp rate μ′ of SMSP jamming are priori
known,

√
2μ′tL can be easy to be calculated. Then, we can obtain the maximum value of

|F(v1)| and further get the maximum value of |STFT1(t, f )|.
In fact, the real part and the imaginary part of F(v) can be separately seen as the slope

of the line between two points with fixed interval
√
2μ′tL in C(v) and S(v). According

to the functional properties of C(v) and S(v) and our experiment results, the value of
|F(v1)| maximizes when these two points are symmetric around the origin, which means
v1 = −√

2μ′tL/2. Substitute this equation into (10), we have
√
2μ′

(
t − f + mB

μ′

)
= −

√
2μ′tL
2

(15)

Thus, in each discrete frequency channel f = lf s/L, the time at which the local
maximum amplitude is located is

tmax = lfs
μ′L

− tL
2

+ mTj (16)

where L denotes the total number of frequency channels, and l = 0, 1, · · · , L − 1.

3.1.1 Window across two sub-waveforms

As is shown in the third plot of Fig. 2, the extracted signal segment includes two parts
when the analysis window spans two sub-waveforms, which are shown with red grid lines
and blue grid lines respectively.
Assume that the indexes of sub-waveforms that the analysis window spanned arem and

m + 1. It means that the window is located around the time t0 = mTj. Then, the STFT of
jamming signal by this time is calculated by

STFT2(t, f ) =
∫ ∞

−∞
J(m)(u)h∗(u − t)e−j2π fudu

=
∫ t0

t
AJejπ(μ′u2−2mBu)e−j2π fudu

+
∫ t+tL

t0
AJejπ [μ

′u2−2(m+1)Bu]e−j2π fudu

= AJ

[∫ t0

t
ejϕ1(u)du +

∫ t+t0

t0
ejϕ2(u)du

]

(17)

where ϕ1(u) = πμ′u2 − 2π(f + mB)u and ϕ2(u) = πμ′u2 − 2π [ f + (m + 1)B]u.
In order to obtain an approximate result about (17), we resort to the Euler’s formula and

divided each of them into real part and imaginary part. For the first component in the
fourth line of (17), we have
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∫ t0

t
ejϕ1(u)du

=
∫ t0

t
cos(ϕ1(u))du + j

∫ t0

t
sin(ϕ1(u))du

= P1 + jP2

(18)

As P1 and P2 is the integral of a cosine function around t0, it can be approximated by
Taylor series expansion. Let A1 = 2πμ′t0 − 2π(f + mB), then

cos(ϕ1(u)) ≈ cos(ϕ1(t0)) − A1sin(ϕ1(t0))(u − t0)

sin(ϕ1(u)) ≈ sin(ϕ1(t0)) + A1cos(ϕ1(t0))(u − t0)
(19)

Substitute (19) into (18), P1 and P2 can be rewritten as

P1 = (t0 − t)cos(ϕ1(t0)) + A1t0(t0 − t)sin(ϕ1(t0))

− A1sin(ϕ1(t0))
t20 − t2

2
P2 = (t0 − t)sin(ϕ1(t0)) − A1t0(t0 − t)cos(ϕ1(t0))

+ A1cos(ϕ1(t0))
t20 − t2

2

(20)

Similarly, for the second component in (17), let A2 = 2πμ′t0 − 2π [ f + (m + 1)B], and
we have

P3 =
∫ t+tL

t0
cos(ϕ2(u))du

= (t + tL − t0)cos(ϕ2(t0))

+ A2t0(t + tL − t0)sin(ϕ2(t0))

− A2sin(ϕ2(t0))
(t + tL)2 − t20

2

P4 =
∫ t+tL

t0
sin(ϕ2(u))du

= (t + tL − t0)sin(ϕ2(t0))

− A2t0(t + tL − t0)cos(ϕ2(t0))

+ A2cos(ϕ2(t0))
(t + tL)2 − t20

2

(21)

As the integral variable in (18) is around t0, it means the frequency of the extracted
signal is around B, i.e. f ≈ B in (20). Similarly, we have f ≈ 0 in (21). Then, it can be
deduced that

ϕ1(t0) ≈ ϕ2(t0),A1 ≈ A2. (22)

Substitute (20) and (21) into (17), and use the approximation in (22), we can yield

STFT2(t, f ) = AJ [ (P1 + jP2) + (P3 + jP4)]

= AJ {[tLcos(ϕ1(t0)) − AV sin(ϕ1(t0))]

+ j [tLsin(ϕ1(t0)) + AV cos(ϕ1(t0))]}
(23)

where AV = A1(t2L + 2tLt − 2t0tL)/2.
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Mathematically, STFT2(t, f ) is comprised of two orthometric vectors. Clearly, one of
the vector is fixed with length AJtL, and the another one is changeable with length AJAV .
When its module |STFT2(t, f )| minimizes, the vector related to t is 0, i.e.,

AJA1
t2L + 2tLt − 2t0tL

2
= 0 (24)

thus, we have

tmin = t0 − tL
2

(25)

Apparently, the analysis window is located in the middle of two sub-waveforms at this
point. And the corresponding minimum amplitude of STFT is

|STFT2(t, f )|min = AJtL (26)

Combining (12) with (23), we can obtain the complete STFT of the SMSP jamming

STFT(t, f ) =
{
STFT1(t, f ),mTj ≤ t < (m + 1)Tj − tL
STFT2(t, f ), nTj − tL ≤ t < nTj

(27)

wherem = 0, 1, · · · ,M − 1 and n = 1, 2, · · · ,M − 1.

3.2 STFT with other windows

In fact, if we choose other analysis windows, the close form of the STFT result of jamming
signal becomes very hard to obtain.
Let

h(t) =
{
g(t), 0 ≤ t ≤ tL
0, else

(28)

where g(t) can be a Hamming window and Gaussian window and so on. Then, the STFT
result of jamming signal can be derived by using the convolution theorem. The con-
volution theorem state that the filtering in time domain is equal to the convolution in
frequency domain. Take the first scenario as an example, the corresponding short-time
Fourier transform STFT′

1(t, f ) can be calculated as follows

STFT′
1(t, f ) =

∫ ∞

−∞
J(m)(u)h∗(u − t)e−j2π fudu

=
∫ t+tL

t
J(m)(u)g∗(u − t)e−j2π fudu

= 1
N

[∫ t+tL

t
J(m)(u)e−j2π fudu

]

⊗ G(−f )e−j2π ft

= 1
N
STFT1(t, f ) ⊗ G(−f )e−j2π ft

(29)

where ⊗ denotes the convolution operator, and G(f ) is the Fourier transform of g(t).
From (29), STFT′

1(t, f ) is the convolution of STFT1(t, f ) and the exponential weighted
G(−f ). Considering that the energy of G(f ) is concentrated in the narrow main lobe,
STFT′

1(t0, f ) is actually approximated to the product of STFT1(t0, f ) and the maximum
of G(f ) for a fixed start time t0. As a result, the maximum value of |STFT′

1(t, f )| can
be approximated as the product of the maximum of |STFT1(t, f )| and the maximum of
|G(f )|. This also hold true for the rectangular window in (7). In this case, G(f ) is a sinc
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function with very narrow main lobe. The factor 1
N exists to maintain the consistency

between these two equations.
The derivation of the STFT result in the second scenario is similar to this, and we do

not discuss it in detail here.

4 Methods of parameter estimation and jamming reconstruct
In order to reconstruct the SMSP jamming signal and suppress it from the mixed sig-
nal, it is our priority to estimate its parameters. Parameter estimation of SMSP jamming
includes three aspects: the number of sub-waveforms (or the chirp rate), the amplitude,
and the time delay.

4.1 Estimation of the number of sub-waveforms

Asmentioned earlier, the target echo could get larger gain after pulse compression process
than that of the SMSP jamming. Therefore, the JSR in the mixed signal is always relatively
great in order to achieve interference effectively even after pulse compression. Based on
this assumption, the module of STFT result of the SMSP jamming is bigger than that of
the target echo. Consequently, for the Fourier transform result on each signal segments,
the maximum amplitude in the frequency dimension always corresponds to the jamming
signal. This provides a chance for us to estimate jamming’s amplitude from the mixed
signal.
According to the time-frequency characteristics of the SMSP jamming as shown in

Fig. 2, its frequency hops between two adjacent sub-waveforms. Based on this fact, the
number of sub-waveforms can be estimated by following steps:
Step1: Calculate the STFT of the received mixed signal;
Step2: Search each time profiles, and choose the frequency channel that corresponds

to the maximum modules of the Fourier transform result, i.e.,

F(f ) = argmax
f

|STFT(t, f )| (30)

Step3: Count the number of frequency hopping M̃ from B to 0 inF(f ). Then, the num-
ber of sub-waveforms is estimated as M̃+1, and the corresponding chirp rate of jamming
signal can be estimated as μ̃′ = (M̃ + 1)B/T .
In fact, this step may become more visualized if we perform difference operation on

F(f ), and the result is the same.

4.2 Estimation of the amplitude of jamming

As mentioned in Section 2, the local maximum of STFT1(t, f ) is related to the value
of F(v1). Considering that the maximum of F(v1) is actually the maximum of F(v), the
estimation to amplitude AJ of SMSP jamming can be carried out through following steps:
Step1: Construct the function F(v) in (12) according to the estimated chirp rate μ̃′ and

the length tL of the selected analysis window;
Step2: Obtain the maximum value of |F(v)| by simulation experiment, and denote it as

Fmax;
Step3: Obtain all the local maximum modules in each frequency channel within each

sub-waveform |STFT|(i)lmax according to the STFT result of the mixed signal, except the
ones in which SMSP jamming intersects with target echo in time-frequency domain.
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Step4: Calculate the average value of |STFT|(i)lmax, i.e., |STFT|lmax = E{|STFT|(i)lmax}.
Then, according to (14), the amplitude of jamming signal can be estimated as

ÃJ =
√
2ũ′|STFT|lmax

Fmax
(31)

For the scenario when a non-rectangular window is chosen, ÃJ can be estimated by
normalizing STFT′(t, f )with the local maximummodule of rectangular window’s Fourier
transform G(f ).

4.3 Estimation of the time delay of signal

Without loss of generality, we consider the scenario that the jamming signal has same time
delay as the target echo, i.e. τJ = τt in (4). Actually, the estimated accuracy of time delay
could greatly impact the performance of jamming reconstruction and jamming cancella-
tion. In order to estimate the time delay more precisely, the method of combining coarse
estimation and fine estimation is adopted.
Firstly, the coarse estimation algorithm is used to roughly estimate the position of

the time delay. It is realized by analyzing the STFT result of SMSP jamming signal.
According to the time-frequency characteristics, the time interval between two adjacent
points, where SMSP jamming and target echo intersect in the time-frequency domain, is
T/(M − 1), so does the difference between the first intersection to the time delay. How-
ever, in the STFT result of the mixed signal, the amplitude stacks up at these positions. As
a result, the first intersection is located at the place where |STFT(t, f )| has the first maxi-
mum value (bigger than |STFT|(i)lmax), and its corresponding time delay is τJ +T/(M− 1).
Then, the coarse estimation of time delay τ̃J can be obtained.
Next, we further precisely estimate the time delay of jamming signal by following steps:
Step1: Search P adjacent range bins around τ̃J , and separately assume them as the

realistic time delay of jamming signal τ̃J + �τ
(p)
J , where �τ

(p)
J = pTs (p = −P/2 ∼ P/2).

Step2: Reconstruct the jamming signal J̃(p)SMSP(t) under each assumed time delay based
on the parameters that have been estimated. Obtain the corresponding canceled mixed
signal y(p)(t) = y(t) − J̃(p)SMSP(t).
Step3: Calculate the power of jamming and target in y(p)(t) after pulse compression

process, and separately denote them as Pj and Pt . When the output JSR (defined as Pj/Pt)
minimizes, the corresponding time delay is chosen as the true time delay of the jamming
signal, i.e.,

τ̃J + �τ̃J = τ̃J + �τ̃
¯(p)

J , p̄ = argmin
p

P(p)
j /P(p)

t (32)

4.4 Jamming reconstruction and suppression

According to the estimated results, the jamming signal J̃SMSP(t − τ̃J − �τ̃J ) can be recon-
structed with the form in (3), and then it can be suppressed by subtracting it from the
mixed signal (4).

5 Results and discussion
In this section, we conduct some simulation experiments to illustrate the effectiveness of
the proposed method in this paper.
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5.1 The performance of parameter estimation

The parameters of the target signal and the SMSP jamming are set as follows. The band-
width and pulse duration of transmit signal are 10 MHz and 50 us respectively, and the
sampling frequency is 20 MHz. The number of sub-waveforms of the SMSP jamming is
5, and the time delay of signal (target echo and jamming signal) is 100 us. The length of
rectangular window is 1.6 us.
Figure 3 shows the STFT result of the mixed signal when SNR is 5 dB and the JSR is

10 dB. The jamming signal and the target echo intersect in the time-frequency domain.
There are three apparent intersections, while the left two theoretical intersections are
located at the beginning and the end of the signal respectively, and cannot form high
peaks.
After estimating different parameters and reconstructing SMSP jamming according to

the steps which has been given in Section 3, the canceled signal after pulse compression
process is shown in Fig. 4. The parameters set in this simulation are more practical with
the SNR is − 3 dB and the JSR is 20 dB. For comparison, the pulse compression results of
the mixed signal and the target signal which only contains the target echo are also plotted
in Fig. 4. Obviously, the target is submerged in the jamming signal without cancellation,
and it cannot be detected by the radar. After interference cancellation, the position of
the target is very clear. Moreover, the canceled signal is basically coincide with the target
echo, which means the SMSP signal is almost suppressed.
We next conduct the estimation performance of the proposed method. The JSRs are

separately fixed as 5 dB and 15 dB, and the SNR changes from − 5 dB to 10 dB. The
estimation performances of different parameters are shown in Fig. 5. From Fig. 5a, it is
easy to find that the number of sub-waveforms can be correctly estimated once the SNR
is bigger than 3 dB when the JSR is 5 dB. When the JSR is 15 dB, the number of sub-
waveforms can always be correctly estimated. Figure 5b plots the root mean squared error

Fig. 3 The STFT result of mixed signal
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Fig. 4 The pulse compression results of different signals

(RMSE) of the estimation result of amplitude, and Fig. 5c respectively plots the RMSE of
the coarse estimation result and the fine estimation result of time delay. Clearly, the higher
JSR and higher SNR, the slower RMSE of parameter estimation, and the better estimation
performance. It should be noticed that the RMSE of fine estimation to time delay is always
0, which means the estimated time delay by this method has a pretty high accuracy.

Fig. 5 The estimation performance of different parameters when JSR is 5dB and 15dB separately. a The
probability of correct estimation to the number of sub-waveforms. b The RMSE of the amplitude. c The RMSE
of coarse estimation and fine estimation to the time delay
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Fig. 6 Time domain and frequency domain of different window functions. a Time domain. b Frequency
domain

5.2 The performance of jamming suppression

The STFT result with different analysis windowmay result in different estimated result of
amplitude. Here, a Hamming window and a Gaussian window are used for comparison.
Figure 6 gives the time domain and the frequency domain of different windows. In Fig. 7,
the estimated amplitude with different window is shown. Obviously, the result by using
rectangular window coincide exactly with the real value and is always slightly smaller than
that by using Hamming window and Gaussian window.

Fig. 7 Estimated value of jamming signal using STFT with different window functions
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In Fig. 6a, we set the time domain maximum of the three window functions to 1. From
Fig. 6b, the peaks of the three main lobes are 32, 16.82, and 15.39 respectively for the
spectrum of rectangular window, Hamming window, and Gaussian window. Obviously,
the Hamming window and the Gaussian window are almost the same and have a broader
main lobe than the rectangular window in their spectrum, while the steps in Section 4.1
only consider the maximum peak value in the main lobe and ignore the energy in the side
lobe of the spectrum. Consequently, the estimated amplitude, when choosing the non-
rectangular window, is greater than the real value. By comparing the main lobe width of
the spectrum of different window functions and the estimated error of amplitude, we can
conclude that the wider the main lobe of the spectrum, the more energy is lost and the
greater error of amplitude estimation. When the JNR is 30 dB, the estimation errors to
amplitude of hamming window and Gaussian window are about 2 dB.
In order to evaluate the performance of jamming cancellation, we use the definition of

the jamming suppression ratio R = JSR2−JSR1 in [11] and compare the performance with
it, where JSR2 and JSR1 are the JSR in the canceled signal after pulse compression and in
the received mixed signal (before pulse compression) respectively. Set JSR1 as 5dB, and
JNR changes from 5 dB to 30 dB. Both of the curves that the jamming suppression ratio R
versus JNR according to the method in [11] and in this paper are plotted in Fig. 8. It can
be seen that the jamming suppression ratio R obtained by the proposed method is almost
the same as that in [11] when the JNR is low. Due to the extremely high accuracy of the
amplitude, our performance is better and better as JNR increases. When JNR is 30 dB, the
R in our method is higher about 0.5 dB.

5.3 Discussion

Although the cancellation performance with rectangular window is better when com-
pared to other windows, this result is obtained when the window length is relative short

Fig. 8 Comparison of the jamming suppression ratio with other methods (JSR = 5dB)
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(e.g., 1.6 us). However, when the analysis window is longer, the spectrum of extracted sig-
nal with rectangular window becomes smooth, resulting in the approximate expression
in (13) which is not fully applicative to estimate the amplitude of jamming signal. In other
words, the cancellation performance with the rectangular window may deteriorate under
longer window length scenario, even worse than the method in [11].

6 Conclusions
We considered the interference suppression problem of SMSP in the mixed signal
received by radar. To this end, we resort to the method of parameter estimation and signal
reconstruction. The mathematical expression for the STFT result of the SMSP jamming
is derived. Based on this, the different parameters of SMSP jamming are estimated. The
number of sub-waveforms are estimated by the times of frequency hops in time dura-
tion, which is always correct when JNR is higher than 8 dB. The amplitude is estimated
through the modules of the STFT result of the mixed signal. The coarse estimation to
time delay is achieved by finding the position where SMSP jamming intersect with target
echo in time-frequency domain. By comparing the results of choosing different window
functions on the amplitude estimation of the SMSP signal, we find that the narrower the
main lobe of the window’s spectrum, the more accurate the amplitude estimation of the
jamming signal. The numerical simulations illustrate the accuracy of parameter estima-
tion and the effectiveness of jamming suppression through this method. Compared with
other methods, its jamming suppression ratio is higher about 0.5 dB when JNR is 30 dB.
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