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Abstract  A cueing wideband digital Electronic Warfare (EW) receiver is presented. The 
proposed receiver, which is to measure the instantaneous frequency and bandwidth of the 
intercept short-duration pulse radar signals that cue and match the corresponding ones, meets the 
requirements of good sensitivity and dynamic range for EW and can save hardware resources 
greatly as well. In addition, real-time signal processing, which is the main bottleneck for covering 
a wide instantaneous frequency band for EW receiver, is better solved in the proposed design 
structure. The highly efficient implementation and good parameter estimation algorithms are 
proposed as well. Theoretical analysis and experimental results show that this structure is feasible. 
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EW receivers are used for intercepting non- 
cooperative signals in complicated signal environment. 
This paper is devoted to the radar intercept (or just EW) 
receiver section. A modern EW receiver should meet 
the following demands in order to improve the 
interception probability[1-2]: 1) wide band frequency 
coverage; 2) high sensitivity and dynamic range;    
3) fine frequency resolution; 4) the capability of 
multiple simultaneous signals detection and real-time 
processing  

 

At present, the potential of rapidly evolving ADC 
(Analog-to-Digital Converter) and DSP (Digital Signal 
Processing) techniques and relaxing their limitations to 
enable the development of EW receivers has already 
been mooted throughout the world. Nevertheless, it is 
hard to implement an “all-digital” receiver for EW in 
recent years, and no widely acceptable solutions have 
emerged so far[1-6]. It shows real-time signal processing 
is the main bottleneck for covering a wide 
instantaneous frequency band for EW receivers. Most 
of the existing approaches are to adopt channelized 
receivers scheme to solve the bottleneck, but it needs 
to solve some critical problems such as the channel 
crosstalk and the vast hardware spending[6-9]. Another 
approach, proposed in this paper, is to measure the 
instantaneous frequency and bandwidth of the intercept 

short-duration pulse radar signals that cue and match 
the corresponding ones. In this scheme, it’s alike to use 
the idea of an IFM receiver cueing superheterodyne 
receiver. Methods aiming at resolving the bottleneck of 
ADC and DSP about software radio in Refs.[10-13] 
can be used for the design of EW receivers. With the 
development of signal processing techniques, we can 
adopt more robust and efficient methods such as 
multirate signal processing and bandpass signal 
processing to design a EW system that has low rate of 
multiplication and addition operation[14-22]. 

Hereby, we educe a new concept and 
implementation of a Cueing Wideband Digital EW 
Receiver (CWDEWR). The CWDEWR are able to 
process the intercept signals with bandwidth matched, 
solve the processing gap between ADC and DSP, and 
save hardware resources greatly simultaneously.  

1 CWDEWR System Architecture 
1.1 CWDEWR Principle 

The design idea of CWDEWR is to measure the 
instantaneous frequency and bandwidth of the intercept 
short-duration pulse radar signals that cue and match. 
the corresponding ones.  

The implementation architecture chart of the 
proposed CWDEWR is shown in Fig.1. 
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Fig.1  Architecture of the proposed CWDEWR 

The radar signal frequency after antenna is larger 
than 1 GHz and cannot be processed directly, and a 
tradeoff choice is to use low-IF (intermediate 
frequency) digitalization. The low-IF front-end utilizes 
high-speed ADCs (note that we exploit alternate 
sampling method in order to obtain a high sampling 
rate) to realize the wide band frequency coverage. The 
input IF radar signals which have different carrier 
frequency and bandwidth are quantized by high-speed 
ADCs and allocated to two data channels: one is sent 
into FIFO (First In First Out) buffer, and the other is 
sent into frequency measurement module. The buffer 
data and frequency measurement results are sent into 
Wideband Digital Downconverters (WBDDC). Then 
the high data rates after ADCs are decreased with 
WBDDC while information of the bandpass target 
signals are kept well. By applying FPGA (Filed 
Programmable Gate Array) to performing operation of 
extracting with the implementation efficiency of the 
polyphase filter bank decomposition and decimation, 
the narrowband signals with low data rates are 
exported and then their intra-pulse parameters are 
estimated in DSPs. At the same time, the bandwidth of 
the intercept different radar signal which matches the 
channel bandwidth is measured. So CWDEWR 
performs to cover a wide instantaneous bandwidth and 
receive the intercept radar signals with good sensitivity. 
Finally, the frequency down-converters outputs of 
in-phase (I) and on-quadrature (Q) data are sent into 
DSPs which perform parameter estimation. The 
pipeline processing method is used in CWDEWR.  

1.2 The Key Techniques of CWDEWR 
1.2.1 Frequency and Bandwidth Measurement of Two 

Simultaneous Signals 
The CWDEWR which uses highly efficient DDC 

(Digital Down Converters) needs to be cued by the 
frequency and bandwidth information of the target 
signals. Under the condition with the short data and 
limited SNR (Signal-noise Ratio), the job of measuring 
frequency using the outputs of the high-speed ADCs 
can be simplified to be the problem of estimating the 
frequencies of the radar signals with certain resolution 
using quick digital algorithms and to make it finished 
in real-time in pipeline processing mode 
simultaneously. By doing this, we may achieve the 
goal of intercepting the radar signals in full probability. 
So, a fast and high-resolution frequency measurement 
method, which can provide the cueing frequency and 
bandwidth information for the data rate converter 
module, is a key technique of the CWDEWR.  

Although some high-resolution frequency 
measurement algorithms and time-frequency analysis, 
etc.[2,5-6], can deal with multi-signals of EW receivers, 
usually they are computationally intensive and may not 
suitable for real-time application. Frequency 
measurement algorithms in frequency- domain can 
process multi-signals well and the algorithms based on 
FFT (Fast Fourier Transform) technique are easily 
implemented with hardware as well[23-25]. The 
CWDEWR uses two-signal frequency measurement 
algorithm based on the Spectrum Center of Gravity 
Method (SCGM)[25-27]. Signal frequency estimation, 
based on SCGM, is the method which follows the 
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gravity principle and measures the carrier frequency of 
signal with a different analysis window function by 
measuring the adjacent position where the main lobe 
center of spectrum is located at. It should be noted that 
the revision formula of the different window function 
is different. Generally, the window function is the 
rectangular window. As far as the rectangular window 
concerned, it only needs to calculate the gravity of the 
adjacent two points (i.e., ) of the 
highest amplitude point 

( 1) and ( 1)s n s n− +
( )s n

( )
. Therefore, the revisable 

bias value  of the highest amplitude nΔ s n  can be 
obtained. The  can be denoted as Eq.(1)[26]. So, the 
revision value of signal frequency estimation can be 
written as Eq.(2). 

nΔ
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( ) ( 1)
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( 1)  ,  ( 1) ( 1)
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+ Δ
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where sf  and N are the sampling frequency of ADC 
and the FFT length, respectively. n and nΔ  are the 
frequency band and offset position of the spectrum 
peak (i.e., revision position), respectively. f̂  is the 
frequency estimation value. 

Under the condition with certain SNR for two 
signals, multiple peaks of frequency spectrum may 
occur in frequency-domain, of which the maximum 
twos can be seen as two frequency components. By 
searching the peaks for twice, the two peaks can be 
resided accurately, and then the carrier frequency of 
two signals can be estimated. The following procedure 
shows about SCGM in brief. 

1) Search all peak value of amplitude spectrum, 
and then record the corresponding position and 
amplitude-frequency value one by one. 

2) By comparing amplitude-frequency value of all 
spectrum peaks, find the maximum two. 

3) Compare the maximum two, and then list in 
ascending order. 

4) By comparing amplitude value of both sides 
respectively, measure and revise the two signal 
frequency using Eqs.(1) and (2). 

In the next, we need to discern the numbers of the 
intercept radar signals. A valid method is proposed as 
follows. Assuming the spectrum is ( ),s k                    

1,2, ,k N= L . 
1) Let the mean of the spectrum lines be 

mean
1

1= (
N

k
)s s k

N =
∑  

2) Parallel comparison, let the sign of spectrum 

sign ( )s k  be mean
sign

mean

1,    ( )
( )

0,   ( )
s k s

s k
s k s

⎧
= ⎨ <⎩

≥
. 

3) By searching sign ( )s k , the numbers, which the 
continuous signs ,“111 … 111” occur, is the 
corresponding ones of the intercept signals. 

Finally, compare with a certain threshold value, 
and record the start and end position, so the distance 
between the two positions made above is the signal 
bandwidth. 
1.2.2 WBDDC Based on Polyphase Filter Structure 

In fact, the data rate converter system is a digital 
superheterodyne receiver. In other words, the different 
carrier frequency and bandwidth of the different signal 
is decimated according to its bandwidth, and then the 
baseband signal can be obtained in digital-domain. So 
the aim for decreasing the data rate and matching the 
processing capacity of the DSP back-end is performed. 
DDC has been applied in communication field widely. 
For data acquisition in radar reconnaissance scenario, 
there exists two major obstacles without enough speed 
for sampling and tuning quickly. In EW scenario, 
signal acquisition should cover a wide instantaneous 
bandwidth. Thus the sampling rate is more quick than 
400 MHz generally. With today’s DDC chip, it can’t 
meet the demand. Furthermore, the carrier frequencies 
of the adjacent pulse signals are variable. Therefore, 
tuning quickly between pulse and pulse is needed. 

Corresponding to the issues made above, we 
survey a method which can quickly perform WBDDC 
using mid-speed devices, and compress data, and 
intercept the variable carrier frequencies of the 
bandpass signals under the broadband condition. With 
today’s devices, the method can be implemented using 
FPGA[28-30].  

0cos nω

I(n)
M

x(t)

Q(n)
M

 
Fig.2  The typical structure of DDC 
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A typical structure of DDC is shown in Fig.2. For 
EW scenario, the bandwidth of the pulsed signal 
incepted is 30 MHz approximately in general. 
Compared with a wide segment of spectrum, the factor 
of M decimated can be very big. The typical structure 
of DDC, which combines multirate signal processing 
technique, can be optimized[30]. Via decimated 
according to the bandwidth, digital lowpass filtering, I 
and Q mixing, then a highly efficient implementation 
structure can be obtained[28-30].  

Using the fast frequency measurement technique in 
Section 1.2.1, one can obtain the coarse position of 
signal frequency segment, acquire the corresponding 
digital mixing sequence, and realize the various carrier 
frequencies of the bandpass digital signals to be tuned. 
Upon the input signal, xn, mixed by the complex 
sinusoids sequence, the sequence of sampling 
frequency sf  is tuned by DDC sequence. The tuning 
frequency 0f  can be decomposed with the coarse 
component  and the fine component / Nm df , i.e., 

   0

2πjj2π j2πe e e ,     =0,1, , 1d
mnf n f nN m N

−− −= −L   (3) 

where the tuning bandwidth is split into  channels, 
 represents the mth channel and 

N
/m N df  is the 

frequency delta of the channel, respectively.  
The variable carrier frequency signal with 

bandwidth B is covered with a certain channel, and the 
tuning bandwidth sf  being divided into some 
subbands is necessary. The signal located in the 
different channel selects the corresponding mixing 
sequence. By DDC processing, it can compress data 
according to the bandwidth of the intercept radar signal. 
In addition, the fine tuning isn’t necessary as well. So, 
the method, which combines the coarse tuning with 
overlap channel, can be employed. sf  is split into 

 sub-channels with the channel bandwidth 2N M=
/sf M  according to bandwidth B, then the adjacent 

channels overlap by 50%, provide adequate margin for 
filter transition to full stopband. The split of tuning 
channels is shown in Fig.3. 

sf
B

 
Fig.3  The split of tuning channels 

It is assumed that the tuning bandwidth 8sf B= , 
where  is the channel bandwidth with plus 

transition bandwidth, and  are the frequency 
response of different channel bandpass filter. If using a 
set of filters to cover the tuning range, the question of 
losing signals in the adjacent channel position 
wouldn’t appear. When the highest frequency 
component 

B

0 ~H H7

hf  of the bandpass signal is satisfied with 
1hK f B K< +/ ≤ , the tuning sequence selects the kth 

channel, i.e., the sequence input mixes the tuning 
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2πj

e
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N
−

. The periodic component of tuning 
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2πj

e
Kn

N
−

 corresponds to the  
sequence of the mth component of  DFT 
(Discrete Fourier transform), so it can be named as 
DFT tuning sequence. 

-pointsN
oints-pN

Combining polyphase filter with DFT sequence 
tuning, it’s a good idea to place the multipliers in the 
low rate side after decimation. Obviously, when the 
period N of the tuning sequence K

nW  is equal to 
fold- M  of the DDC back-end, K

nW  can be allotted 
to the only corresponding branch of DDC, and filtering 
operation of each branch is only real sequence as well, 

iltering, so that the operation cost is 
decreased greatly. By adding I and Q components after 
each branch mixes, the baseband signals can be 
obtained. In this way, because of the mixing and 
filtering operation at the low rate after decimation, the 
speed demand for hardware device is reduced and the 
operation efficiency is improved greatly. Whereas, 
when splitting channels with overlap by 50%, the 
period N of the tuning sequence  is the twice as 
the fold-M, i.e., N=2M, so the N coefficients can’t be 
assigned to M filter branches. Considering the 
periodicity of , it can be written as  

mixing after f

k
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k
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2e ,      

nk
≤  nk

n
MW

−
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2π 2πj ( ) j jπ2 2
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Thus, for even channels, the mixer has period M 
and can be assigned directly to the filter branches. For 
odd channels, the first M of the mixer coefficients can 
be assigned to the M branches, with an alternating 
+1/−1 multiplier also assigned to each branch so that 
the second M of the mixer coefficients are negated as 
the de-mux sweeps through the filter branches during 
the second half of the mixer. So we can obtain the 
hardware implementation structure which is shown in 
Fig.4. Of course, some other highly efficient 

H3 H5 

fs / B H f( ) k
HH 7 1 

H H H H0 2 6 8
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implementation methods can be seen in detail[28-30].  
In Fig.4, it only plots the kth branch of DDC, and 

other branches are identical. It can be written as  
2πj
2e

nkk nM
n kW C

−
= = + n

kjS             (6)                                     
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2

n
kC kn
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Fig.4  The efficient implementation of DDC             

1.2.3Modulation Type Recognition and Parameter 
Estimation 
It’s always crucial how to estimate accurately the 

parameter of the radar signals in the world. Nowadays, 
there’re some algorithms which have high resolution, 
but these algorithms are so complicated that it can’t be 
performed in real-time or near real-time with today’s 
hardware platforms[4-7]. Mainly based on the 
instantaneous auto-correlation theory, we address an 
algorithm which is simple, accurate and hardware 
efficient implementation, and can be realized with high 
resolution for parameter estimation of two 
simultaneous signals[31]. Generally, only three types of 
radar signals are concerned for EW receiver design. 
They are the pulsed Linear Frequency Modulation 
(LFM, chirp) signal, the Pulsed Binary phase Shift 
Keying (BPSK) signal, and the mono-pulse signal. So 
we mainly discuss on how to intercept the three type 
signals mentioned above. 

The spectrums of square of the different radar 
signals have different characteristics. For example, for 
the chirp pulsed signal   

21
0 2j2π( )( ) ( )el

f t kts t += u t      (7) 

The bandwidth of ( )ls t  is , where T is 
the pulse time width. 

lB kT∗ =

For the square of signal ( )ls t  

 
2

0j2π(2 )2 ( ) e ( )f t kts t += u t  (8) 

The bandwidth of 2 ( )ls t  is B , so * 2l k=

Similarly, the bandwidth keeps invariable for the 
mono-pulse signal and its square, and the bandwidth of 
the pulsed BPSK signal is larger than the bandwidth of 
its square. So, by comparing the change of  
bandwidth between signal and its square, modulation 
types can be recognized. We can use FFT technique to 
implement the algorithm, as shown in Fig.5.  
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Fig.5  The flow chart of signal modulation type recognition 

 These parameters (PDWs) are, nominally, 
composed of Pulse Repetition Frequency (PRF), the 
signal carrier/center frequency and modulation 
information. The parameters of the mono-pulse signal 
and PRF are easy to be estimated, so the LFM and 
BPSK signals are considered in detail. 

( )ls n
*( )

 multiplies its time-shifted conjugate 
ls n m− , written as Eq.(13). If the frequency of ( )x n  

is estimated, it can obtain the estimation value of chirp 
rate . k̂
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where  is the time reversal of ( )lc n ( )ls n , and Hf  
is the cut-off frequency. Once the center frequency of 

 is estimated using Eq.(10), the estimation value 
of center frequency of 

( )y n
( )ls n  can be obtained.  

For the digitized pulsed BPSK signal ( )bs n  
0j2π( ) [ ( )]e sf nT

b m s
m

s n a g nT mT= −∑       (11) 
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(s2(n))
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The pulsed BPSK signal employs subpulse having 
either 0- or 180-degree relative phase, but the square of 
the pulsed BPSK signal remove the phase variety 
between subpulse. Using Eq.(12), it can obtain the 
carrier frequency of the pulsed BPSK signal by 
estimating the frequency of ( )bx n . By estimating the 
phase skip position, the estimation value of the code 
rate  can be obtained. R̂

* * *

0 0
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 hasn’t the skip phase position. When  
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( )w t t≤ .

( ),
ot

( )
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y t

⎧
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τ
 and τ  is the 

delay time,  has the skip phase position when 
. Thus when , Eq.(13) has the minimum 

value zero. Eq.(13) is the function of 

( )y t

bt t= 2ct = bt
τ . All the 

positions where Eq.(13) is equal to zero are the phase 
skip ones.  

2 Test Results 
The experiment system is shown in Fig.6. The test 

interface is realized using LabVIEW[32]. 
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Fig.6  Experiment system for CWDEWR 

Experiment 1: the carrier frequency and code rate 
of the pulsed BPSK signal are 40 MHz and 2 MHz, 
respectively. The estimation values are 39.843 MHz 
and 1.978 MHz, respectively, as shown in Fig.7. 

 

Fig.7  The pulsed BPSK signal  

Experiment 2: the center frequency and 
bandwidth of the LFM pulsed signal 1 are 77.5 MHz 
and 5 MHz, respectively. And the center frequency and 
bandwidth of the other LFM pulsed signal 2 are     
25 MHz and 20 MHz, respectively. The estimation 
values for signal 1 are 78.515 MHz and 6.640 MHz, 
respectively. And the estimation values for signal 2 are 
25 MHz and 21.484 MHz, respectively, as shown in 
Fig.8 and Fig.9. 

 

Fig.8  The LFM pulsed signal 

  

parameter

Fig.9  The LFM pulsed signal 2 synthesis 

Experiment 3: the carrier frequency of the 
mono-pulse signal is 20 MHz. The estimation value is 
19.921 MHz, as shown in Fig.10.  

waveform 
sweeper generator 

From the practical results of system measurement, 
the CWDEWR can detect and recognize the 
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mono-pulse signal, the pulsed chirp signal, the pulsed 
BPSK signal, and can process two simultaneous 
signals as well. The estimation resolution of radar 
signals can meet design requirements. 

 

Fig.10  The mono-pulse signal 

3 Conclusions 
Theoretical analysis and experimental results 

verify that the CWDEWR is a good and novel 
approach to meet the demands of EW using fast 
frequency measurement technique, DDC technique 
with the combination implementation of highly 
efficient polyphase filter decomposition and 
decimation, and accurate and hardware efficient 
parameter estimation algorithms. In addition, the 
proposed structure is high efficient and easy to be 
implemented with today’s hardware devices. The 
CWDEWR, to our knowledge, has never been 
demonstrated before in a broadband EW receiver. 

Appendix 

The components of CWDEWR are shown in 
Fig.11~Fig.14. 

 
Fig.11  Outline of CWDEWR 

 
Fig.12  ADC printed circuit board 

 
Fig.13  DDC printed circuit board 

 

Fig.14  DSP printed circuit board 
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