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Abstract

Pulse compression is a method for achieving most of the
benefits of a short pulse while keeping within the practical
constraints of the peak power limitation. It is usually a suitable
substitute for the short pulse waveform except when a long
minimum range might be a problem or when maximum immunity
to repeater ECM is desired. Pulse compression radars, in addition
to overcoming the peak-power limitations, have an EMC
(Electromagnetic Compatibility) advantage in that they can be
made more tolerant to mutual interference. This is achieved by
allowing each pulse-compression radar that operates within a
given band to have its own characteristic modulation and its
own particular matched filter.. In this paper, we shall implement
(LFM) linear frequency modulation digital pulse compression
technique using (FPGA) which has distinct advantages compared
to other application specific integrated circuits (ASIC) for the
purposes of this work. The FPGA provides flexibility, for example,
full reconfiguration in milli-seconds and permits a complete single
chip solution.

Keywords: FPGA, Linear frequency modulation, Digital
pulse compression.

1. Introduction

Nowadays, Radars are commonly used in Air Traffic
Control System. It needs a good presence of target location
and good target resolution. Good range resolution can be
achieved with a shorter pulse. But on the other hand,
shorter pulses need more peak power. The shorter the pulse
gets, the more should its peak power be increased so that
enough energy is packed into the pulse.

High Peak Power makes the design of transmitters and
receivers difficult since the components used to construct
these must be able to withstand the peak power. In order to
overcome this problem, convert the short pulse into a
longer one then use some form of modulation to increase
the bandwidth of the long pulse so that the range resolution
is not compromised. This used scheme is called the Pulse
Compression Technique (PCT) and is used widely in Radar
applications where high peak power is undesirable.

Increasing the length of the pulse achieve the reduction in
the peak power of it. But, it reduces range resolution. To
avoid the compromise in range resolution, some form of
encoding must be done within the transmitted pulse, so that
it is possible to “compress” a longer pulse into a shorter one
in the receiver using suitable signal processing operations.

The easiest form of such encoding is to allow the radar
pulse to modulate a waveform or a sequence that is
uncorrelated in time but known at the receiver. A cross-
correlation operation at the receiver (using the known
transmitted waveform/sequence) will compress the long
received waveform/sequence into a short one. This is due to
the time auto-correlation properties of the transmitted
waveform/sequence, which is max. At zero-lag and almost
zero at lags other than zero. The time auto-correlation of a
deterministic function f(t) of time is given by:

Rir@ = | FOF e+ Dde ®
And, for a_roz;ndom signal X (t), it is given by:
Ryx(7) = E[X(®)X"(t + 7)] @

The objective of designing a good Pulse Compression
system is now to choose an encoding signal that has a very
narrow auto-correlation function.

2. Pulse Compression Radar

2.1. LFM Waveform
It is a frequency modulated waveform in which the
carrier frequency varies linearly in time for some specified
period (for CW radar) or within the pulse width (for pulsed
radar). To obtain this waveform, the phase must have a
quadratic dependence on time. The waveform voltage can
be written as
V (t) =V, cos ¢(t) =V, cos|a,t + O(t)] (3)
Where V, is the amplitude, wq is the carrier frequency,

and 0(t) is the phase.
When
o(t) = kt? (4)
The instantaneous frequency:
o= 80, 20 o

Fig. 1 providing intra-pulse modulation. A variant of the
linear FM waveform is the linear-step FM waveform, in
which the frequency versus time function is not the
continuous one.

827



Amplitude
h

e T IMR

4 1z
la)

Fa f— — 1_ -

Frequency

5

[

|

et

|

[ |
|
|
\
\

Time

Amplitude
i
3
o]

Amplitude

VBT
l /_-\\ Time
N7/ —
[¥-4]
oy — o — —,
=] ]
RN
ELV LT
L - Time

(e)

Fig. 1: LFM waveform and its compression:
(a) Transmitted waveform;
(b) Frequency of the transmitted waveform;
(c) Representation of the time waveform;
(d) Output of the pulse-compression filter;
(e) Same as (b) but with decreasing frequency.

2.2. Matched Filtering and Correlation

A correlation operation at the radar receiver indicates the
presence of a received echo by compressing the received
signal in time using its time-correlation properties. Matched
Filter performs the correlation operation. In fact, it can be
mathematically shown that matched filter using the time
reversed complex-conjugate of a signal is equivalent to
correlating with the signal. Consider the matched filter
operation between a signal x (t) and an impulse response h

®):

y(T) = x(t) *h(t) = f x(O)h(r —t).dt (6)

Replacing h (t) by x (—_t) in equation (6) convert the
matched filter operation into an auto correlation operation
for signal x (t).

Y@ = [ 2O - 0.t = Re) ™

Thus it is obvious that the auto-correlation operation
is mathematically equivalent to matched filter with a
time-reversed complex conjugate of the signal. In the
frequency domain, the product of the Fourier transforms of
the signal x(t) and its time-reversed complex-conjugate can
represent the matched filter.

Ryx(®) = FTHF[x(O]F[x* (D]} (8)
For the purposes of simulation and digital
implementation, the above operation can also be

represented using a discrete-time representation. Suppose x
(t) is sampled using a sampling duration T and has a finite
number of samples N = T/T;, the auto-correlation sequence
can be obtained as:

o0

R,.(m) = Z x(n) *x*(n—m) m=0,1, ....,N-1 9
n=—oo
Since the auto-correlation sequence is symmetric, it is
sufficient to consider only the positive lags. The above
operation can be implemented using the matched filter

operation. By defining h(n) = x*(—n), we have:

o0

Reem) = > x(@)h(m —n) (10)
Rya(m) = x(n) # x° (—n) (11)
Ry.(m) = IFFT[FFT{x(n)} X FFT{x"(-n)}] (12)

Where, the FFT and IFFT operations were used to
simplify the Correlation operation.

3. Model of Pulse Compression

By taking the pulse width is 102.41s, the phase curve is a
quadratic curve start from 64w to zero at the center of the
pulse then goes up again to 64w at the end of pulse, and the
bandwidth of the chip signal is 2.5MHz.

3.1. Model of LFM Transmitted Signal
By applying the previous condition of phase equation we
get that:
p(t)=at?>+bt+c
Where
a=1.220703125*10",
b=-1.25*10°
c=64n
By finding the equation of frequency we differentiate the
phase equation

d
() = a<p(t) = 2.44140625 * 101°t — 1.25 » 106 (14)

LFM signal (also known as the mathematical expression
of the Chirp signal):

(13)

t . K
s(t) = rect(T)eﬂ"(fC”ftz) (15)
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: —> h(t) }——
< Matched filter
Fig. 5: LFM Signal Matched Filter
7 7 As shown in figure 5, we get the output signal sy (t) from
the input signal s(t) after passing through the matched
o 1iD 2i0 3;3 AED . Eb SB 7iD EliD SiD 10;0 fllter h(t)
Time in u sec So(t) — S(t) * h(t) (19)
Fig. 2: Time vs. Phase ©
So(t) = f h(w)S(t —u)du (20)
o, >~< 10° — . FrEqulen-:y In!MHz \/'S Tlme' V ' — ,; So(t-)oo -0
| = f e JmKu? rect(z)eﬁ”fcu
10F------- ........ ............................................ ......... ........ ,_ — (21)
8 ....... . T . ] xeImkew? rect( )eﬂ”fc(t Wdu
P I ........ ......... ....... ........ When 0<t<T
: . g L Tz,
b - E D B o ........ - So(t) ZJ I TKE? = j2nKtu gy, 22)
|| T e e t=T/2
£ : 3 3 3 —j2mKtu T/Z .
] o 20 a0 40 & 6o 70 81 o0 oo So(t) = eJT[KtZ ej‘zﬁ x eJ2mfct (23)
Time in u sec - t—T/Z
Fig. 3: Time vs. Frequency . _
So(0) = sintK (T t)tejanct 24)
Hence, the real and imaginary parts of LFM transmitted Kt
signal in time domain will be Andwhen —-T <t <0
innK(T + t)t .
AT 7 T i so) = S T )
] r\ 1“ " H“ i H o) f ‘\“1” ‘I }I | ’ill il’"“w ‘L By merge equation (22) and equation (25), we get that:
.,. ‘ }“‘J ‘[ I i “31 _lel ]
El il W LRSI L [
|| ‘i ] H & 4: Vo w‘hjl\ V J' ‘ It Equation (26) is the output impulse response of the
LFM matched filter, where the constant carrier frequency is
| W'f" N :‘r“ " ‘ : ‘W 'H ‘ fc, and when t < T the envelope approximately (sinc)
P}\ll, W‘[ ‘\ HI‘”‘HI i i f ]\ " ,;lu‘ |”’ |1n Hl{’ ‘, w function.
I I \ | ‘ 4 1‘ | ‘\ 1” l] t t
I JN‘“ | RERERI |1|'|‘!‘E 5u(0) = Tsa(nBerect (77) @
Hy \ \\H “‘ \/ “-\‘ ‘f M I /| L
1 A AROERTAIRAINN L o
»
Fig. 4: Real & Imaginary Parts of LFM Transmitted Signal _49B
3.2. Model of Matched Filter 4
The matched filter impulse response of signal s(t) in | |t
time-domain should be as follows: T -1iB 118 ™
h(t) = s"(to—t) (16) »>| 18 (e

Where t, is the filter additional delay. Theoretical
so, equation(16) could be

analysis, can make t, =0,
rewrite as follows:

h(t) = s*(—t)

a7

Fig. 6: The Matched Filter Output Signal

The simulation results for the output of the matched filter
shown in Figure 7:

By substituting from equation (15) into equation (17)

we get:
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Fig. 7: Chirp Signal after Matched Filtering

3.3. 3Targets Simulation Results:

In this simulation, we can see how the pulse compression
affects the range resolution of the radar. Consider the
following parameters in (Table 1):

Table 1
Parameters of Model Simulation
Max range 150 Km
Signal waveform LFM signal
Bandwidth 2.5 MHz
Pulse width 102.4 us
Target 1 35.5Km
Target 2 111Km
Target 3 120Km
Target 4 125Km
Target 5 130Km

The simulation results shown in Figure 8.
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Fig. 8: Simulation Results
4. Hardware Implementation

4.1. Implementation of Transmitted LFM Waveform
The LFM waveforms are digitally produced when
PROMs are addressed by counters initialized by
instructions from the radar control process software. The
LFM waveforms, consisting of |1 and Q values, are D/A
converted and applied to transmit IF generation circuits.
Twelve parallel bits representing the count are output from
the counter function and presented to a phase PROM and a
timing PROM. The timing PROM is used to determine the
start and end of the transmit gate and the waveform

generator cutting gate. Waveform generators no. 1 and 2
transmit gates are ORed to provide a complete gate for the
duration of the final transmit waveform used by the exciter.
The timing PROM provides countdown/up and stop
information to the counter. Initially the counter counts
down until a zero count is reached. Then the timing PROM
changes the counter instruction to count up. An up count
continues until the timing PROM sends a stop command.

The phase PROM has been programmed to produce the
addresses for the sine/cosine PROMSs upon receipt of the
counter output. A 4:1 multiplexer selects one of four
sine/cosine sources that allow the waveform generator to
produce LFM waveforms.

The sine/cosine PROMSs contain sine and cosine tables
that produce digitally preprogrammed sine and cosine
values. The PROM tables contain the sine and cosine
values in offset binary code. Every 100 nanoseconds (10-
MHz clock cycle), PROM data is read out. This yields a
minimum of 8 points per cycle for the highest pulse
frequency. The multiplexer selects the counter output for
application to the sine/cosine PROMSs. This address
controls the sine/cosine PROM readout to provide a CW
signal at the frequency selected that is represented by | and
Q output. Fixed maximum or zero outputs may also be
selected. The digital LFM waveform outputs, | from the
cosine PROM and Q from the sine PROM, are applied to
the D/A converters. The D/A converters produce the analog
LFM cosine and sine (I and Q) waveforms from the digital
outputs of the PROMSs. Note that the LFM signal starts at
maximum frequency, decreases linearly to zero frequency,
and then increases linearly to maximum frequency.
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Fig. 9: FPAG Design of Transmitted LFM Waveform

4.2. Implementation of Matched Filter

The pulse compressor is the matched filter of the radar
receiver. The received signal is correlated to the known
transmitted spectrum. Only those target returns that result
from transmitter radiation are identified. Interference
signals generated externally to the radar are suppressed.
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The pulse-compressor function (Figure 10) is equivalent
to the matched filtering provided by a bandpass filter in a
conventional radar IF amplifier. A conventional receiver's
matched filter extracts amplitude modulation only; phase is
irrelevant. A pulse-compression receiver extracts phase
information and correlates it to the quadratic phase
modulation resulting from the transmitter LFM.

A fast Fourier transform in the pulse-compressor function
correlates the received signal return spectrum with the
known spectrum of the transmitted signal. The FFT is
analogous to a spectrum analyzer.

Pulse Compressor

Input E— Input Delay And Tap Select

| Q

y A 4

FFT-8 And Multiplication

Sumll SumlQ Sum2| Sum2Q
v A 2 A 2 A 4

Final Summation

Pulse Compressorl
output

Fig. 10: Pulse Compression Block Diagram

e Implementation of FFT

A complete FFT-4 is shown in (Figure 11). The FFT
matched filter, performing like a spectrum analyzer,
samples the input target to determine if all the spectral
components are present. These components identify the
input waveform as a true target. (Figure 11) shows four
groups of phasors similar to the one shown in Figure 3-46.
Each group of phasors responds to a separate spectral
component. Sum 0 sums the zero phase shift component.
Sum 1 sums those spectral components with multiples of
m/2 (90 degrees) phase rotation between taps; sum 2 sums 7
(180 degrees) multiples; and sum 3 sums [1-1/2x] (270
degrees) multiples. If the output port Ay, A;, A, and A;
outputs are summed, a maximum response results in
correlation. For example, the response of sum A, output
port can be shown as:

Ay = (0)ag + (m/2)a; + 2m)a, + (31/2)as (28)

INPUT TAPS
1

INPUT

SAMPLES

A,
ouTePuT
TAPS

SUM 0

Fig. 11: FFT-4 Phasor Diagram

Although the two basic components of the FFT, the
phasors and the summation, have been described as
theoretically separate items, (Figure 12) shows the actual
FFT-4 implementation. The circles of the diagram represent
arithmetic logic units (ALU) which function as simple
binary adders and provide the summation quality of the
FFT. Each adder has two inputs; each input has either a
plus or minus sign indicating the operation (addition or
subtraction) performed. If addition is performed, no phase
shift results. Subtraction, however, causes a 180 degrees (11)
phase shift.

INPUT TAPS

LEVEL | -
1

TO Q CHAN
FROM Q CHAN

LEVEL
2 —

OUTPUT TAPS

Fig. 12: FFT-4 Adder Implementation

5. Results

Experimental results measured from the implemented
radar processing model presented in Figure 10. All the
synthesized results are single realizations obtained using
Altera-Cyclon 1l FPGA. Using a EP2C8Q208C8N chip and
Quartus Il as a software design tool, simulation and logic
analyzer tool, we get the results as following:
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5.1. Generation of 4-bit LFM waveform
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Fig. 12: Generation of | & Q channels of LFM waveform

5.2. Resolving of one target:

ps 256us
Name 0ps

A Uy ———

51.2us 768us 102,4us 1280us

w0 Clk_10M

&1 | @ DATA

@6 | @oP J\

Fig. 11: Time response for matched filter for one target

6. Conclusion

A flexible real time implementation of digital pulse
compression suitable for all-digital radar receiver
architecture. Experimental results obtained presented a very
good agreement with the theory. The developed system can
further be enhanced to be used for surveillance pulsed
radars. The realization based on the FPGA chips makes it
easy to change the radar working parameters to adapt the
design to different situations which following the concept
of software defined radio (SDR).

The proposed architecture is a single chip solution for
both generation and receiver processing of pulse
compression.

Future research work requires additional investigation in
the windowing processing, and also we recommend testing
novel windows in frequency domain using FPGA.
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