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Sidelobe Suppression in Low and High
Time-Bandwidth Products of Linear FM
Pulse Compression Filters
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Abstract —The peak sidelobe suppression of unweighted linear FM
surface acoustic wave filters limits the dynamic range of pulse compression
systems. Using a discrete inverse Fourier transform “sampling technique”
and complex Fresnel integral algorithms, this paper extends previous
results of other authors from a time—bandwidth product of 50 up to the
high value of 720. In the present work, the weighting is applied in the
frequency domain, employing an external Hamming weighting function.
The output waveforms are determined for different sampling rates. The
results show that a peak sidelobe suppression of —38 dB from the main
lobe is achieved for high time-bandwidth product (7B = 720) at a sampling
rate of 512 with broadening in the main lobe, while it is —41 dB for a low
time—bandwidth product of 7B =50. Also, the paper contains charts
showing the sidelobe suppression of unweighted and Hamming externally
weighted linear FM pulse compression filters at different values of
time-bandwidth products 7B (50,100,250,370,510,720) with different
central frequencies, dispersion times, and bandwidths B. The skirt steep-
ness, sidelobe ripple rejection, Gibbs ripples of the wave spectrum, reduc-
tion of the insertion loss, and suppression of Fresnel ripples are also
compared.

I. INTRODUCTION

HE MINIMUM INSERTION loss and maximum
accuracy may be achieved by acoustic surface wave
linear FM chirp filters of large time-bandwidth product
(TB). The large TB product is necessary to implement
long-range, high-range-resolution compression radar sys-
tems for the detection, identification, and tracking of
high-speed airborne objects. The minimum insertion loss
incurred during expansion increases the dynamic range
and signal sensitivity [1]. Moreover, lower sidelobes ‘can be
realized by weighting the signal in either the frequency or
time domain with broadening in the main lobe. Weighting
in the two domains is closely related. The peak sidelobe
suppression of unweighted linear FM filters limits the
dynamic range of pulse compression systems [2]. A widely
used weighting function is the Hamming function, which
theoretically has the largest sidelobe suppression [3]-[6].
Pulse compression using dispersive delay lines is com-
monly used to improve the performance of pulsed radar
systems. SAW linear FM is gaining widespread use in
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radar systems to increase the range and target resolution.
Moreover, it offers a convenient way for the realization of
internally time domain weighted compression filters of low
time~bandwidth product [4], [5]. There are still situations
that demand the use of an external weighting. This, for
example, may apply to systems where a single SAW device
has to be time shared for chirp generation and com-
pression. This paper provides numerical results on the
obtainable suppression using the discrete inverse Fourier
transform “sampling technique” and the complex Fresnel
integral algorithms. The output waveforms are determined
for different sampling rates N (64,128,256,512,1024) for
the weighted and unweighted filter. A comparison between
low and high time-bandwidth product is discussed. The
skirt steepness, sidelobe ripple rejection, and the Gibbs
ripples of the wave spectrum, as well as the reduction of
the insertion loss and the suppression of Fresnel ripples,
are compared.

The discussion in Section II contains analyses of rectan-
gular linear FM pulse compression filters (magnitude and
phase of wave spectrum and insertion loss). Section III
continues with the sidelobe suppression of weighted and
unweighted output waveforms.

II. RECTANGULAR LINEAR FM
The rectangular envelope linear FM pulse with center
frequency f,, bandwidth B, and duration T of the chirped
signal is defined in [7] as

N B 2
(1) = et 5t} <12 (1)

where the chirp magnitude is unity. Here, for a low TB
product filter, the center frequency is 100 MHz, the band-
width 46.7 MHz, and the time chirp duration 1.05 us. For
a high TB product filter, the values are 300 MHz, 120
MHz, and 6 ps, respectively. The output wave spectrum is
calculated by applying the Fourier transform

S(f) =f_+:S(t)e_ﬂ"f’dt.

The wave spectrum will be

)

S() =y 55 [2(w) = Z(u)] 5V ()
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Fresnel Integrals
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Fig. 1. Fresnel integrals.

where the complex Fresnel integral Z(u) is [8]
Z(u) = /(;ucos<§x2) dx + j/ousin(gxz)  (4)

with the arguments u; and u, given by

"= —2(f—fo)\/g— \/?
u2=—2(f—fo)\/g+\/?. ©)

Z(u) is a function of Fresnel integral cosine C(u) and
Fresnel integral sine S(u), where

C(u) =/(;ucos(§x2) dx

s(u) =j(;usin(—721x2) d. 8)

The Fresnel ripple values of these functions are high at
small argument (#) and small at high values of (). They
are convergent functions and tend to 0.5 at very high
values of (u), as shown in Fig. 1. The tapered cosine
squared function in [4]-[7] increases the argument of the
Fresnel integral functions, where small Fresnel ripples are
achieved. The magnitudes of the wave spectra S(f) are
shown in Figs. 2(a) and 2(b). The maximum variation of
Gibbs ripples is £1.3 dB for 7B =50 and +1.6 dB for
TB = 720. The transition bandwidth is 7 MHz and the side
ripple level is 0.4 dB at 7B = 50 and 7 MHz and 0.2 dB at
TB =1720.

At the center frequency f = f;, the magnitude of the
wave spectrum is H(f;) =y/T/2B, and the phase depends
on two angles values. The first is — ZF( f — f,)%, which is
zero at f = f,; the second is

/VTB/2 sin(zxz)dx—fV_TB/zsin(zxz)dx
411 o 2 0 2
fVTB/zcos(zxz)dx—fV_TBﬂcos(zxz) dx
0 2 0 2
9

(5)
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tan
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where the product TB is the compression ratio. The lower
the value of TB, the smaller the value of the second angle.
Figs. 3(a) and 3(b) show the phases of the wave spectrum
for TB values of 50 and 720, respectively. The phase is
approximately equal to zero at and near f;. Good linearity
of the phase characteristics is achieved at the frequencies
far from the center frequency because the second value is
very small with respect to the first angle value.

The insertion loss of surface wave filters is due to several
contributions: (1) Loss of the input transducer, and (2)
loss at the output transducer, (3) surface wave propagation
loss, and (4) loss due to beam spreading. The first two are
the most significant while the last two are relatively small
[9]. The insertion loss can be calculated from the following
equation [8]:

IL =10logo|S(£)|. (10)

As shown in Figs. 4(a) and 4(b), the maximum variation
of Fresnel ripples is +3.0 dB for TB = 50 while it is +2.5
dB for TB = 720. Also, the reductions of the insertion loss
at the two passband edges are —10 dB and —7 dB for
TB =50 and TB = 720, respectively.
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Fig. 3. The phase of the frequency response of a rectangular envelope
for (a) TB = 50 and (b) TB = 720.
III. SIDELOBE SUPPRESSION IN TIME DOMAIN

The unweighted output time waveform of the rectangu-
lar linear FM pulse compression filter can be calculated as
in [5] by the following:

G(1) = F[8(f)-8*(f)] (11)
while the weighted output, employing Hamming external
weighting functions in the frequency domain, is

G (1) =F'[S(f)-s*(f)-W(f)]. (12)
Here, F~! denotes the inverse Fourier transform, S(f) is
the linear FM filter frequency response, W(f) is the
Hamming weighting function [3], and S$*( f) is the matched
filter frequency response, which is the complex conjugate
function of S(f), i.e.,

$°(1) = 35 12°(u) = Z2(u)] S5~ (1)

where the complex conjugate Fresnel integrals Z*(u) are

Z*(u) = /Oucos(%xz) dx — jfousin(%xZ) dx. (14)

809
40 60 80 100 120 140
L H i L 1 1 1 1 L 1 1 f MHZ
dB
0.0 W
-5.0 4
-10.0 -
-15.0
-20.0
-25.0 o
(@
180 220 260 300 340 380 420
a8 \ ] i L 1 1 1 i NN £ MHZ
0.0 <‘
-10.0 4 ‘
-20.0
-30.0 ~+
-40.0 1
(b)
Fig. 4. The insertion loss of a rectangular envelope for (a) 7B = 50 and
(b) TB = 720.
TABLE 1
SIDELOBE SUPPRESSION, IN dB
Sampling Rate No Weighting External Weighting
N TB =50 TB =120 TB =50 TB =720
64 —-13.94 —18.52 —31.04 —-28.17
128 —13.15 —18.43 —41.02 —35.64
256 . —13.16 —-17.93 —-40.91 -36.4
512 —-13.17 -18.02 —41.05 -38.0
1024 —-13.17 —18.02 —41.05 -38.0
The Hamming weighting function W{( f) is
w(f—fo) B
W(f) =0.08+0.92cos? [—B—— L =hl<g
(15)

Using the discrete inverse Fourier transform “sampling
technique” and the complex Fresnel integral algorithms,
the output waveforms are determined for different sam-
pling rates N (64,128,256,512,1024) of weighted and un-
weighted filters having 7B =50 and 720. The peak side-
lobe suppression of the weighted filter is —38 dB from the
main lobe at sampling rate 512 with broadening in the
main lobe at high 7B, while the suppression is —41 dB at
low TB. Table I compares the sidelobe suppression at
different rates N. Figs. 5(a) and 5(b) show the calculated
output unweighted waveforms for low and high TB at
sampling rate 512. The weighted waveforms are presented
in Figs. 6(a) and 6(b) at the same sampling rate.
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Fig. 5.

The sidelobe suppressions of weighted and unweighted
linear FM filters take the same values at sampling rates
N =512 and 1024 for low and high-bandwidth products,
as shown in Table I. Table II compares the sidelobe
suppressions of weighted and unweighted filters at central
frequencies f, (100 and 300 MHz), dispersion times T
(0.85, 1.06, 2.12, 3.06, 4.24, and 6 ps), and frequency
bandwidths B (46.7 and 120 MHz), giving the time--band-
width products TB ranging from 50 to 720. Fig. (7) shows
that the sidelobe suppression of weighted filters at 7B =
510 is lowered at —31 dB and returns again to increase to
—38 dB at TB = 720. Also, the unweighted sidelobe sup-
pression at 7B =720 is —18 dB, greater than that at
TB = 510, which is —13.4 dB.

IV. CoONCLUSIONS

Sidelobe suppressions of —41 dB and —38 dB are
achieved for very high frequency linear FM pulse compres-
sion weighted filters having low (7B = 50) and high (7B =
720) time—bandwidth products, respectively. The weight-
ing is applied in the frequency domain, employing external
Hamming weighting functions. Moreover, better skirt
steepness, reduced side ripples, and small Gibbs ripples in
the filter frequency response, as well as low insertion loss
and flat Fresnel ripples, are achieved in the high 7B
product.
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TABLE II

o T B Sidelobe Suppression (dB)
(MHz) (ps) (MHz) No Weighting External Weighting

100 1.06 46.7 50 -13.7 —41.0

300 0.85 1200 100 —13.9 -390

300 212 1200 250 ~13.8 ~3938

300 3.06 1200 370 ~14.0 ~40.0

300 4.24 1200 510 —134 —-31.0

300 6.0 1200 720 —18.0 —38.0
Sidelobe supression (dB)

100 200 300 400 500 600 700 800
1 1 L 1 [ 1 { l IB
-10.0 4
Y O S
_20.0 | unweighted T~ ~
-30.0
r’A\\N‘
40.0 4 getmmemmemcpe e T
weighted
-50.0 4
Fig. 7. Sidelobe suppression of weighted and unweighted filters versus

TB product.



EL-SHENNAWY et al.: SIDELOBE SUPPRESSION IN LOW AND HIGH TIME—-BANDWIDTH PRODUCTS : ' 811

"‘REFERENCES

[1] H. M. Gerard, “Surface wave interdigital electrode chirp filters,” in
Surface Wave Filters: Design, Construction, and Use. New York:
Wiley, 1977, chap. 8.

{2]- M. B. N. Butler, “Radar apphcahons of SAW dispersive filters,”
Proc. Inst. Elec. Eng., pt. F, vol. 127, no. 2, pp. 118=124, 1980.

[3] F.J. Harris, “On the use of windows for harmonic ana]ysis with the
discrete Founer transform,” Proc. IEEE, vol. 66, p. 51-83, Jan.
1978.

[4] M. Kowatch and H. R. Stocker, “Effect of Fresnel ripples on
sidelobe suppression in low time bandwidth product linear FM pulse
compression,” Proc. Inst. Elec. Eng., pt: F, vol. 129, no. 1, pp.
41-44, Feb. 1982.

[5] - M. Kowatch, H. R. Stocker, F. J. Seifert, and J. Lafferl, “Time
sidelobe performance of low time bandwidth product linear FM
pulse compression. systems,” JEEE Trans. Sonics Ultrason., vol
SU-28, pp. 285-288, July 1981.

- [6] M. Kowatch, J. Lafferl, F. J. Scifert and H. R. Stocker, “Analog
encoded chip transmission system using SAW filters,” JEEE Trans.
Sonics Ultrason., vol. SU-27, no. 6, pp. 355-359, Nov. 1980.

[71 K. M. El-Shennawy, O. Abdel Alim, and M. Ezz Arab, “Linear FM
chirp filters in pulse compression radars,” in Proc. TEEE Instrum.

. Meas. Conf., Mar. 25-27, 1986, pp. 276-280.

[8] W.R. Smith, H. M. Gerard, and W, R. Jones, “Analysis and Design
of dispersive interdigital surface wave transducers,” TEEE Trans.
Microwave Theory Tech., vol. MTT-20, p. 458-471, 1972.

[9] W. S. Jones, C. S. Hartmann, and L. T. Claiborne, “Evaluation of
digitally coded acoustic surface wave matched filters,” TEEE Trans.
Sonics Ultrason.; vol. SU-18, pp. 21-27, Jan. 1971.

Khamies M. El-Shennawy (M’87) was born in
. Alexandria, Egypt, on March 10, 1945. He re-
ceived the B.Sc. degree in electrical engineering
(Communication Section) from Alexandria Uni-~
versity in June 1968, the Diploma of High Stud-
ies in radio communication from the Caspian
Higher Naval School in Baku, U.S.S.R., in May
1973, the Diploma of High Studies in electronics
and electrophysics engineering from Alexandria
University in June 1976, and the M.Sc. in dis-
tributed parameter networks from Alexandria
University in 1980. He obtained the Ph.D. degree for work in surface
acoustic wave filters from Alexandria University in 1987.

From 1968 to 1984, he worked as a Communication Engineer in the
Egyptian Navy. In 1984 and 1985 he was a Test Engineer at Ford
Aerospace, and in 1985 and 1986 he was Service Manager at the Olympla
Agency in Alexandria, Egypt

Ornisy Abdel Alim was born on May, 1, 1943, in
Assuit, Egypt. He obtained the B.Sc. degree in
June 1964 (Distinction, Honour) from Alexandria
University, Faculty of Engineering, Communica-
tion Section. From August 1964 to September
1968, he was a demonstrator in the same depart-
ment. From September 1968 to May 1973, he did
postgraduate work at the Technical University of
Dresden, German Democratic Republic. He ob-
tained the Ph.D, (Dr. Ing.) in the field of acous-
tics (Distinction, Honour) in May 1973.

From September 1974 t6 November 1979, he was a Lecturer in the
Electrical Engineering Department, Faculty of Engineering, Alexandria
University. From November 1979 to December 1984, he was an Assistant
Professor in the same Department. In December 1984 he was named
Professor.

Mohamed A. Ezz-El-Arab (M’74-SM’82) was
born in Cairo, Egypt, in November 1934. He
received the Diploma d’Ingenieur from the Ecole
Central des Arts et Manufactures, Paris, in 1957
and the Licence de physiques and the Dictorat
d’Etat es-Sciences physiques from the Faculte
des Sciences, Sorboune, Paris, in 1959 to 1969,
respectively.

From 1961 to 1969, he was Attache and then
Charge de Recherche at the Centre National de
La Recherche Scientifique, Bellevue, France.
Since 1969, he has been with the Faculty of Engineering, Alexandria,
Egypt, where is now a Profeéssor of Electrical Engineering. At present, he
is on leave at Beirut Arab University, Beirut, Lebanon. His main research
activities are in ultrasonics.




