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Abstract: Pulse compression theory and techniques
were developed originally for radar systems but could
he carefully adopted for the uitrasound specific
problemys In past ten years a considerable amount of
research has heen done in area mismatched filiering
fer the purpose of i application in ultrasound.
However. similarly to radar systems for distributed
forgely. prlve compression has not achieved a success
of peretration in comercialy available systems.

1. INTRODUCTION

Pulsc compression is emploved in radar (and sonar)
to increasc the signal energy transmitted  without
sacrificing  range  fesolution.  nor  encountering
excussively high peak powers than can cause electrical
breakdowas Therofore, pulse compression permits.
decoupling useful stgnal bandwidth (range resolution)
from the trangmitted pulse length.

Modulating  the transmutted pueise  increases
transmitted signal bandwidth. This modulation may
consist of amplitude. phase, or frequency changes of
signal carrier within the pulse. Target echo signal are
then passed through filters matched to the transmitted
signal. Therefore the energy is compressed into a pulse
having a time duration T, which is approximately equal
to the reciprocal of he transmitted bandwidth B (Fig, 1).
The ratio of he transmitted to compress pulse length is
called pulse compression ratio or TB product.
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Fig. I Pulse compression: a) Matched filter (MF);
b} Mismatched filter (MMF).

In medical vitrasonic imaging the peak acoustic
pressure cannot be arbitrarily increased because of
patient safetv. FDA (Foed and Drug Administration)
has set maximal acoustic peak pressures in order to
reduce potential risk of damaging the biclogical tissuc.
The pulse compression methods has the potential of not
exeeeding FDA's limit of acoustic pressure while the
improving SNR (signal to noise ration) if compared 10
conventional svstem.
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2, WAVEFORM SELECTION AND
PROCESSING

Pulse compression theery and technigues were
developed originally for radar systems bus could be
carefully adopted for the ultrasound specific problems.

First of all. pulse compression is introduced to
improve range resofution. Two mutually closc targets
cannot be distinguished without properly seleeted pulse
duratior. Pulse compression is  achieved by the
ntrapulse signal coding and by matched filier use. Fig
2 shows the resofution improvement when mtrapulse
coded signal is applied.

There is no one wavcform that satisfics all
reguirements. The applications of waveforms can be
summastzed as follows:

Simple pulse used:

s In conventional systems:

e  Where range accuracy and resolution reguirements
can be met with a pulse wide enough to provide
sufficient energy for detection:

»  Where signal generation and processing costs nmust
be minimized.

Linear and nonlinear FM (chirp)

« Commonly used to increasc rapge accuracy and
resolution when long  pulses  are required to
reasonable signal to noisc ratios (10 to 20 dB)

»  Variety of hardware is available to gencrate and
process this waveform tvpe.

The step-chirp and frequency hopping (FH}

s  Provides an approximation of the chirp signal,
which consists of lincar frequency sweep versus
time. The step-chirp transmitted wavetform usuaily
consists of a sequence of different tomes or
concatenated frequencics

Pscudo - chirp

A binary approximation to a chirp derived  from
chirp waveform  in time domain. The start of ths
waveform is synchromized with the master clock and
sampled at cvery clock period over the duration of the
chirp and at each sampling point the sing is determined.
If the sign is positive. then pseudo chirp 1s set to "1".1f




the signal is either zero or the sign is negative. then the
pseuds chirp is set fo zero.

Binary phase {biphase) codes

There are two major types:

o The Barker Code waveforms are short binary
phasc scquences that have the property of unit sidelobe
level at the matched filter output. The peak response is
N. thz length of the code. The longest binary Barker
sequence is of length 13. This limitation is the major
reasen that this type of signals not too practical for most
large TB signal applications.

» Pseudo noise (pn) binary phase sequences arc
conceptually Telated to the Barker waveforms aibeit
longer. The 0 - 180 * phase code is implemented casily
an cap be processed simply in the time domain with
digital techniques. tumped constant delay lines. or the
more recent surface wave acoustic device.

Polyphase codes

Well known polyphase sequences: Frank, P1. P2, P3
and P4 are related to the sampled  step-chirp
waveform. The Frank polyphase code waveform may
be desired and  generalized by considering a
hvpothaticatty sampled step-chirp waveform.

3. SIDELOBES AND SUPPRESION

$ienal coding within a transmitted pulse is ofton
used in order te increase spatial resolution. Some code
scquences can give appreciable processing gain. The
major disadvantage is that the compressed pulse has
rampe sidelobes. which limit the spatiat resolution for
closely spaced targets (Fig. 2). The probiem of sidelobe
suppresston has besn recognized as a major problem of
puise compression techniques.

The first techniques for sidelobes suppression were
based on mismatched receiver. Most of time they were
added in front of match filter. This was complicated and
was making equipment more expensive and butky.

These problems was reason for introduction of
singt: mismatched filter (Fig. 1.b). which would
combine mismatched receivers and match filter. So, the
objective s to design filter, which simultancously
perfarms compression. and mismatching according to
given criteria. Such solutions are economical and also
wive better overall results.

Ditferent mcthods of filters mismatching can be
roughly classificd into two classes of filters. First that

suppress masimal sidelobes (MX filters) and second
which suppress RMS sidelobes (LS and similar ones).
(n jI] new algorithms are presented. IRLS (Jterative
Reweighted  Lest  Square) and- DIRLS (Doppler
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optimized IRLS). These new filters combing propertics
of MX and LS filters and enables considerable
simplification of the designing procedure and what is
tnore important, it can be applied to all fypes of
sequences. Paper {2] proposes a mismatching approach

ta Frequency Hopping (FH) technique.
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Fig 2. Matched filter response lo the skgnal with

compression when there are IWo Turgers.

'

mismatched filter resnonse

Fig. 3. Mismatched filter response fo the sigpal with
compression when Ihere are (wo largets

in |3] a procedure has been described tor self -
clutter suppression filter design using the modified RLS
algorithm This procedure is applicabh both for real and
complex sequences. Maditied RLS algorithi also offers
an advantage compared 1o the (DMRLS approach
because it is possible fo aftain a iradeoff among two
criteria;  suppression of the peak  sidelobes and
suppression of the mean squarc sidelobes. Additional
benefit in application of the proposed method 15 its
reduced computationat complexity compared to the
(D)IRLS method. Thus particularly obvious in cass of
designing Doppler optimized self-ciutter suppression
filters.




4, IMPROVED RANGE RESOLUTION
ACHIEVED BY MISMATCHED FILTER
A complex signal with phase coded pulse is given by
i
= Zn,(lAuT}. (l)
i1
where
el gy T
= @
1 0, elsewere,

and . is the phase sequence element, i=1,2.....L.
The sequence at the output of the coherent demodulator

s o =ts s s b

where
I'e”" , <1<l
5 = )
l(J elsewere,
is the complex signal envclope. and L is the sequence
length.

If there are more close targets with reflected stgnal
delavs within a subpulse equal to Ty, the information
about their existence is enclosed in the recetved signal
envelope. but not in the demodulated sequence {.s-”}.

The oversampling process should ‘retrigve’ that
information from the envelope and allow the close range
{arget distinetion in further processing.
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Figure 4: Oversampled puise train. targeis.

The stgnal ar the output of the coherent demoedulator
is sampled at N time greater frequency than the bit rate.
So. even subpulse contains N samples (Figure 4), and
the sequence {s }can be ¢xpressed as

where {\,} = {.\‘,},.5‘,2,. Y }

That means that in the absence of noise and
superposition  signals  from  different  targets. cach
clement from the orginal scquence {.S‘J} is repeated N

8 aeens

(4

times.

The matched filter is designed for receiving the {sn}
sequence. There is no resolution improvement so far. To
improve the resolution. in order to s¢parate compongnts
within a subpulse of the length T, a mismatched filter
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was designed with a response of which the mainiobe s
T, =2T-N wide

Hypothetical filter bank contains o matched filter. a
mismatched filter without resolution improvement and
mismatched filter with resoletion improvement. as
shown in [4]. This structure. besides its cducationnl
value, can be also implemented practicaliy. By adding a
filter in parallel on the receiver input. better resolution
for a close target can be achieved. without modifving the
main processing channel.

IRLS procedure

The iterative reweighted LS procedure for the design
of mismatched filters proposed in [1] can be described
as follows:

wh= s (O)Wm(k-l}sfp(())] ; (3)

SHOWalk ~Davth=1),
where # are estimated filter cocfficients. |} stand for
the Hermitian matrix. and S0 is the signal matrix. with
a constant valuc during the iterative procedure. and has
a value for the oversampled sequence.

In Equation {3} Rfk-1) is a dmgonal matrix. of
weighted coefficients in the fk-/)th iteration, made by
Ri%)=diag(r(k);. The weight vector rk} is formed by
adaptive adjustment i order to minimize the maximum
sidelobe levels of the signal at the mismatched filter
output. The role of the window. included in the matrix.
can be interpreted as a LS algorithin corrective factor.

The desired autocorrelation function  which
corresponds to the filter response in the (k- /st iteration.
is labeled A%/} in the design of the improved
resolution filter, and is also equal to the Dirac pulse.

Earlier mentioned the IRLS algorithm for “normal’
resofution can be used for sidelobe the supprussion of
the compression filter for zera Doppler shift as wall as
for segment of ambiguity function. Further mere. it can
be applied for the sidelobe suppression of periodic and
aperiodic sequences and also it can be wsed on binan.
polyphase. chirp and frequency hopping suquences as
well.

5 MISMATCHED FILTER RESULTS

For the Barker sequence of length 13, oversampled
with N=4 times greater frequoncy. mismatched fiiter
coefficients were designed by the [RLS algorithm. The
designed filter Jength was 32 (4= 13} and the desired
function width of ane sample was 7. The designed filter
was found able to separate close range targets. In Figure
5. the comparison of a matched and a susmatched filter
tesponse to a signal of two close targets is shown.




With the mismatched filter, a reduced signal to noise
ratio is the price that must be paid. In the case of
improved resolution mismatched filter dosign, this
undesired cffect represents the main limitation. In Figure
3 a dezrease of the mismatched filter main lobe fevel can
be seen, which corresponds to the signal 1o noise ratio
loss measure. With the increase of N, i.e. the ability of
ctose 1arget distinction, the loss of signal to noise ratio is

increased (00,
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Figure 5: Comparison of i - @ matched filter response
amdd ii - a mismatched filter response for the Barker
sequence of fength 13, when a iwo close targels signal
is present al the input.

As this device does not degrade the basic functions

of a compression filter, additional information about
close targets are valuable for the primary signal
processing,

V. CONCLUSION

Fulse compression teclnique is a mature technique.
It has been hot research topic almost fifty years ago and
it has produced excellent results in the area of radar
systems for the point targets. Swmilarly pulse
compression has been successfully used for somar
sysicms,

Approach similar to pulse compression, spread
spectrum, has produced extraordinary results in area of
wireless The spread spectrum
technique is one of the major drivers for recent boom of
adoption of wirckess voice and Intemel communications.

Application of pulse compression for radar with
distributed targets {weather radars) has been delayed by
puitse sidelobe problems.

In past ten years a considerable amount of research
has been done in area mismatched filtering for the
purpose of it application in ultrasound [6-10]. However,
similarly to radar systems for distributed targets, pulse
compression has not achieved a success of penetration in

commuications.

camercialy available systems. GE General Electric) has
ciaimed that it succeeded in adopting pulse compression
in comercialy available Logic 700 scanner,

Mismatched filters have not been cextensively
considered for application in ultrasound area {37].
Simplicity and effectiveness of nusmatched filters may

make them appropriate for ultrasound  systems.
However, a lot research should be performed
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