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57 ABSTRACT 

A pulsed Doppler technique uses coded excitation on trans 
mit and pulse compression on receive. Coded excitation 
allows a long transmit pulse to be compressed on receive 
Such that most energy is concentrated in a short interval. In 
the case of a Single coded transmit for each transmit focal 
position, the receive signals are compressed utilizing 
matched or mismatched filtering. In the case of a two or 
more coded transmits for each transmit focal position, the 
receive Signals are compressed utilizing filtering coefficients 
which match the respective transmit codes during each 
firing. These techniques can be used to maximize Doppler 
Sensitivity of a Small but deep-lying Sample Volume. 
Alternatively, for a given transmit acoustic burst length and 
dosage, the Sample Volume can be reduced to achieve better 
Spatial resolution without compromising Sensitivity. 

21 Claims, 4 Drawing Sheets 
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METHOD AND APPARATUS FOR PULSED 
DOPPLER IMAGING USING CODED 

EXCITATION ON TRANSMIT AND PULSE 
COMPRESSION ON RECEIVE 

FIELD OF THE INVENTION 

This invention relates to ultraSonic diagnostic Systems 
which measure the Velocity of blood flow using spectral 
Doppler techniques. In particular, the invention relates to the 
continuous display of blood Velocity information. 

BACKGROUND OF THE INVENTION 

Ultrasonic scanners for detecting blood flow based on the 
Doppler effect are well known. Such systems operate by 
actuating an ultrasonic transducer array to transmit ultra 
Sonic waves into the object and receiving ultraSonic echoes 
backscattered from the object. In the measurement of blood 
flow characteristics, returning ultraSonic waves are com 
pared to a frequency reference to determine the frequency 
shift imparted to the returning waves by flowing Scatterers 
such as blood cells. This frequency shift translates into the 
velocity of the blood flow. 

In State-of-the-art ultraSonic Scanners, the pulsed or con 
tinuous wave (CW) Doppler waveform is computed and 
displayed in real-time as a gray-Scale spectrogram of Veloc 
ity versus time with the gray-scale intensity (or color) 
modulated by the Spectral power. The data for each spectral 
line comprises a multiplicity of frequency data bins for 
different frequency intervals, the Spectral power data in each 
bin for a respective Spectral line being displayed in a 
respective pixel of a respective column of pixels on the 
display monitor. Each spectral line represents an instanta 
neous measurement of blood flow. 

FIG. 1 is a block diagram of the basic Signal processing 
chain in a conventional spectral Doppler mode. An ultra 
Sound transducer array 2 is activated to transmit by a 
transmit ultrasound burst of length P which is fired repeat 
edly at a pulse repetition frequency (PRF). The PRF is 
typically in the kilohertz range. The return RF signals are 
detected by the transducer elements and received by the 
respective receive channels in the beam former 4. The beam 
former Sums the delayed channels data and outputs either RF 
or in-phase and quadrature (I/O) data. The latter alternative 
is illustrated in FIG. 1. 

The output of the beam former is shifted in frequency by 
a demodulator 6. One way of achieving this is to multiply the 
input signal by a complex sinusoidale'", where f is the 
frequency shift required. The demodulated I/O components 
are integrated (Summed) over a specific time interval T and 
then sampled at the PRF by a so-called “sum & dump' block 
8. The Summing interval and transmit burst length together 
define the length of the Sample Volume as Specified by the 
user. The “sum and dump' operation effectively yields the 
Doppler Signal backScattered from the Sample Volume. The 
resultant "slow time’ Doppler Signal Samples are passed 
through a wall filter 10 which rejects any clutter correspond 
ing to Stationary or very slow-moving tissue. The filtered 
output is then fed into a spectrum analyzer 12, which 
typically takes Fast Fourier Transforms (FFTs) over a mov 
ing time window of 64 to 128 samples. Each FFT power 
spectrum is compressed (block 14) for display on a monitor 
16 as a single Spectral line at a particular time point in the 
Doppler Velocity (frequency) versus time spectrogram. 
One of the primary advantages of Doppler ultrasound is 

that it can provide noninvasive and quantitative measure 
ments of blood flow in vessels. Given the angle 0 between 
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2 
the insonifying beam and the flow axis, which is usually 
Specified by rotating a cursor line in the B-mode image of a 
duplex Scan, the magnitude of the Velocity vector can be 
determined by the Standard Doppler equation: 

where c is the Speed of Sound in blood, ?o is the transmit 
frequency and f is the motion-induced Doppler frequency 
shift in the backScattered ultrasound. In practice an intensity 
modulated Doppler frequency versus time spectrogram is 
displayed since the Doppler Sample Volume or range cell 
generally contains a distribution of Velocities that can vary 
with time. 
The Summing interval T and the transmit burst length P 

together define the axial Sensitivity profile of the user-Select 
Sample Volume. In other words, the “Sum & dump' opera 
tion yields the Doppler signal back-Scattered from the 
Sample Volume. The Summer, which is often referred to as 
the “range gate,” is essentially a moving averager. This 
implies that the duration of the Doppler sensitivity interval 
is given by the convolution of the transmit burst and the 
range gate, as illustrated in FIG. 2. The axial length of the 
sample volume is then given by c(P+T)/2. For the purpose 
of this analysis, one can ignore the finite-bandwidth trans 
ducer effect on the idealized axial sensitivity profile of FIG. 
2. 

For a given Doppler Scan geometry and System noise 
floor, the sensitivity to blood flow generally depends on the 
size of the sample volume (how much blood is insonified), 
the amplitude of the transmit burst (strength of 
insonification) and the P/T ratio. In accordance with optimal 
detection theory, for a given acoustic dosage the Signal-to 
noise ratio (SNR) is maximized when P/T=1, i.e., when the 
range gate is matched to the transmit burst. AS indicated by 
the dashed lines in FIG. 2, this results in a triangular Sample 
Volume shape with maximum peak amplitude. 

If a large Sample Volume is used to interrogate a shallow 
vessel, the parameters P, Tand PRF can be so large (relative 
to B-mode) that Doppler Sensitivity is not an issue. In fact, 
in Such cases the Doppler Sensitivity is probably already at 
its maximum allowed by the regulation dosage. In general, 
there is room for Sensitivity improvement only in cases 
where the acoustic dosage is below regulation limit. For 
example, if one wants to interrogate a deep-lying vessel 
using a Small Sample Volume, the longer round trip time will 
automatically limit the PRF to lower values. Together with 
an increased tissue attenuation factor, the acoustic dosage 
can fall below regulation limit at the Sample Volume posi 
tion. If the user Selects a Small Sample Volume because he or 
She wants to avoid pickup from adjacent vessels or clutter 
Sources, or to just examine a small region of interest (ROI) 
within the vessel of interest, then the transmit burst length P 
must be limited as well. To maximize the acoustic dosage, 
the transmit amplitude can be increased, but this may not 
always be possible due to the finite voltage limit of the 
pulser. In the worst cases, the flow signal may be too weak 
to be detected. In practice, this may force the user to forgo 
Spatial resolution by increasing the Sample Volume size to 5 
mm or longer in order to transmit a burst having increased 
length P and higher power (and using a longer range gate T). 

Thus, there is a need for a method of improving pulsed 
Doppler Sensitivity and/or Sample Volume resolution in Such 
CSCS. 

SUMMARY OF THE INVENTION 

The present invention is a pulsed Doppler technique 
which uses coded excitation on transmit and pulse compres 
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Sion on receive. Coded excitation allows a long transmit 
pulse to be compressed on receive Such that most energy is 
concentrated in a short interval. This technique can be used 
to maximize Doppler Sensitivity of a Small but deep-lying 
Sample Volume. Alternatively, for a given transmit acoustic 
burst length and dosage, the Sample Volume can be reduced 
to achieve better spatial resolution without compromising 
Sensitivity. 

The basic concept of the invention comprises modulating 
a Specially designed code Sequence based on a transmitburst 
(base sequence) of length P. The frequency of the transmit 
burst is typically in the megahertz range. A coded pulse 
Sequence of N bursts is often referred to as an N-chip code. 
The coded pulse Sequence, which has a length NXP, enables 
a larger acoustic dosage to be used to interrogate the flowing 
blood. The output from the beam former is compressed in 
time by passing it through a decoding finite impulse 
response (FIR) filter. Some coded waveforms are best com 
pressed by matched filtering, i.e., using a Set of FIR filter 
coefficients that is an identical copy of the N-chip code. 
However, Sometimes more desirable compression effects are 
achieved by mismatched filtering using FIR filters that have 
more than N filter coefficients or have coefficients which 
differ from the original N-chip code. The output of the 
decoding (i.e., compression) filter is a compressed signal 
pulse of length equal or close to the original transmit burst 
length P, but whose amplitude is that produced by the 
N-times-longer coded pulse Sequence. 

In accordance with the broad concept of the invention, the 
beam former output can be either an RF signal or its I/O 
components. Preferably, the beam former output is decoded 
and then demodulated. If demodulation precedes decoding, 
then the decoding filter must be designed to compress the 
demodulated Signal. 

BRIEF DESCRIPTION OF THE DRAWINGS 

FIG. 1 is a block diagram showing the Signal processing 
chain for a conventional Spectral Doppler imaging System. I 
and Q denote the in-phase and quadrature components 
output by the beam former. 

FIG. 2 is a Schematic illustrating the axial Sensitivity 
profile of a Sample Volume resulting from convolution of a 
transmit burst of length P with a range gate T. 

FIG. 3 is a block diagram showing a portion of a spectral 
Doppler imaging System in accordance with a preferred 
embodiment of the invention. 

FIG. 4 is a Schematic illustrating a compressed pulse 
resulting from convolution of a biphase transmit code with 
a matching compression code. 

FIG. 5 is a block diagram showing a spectral Doppler 
imaging System using Golay coded excitation in accordance 
with another preferred embodiment of the invention. 

DETAILED DESCRIPTION OF THE 
PREFERRED EMBODIMENTS 

The preferred embodiment of the invention is shown in 
FIG. 3. In this system each transducer element 18 in the 
transmit aperture by a coded pulse Sequence derived from a 
coded transmit Sequence formed by convolving a transmit 
code (e.g., a Barker code) with a base sequence (e.g., a tone 
burst). For an N-digit transmit code, the coded pulse 
Sequence comprises N chips. In the Simplest case, a bipolar 
pulser can be used to generate a polarity-coded pulse 
Sequence in which the phase of pulses encoded with a +1 is 
0, while the phase of pulses encoded with a -1 is 180°. The 
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4 
coded transmit Sequence for controlling the phase of pulses 
output by each bipolar pulser 20 is Stored in a transmit 
Sequence memory 22. 
The bipolar pulsers 20 drive the elements 18 of transducer 

array 2 Such that the ultraSonic energy produced is focused 
in a beam for each transmit firing. To accomplish this, 
transmit focus time delayS 24 are imparted to the respective 
pulsed waveforms output by the pulsers in response to the 
coded transmit Sequence. By appropriately adjusting the 
transmit focus time delays in a conventional manner, the 
ultraSonic beam can be focused at a desired transmit focal 
position. The coded pulse Sequences are Sent from the 
pulsers to the transducer elements via respective transmit/ 
receive (T/R) switches 19. The T/R switches 19 are typically 
diodes which protect the receive electronics from the high 
Voltages generated by the transmit electronics. The transmit 
Signal causes the diodes to shut off or limit the Signal to the 
receiver. 

After each transmit, the echo Signals detected by the 
transducer elements 18 are fed to respective receive chan 
nels 26 of the receive beam former, also via the T/R Switches 
19. The receive beam former tracks echoes under the direc 
tion of a master controller (not shown). The receive beam 
former imparts the proper receive focus time delayS28 to the 
received echo Signal and Sums them to provide an echo 
Signal which accurately indicates the total ultraSonic energy 
reflected from a Succession of ranges corresponding to a 
particular transmit focal position. The beam former also 
transforms the RF signal into its I/O components by means 
of Hilbert bandpass filtering. The I/O components are then 
Summed in receive Summer 30 for each transmit firing. 
Although FIG. 3 depicts Hilbert bandpass filtering as occur 
ring in receive channels 26, it will be appreciated that 
Hilbert bandpass filtering can alternatively be performed 
after beam Summation. 
The I/O components for each transmit firing are then 

decoded by a respective decoding filter 32 which outputs a 
compressed pulse in accordance with the present invention. 
The appropriate decoding filter is designed based on the 
transmit code, the demodulation frequency (if decoding 
follows demodulation) and the amount of downsampling 
performed on receive. For an N-digit transmit code, each 
decoding filter 32 is preferably an FIR filter having M filter 
taps (MeN) for receiving a set of M filter coefficients from 
a filter coefficient memory 34. In accordance with a pre 
ferred embodiment, the filter coefficients co, c1, . . . , C 
have scalar values which, when convolved with the N-digit 
transmit code, produce a compressed receive pulse 
Sequence. The filter coefficients, like the transmit and 
receive time delays and the coded transmit Sequences, can be 
supplied by the master controller. Filter 32 outputs the pulse 
compressed signal to the demodulator 6 (see FIG. 5). 
AS an example, FIG. 4 shows a 5-chip code Sequence 

from the Barker code family. Barker codes are biphase (or 
binary) code sequences of various lengths up to N=13. The 
set of all Barker codes is disclosed in an article by Welch et 
al. entitled "Sidelobe Suppressed spread spectrum pulse 
compression for ultraSonic tissue imaging, IEEE Trans 
UltraSonics, Ferroelec., and Freq. Control (accepted for 
publication, August 1997), the contents of which are incor 
porated by reference herein. If the 5-bit Barker code is 
decoded by a matching FIR filter (i.e., a filter having filter 
coefficients identical to the digits of the transmit code) as 
shown in FIG. 4, the compression ratio achieved is N=5, 
which corresponds to a SNR gain of 7 dB. However, as seen 
in FIG. 4, the main pulse in the decoder filter output is 
Surrounded by pulses of Smaller amplitude. These Small 
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amplitude pulses correspond to axial or range Sidelobes that 
are 1/N times lower in amplitude compared to the main lobe. 
Among all biphase codes, Barker codes are well known 

for their property of having the Smallest Sidelobes possible 
when decoded by a matched filter. However, it should be 
noted that for any Single transmit code, the Sidelobes can 
often be Suppressed via mismatched filtering at the expense 
of decreased signal gain and/or main lobe broadening 
(decreased range resolution). An example of a mismatched 
filter for the 5-bit Barker code shown in FIG. 4 is a 10-tap 
FIR filter whose coefficients are as follows: -0.304, -0.006, 
0.722, -1.223, 0.798, 1.253, 0.722, 0.046, -0.304, -0.260). 
The coefficients of this mismatched filter were determined 
using a well-known least Squares technique See, e.g., Rob 
inson et al., Geophysical Signal Analysis, Englewood Cliffs, 
Prentice-Hall (1980) to minimize the sidelobes while trying 
to preserve the peak Spike. It can be shown that this 
particular 10-tap decoding filter yields a 6.5-dB sidelobe 
Suppression with only a 0.5-dB reduction in Signal gain, 
relative to that produced using the matched filter of FIG. 4. 
In general, greater Sidelobe Suppression can be achieved 
using longer mismatched FIR filters. AS discussed 
hereinafter, instead of using very long mismatched filters, 
Strong Sidelobe Suppression is also possible utilizing two- or 
multiple-transmit complementary codes. 

For the Same total transmit energy, coded excitation 
techniques may also enable sample Volumes that are Sig 
nificantly smaller than 1-2 mm (conventional limits) to be 
generated, which may be useful for high-frequency interro 
gation of very Small and shallow vessels. This may become 
especially important for two-dimensional transducer arrayS 
that can provide tight beam control in the plane orthogonal 
to the beam axis. 

Standard codes Such as the Barker code and chirp, which 
only require a Single firing to realize pulse compression, 
have been previously proposed for B-mode imaging. While 
the prior art has alluded to the fact that Some codes (e.g., 
polyphase) are more tolerant to motion-induced Doppler 
shifts, the main caveat is that the range Sidelobes after 
compression can be quite high (say, -20 to -30 dB depend 
ing on the decoder length), Such that the resultant degrada 
tion in contrast resolution becomes unacceptable for B-mode 
imaging in which the display dynamic range is typically 
greater than 60 dB. To address this problem, a heavily 
apodized chirped excitation has been proposed in the prior 
art. 

For pulsed Doppler applications, however, the presence of 
range sidelobes below -20 dB is not an issue since the 
sample volume size is typically defined by the -20 dB points 
(or higher) and the spectrum display dynamic range is 
usually set at 25-35 dB only. The reason is that pulsed 
Doppler is aimed at measuring the flow velocity distribution 
within the Sample Volume, and not spatial imaging. In fact, 
as illustrated in FIG. 2, the shape of the sample volume in 
conventional Doppler techniques may vary from a rectan 
gular or trapezoidal to a triangular shape, depending on the 
P/T ratio. Further, a relatively sharp high-pass filter is often 
used to reject Stationary or slow-moving clutter that may be 
picked up by sidelobes of the sensitivity volume. Hence, 
Standard codes based on a single firing should be Suitable for 
pulsed Doppler imaging. 
To implement coded excitation on a digital ultrasound 

Scanner, the encoding on transmit can be realized Simply by 
convolving a transmit code with the desired base Sequence 
(e.g., 1,-1,1,-1). For example, if a biphase code like that 
shown in FIG. 4 is used, the base Sequence is simply 
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6 
repeated N times, but with possible sign changes (or 180° 
phase shifts) as dictated by the transmit code. For example, 
when the Barker code 1,1,1,–1,1) is applied to a base 
Sequence 1-1,1,-1), the coded transmit sequence 1,-1, 
1,-11-1,1-11-1, 1,-1)-1,1,–1,11,-1,1,-1) will 
be produced. On receive, the demodulated Signal is com 
pressed in time via the decoding FIR filter whose coefficients 
may be matched exactly to the transmit code 1,1,1,–1,1) (as 
shown in FIG. 4), or by mismatched filtering. For example, 
for the Barker code 1,1,1,–1,1), a matching FIR filter 
having five filter taps can be used, each filter tap receiving 
a respective digit of the Barker code, with the filter tap 
intervals corresponding to P or the chip duration prior to the 
decoding filter if downsampling has been applied. After 
decoding, the Signal processing can proceed as shown in 
FIG. 1 and the summer length T can be set as if the actual 
transmit burst length used were P. 
The decoding FIR filter 32 can be implemented in soft 

ware or hardware at the beam former Output, as shown in 
FIG. 3, or at the demodulator output. In the latter case, the 
decoding filter coefficients must be matched or mismatched 
to the demodulated Signals. The demodulator multiplies the 
input by a complex sinusoidal e''", where f is the 
frequency shift required to bring the Signal Spectrum to 
baseband. For the case when the demodulator shifts by 
discrete frequencies f=n/2t, where n is any positive integer 
and t, is the duration of the transmit base sequence, the 
Sinusoidal becomes real and the same Set of filter coefficients 
are input to both decoding filters for the I and Q components, 
which thus form a real filter. In the cases when fizn/2t, the 
I and Q decoding filters receive different sets of filter 
coefficients and thus form a complex filter. In the latter case, 
the filter coefficients are either matched or mismatched to the 
respective demodulated Signal component. 

If for Some application the range Sidelobes associated 
with the above Single-firing codes are unacceptable, one can 
resort to an alternative technique known as Golay coding. In 
the case of Golay code pairs, the Golay coding consists of 
two complementary codes that are fired one after another 
along the same beam. In particular, the Set of Golay codes 
includes complementary Barker codes. For example, the 
4-digit Barker code 1,-1,1,1) has a special feature which 
enables one not only to eliminate sidelobes, but to build 
codes of great length. This code, and also the 2-digit Barker 
code 1,-1), have complementary forms. Corresponding 
SidelobeS produced by a pair of complementary codes have 
opposite phases. Therefore, if one alternately modulates 
Successive transmitted pulses with the two complementary 
codes, when the return signals from Successive pulses are 
Summed the Sidelobes cancel. In actual implementation, a 
transmit Sequence alternating between the two complemen 
tary codes is fired, received, decoded, demodulated and then 
passed through the “sum & dump' block 8 as shown in FIG. 
5. The output is a Sequence of alternating “slow-time” 
Samples that are associated with range Sidelobes of opposite 
polarities. These alternating “slow-time' Samples can be 
Summed to cancel out the range Sidelobes Simply by con 
volving with an FIR filter 36 using filter coefficients 0.5, 
0.5, i.e., taking a two-point moving average of the alter 
nating slow-time Samples, and then decimating the averager 
output by a factor of two (block 38 in FIG. 5). The result is 
then passed through a wall filter 10 followed by FFT 
Spectrum analysis. The two-point moving averager 36 can be 
implemented in either software or hardware before the wall 
filter 10 in FIG. 5. 

To demonstrate the use of Golay codes on transmit and 
pulse compression on receive, the following example is 
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given. Golay coding on transmit can be realized simply by 
convolving the Golay code with the desired base Sequence 
(e.g., 1,-1,1,-1). If the Golay code pairs 1-1,1,1) and 
1.-1.-1.-1 are used, the transmit base sequence is simply 
repeated, but with sign changes (or 180° phase shifts) as 
dictated by the Golay code 1,-1,1,1) on the odd-numbered 
transmits and by the Golay code 1.-1.-1.-1 on the even 
numbered transmits. For example, when the Golay code 
1,-1,1,1) is applied to the base Sequence 1,-1,1-1 for a 

first transmit firing, the coded transmit sequence 1-1,1,-1) 
-1,1, -1,1,1,–1,1,-11,-1,1,–1) will be produced. On 
receive, the beamsummed Signals generated by the first 
transmit firing are each compressed in time via respective 
decoding FIR filters whose coefficients may be matched 
exactly to the transmit code 1,-1,1,1). When the Golay code 
1.-1.-1.-1 is applied to the base Sequence 1-1,1,-1) for 
a second transmit firing, the coded pulse sequence 1-1,1,– 
1-1,1,-1,1-1,1,–1,1)-1,1,–1,1) will be produced. On 
receive, the beamsummed Signals generated by the Second 
transmit firing are each compressed in time via the respec 
tive decoding FIR filters whose coefficients may be matched 
exactly to the transmit code 1.-1.-1.-1. When the com 
pressed signals resulting from the first and Second transmit 
firings are averaged or Summed, the range Sidelobes are 
cancelled. 

The foregoing preferred embodiments have been dis 
closed for the purpose of illustration. Variations and modi 
fications of the concept of the invention will be readily 
apparent to perSons skilled in the art. In particular, the 
invention encompasses the use of any Golay or complemen 
tary codes and is not limited to using complementary Barker 
codes only. Furthermore, although the preferred embodi 
ments employ binary complementary codes, it will be appre 
ciated by perSons skilled in the art that the transmit pulse 
Sequences may be amplitude-coded, rather than phase- or 
polarity-coded. In addition, polyphase codes can be used in 
place of biphase codes. All Such variations and modifica 
tions are intended to be encompassed by the claims Set forth 
hereinafter. 
We claim: 
1. A System for estimating and displaying Doppler fre 

quency shifts produced by moving ultrasound Scatterers, 
comprising: 

an ultrasound transducer array for transmitting ultrasound 
waves and detecting ultrasound echoes reflected by Said 
ultrasound Scatterers, Said transducer array comprising 
a multiplicity of transducer elements, 

transmit means coupled to Said transducer array for puls 
ing Selected transducer elements which form a transmit 
aperture with a coded pulse Sequence during first and 
Second transmit firings which are focused at Substan 
tially the same transmit focal position, Said coded pulse 
Sequence being a function of a transmit code convolved 
with a base pulse Sequence; 

receive means coupled to Said transducer array for receiv 
ing first and Second Sets of Signals from Selected 
transducer elements which form a receive aperture 
Subsequent to Said first and Second transmit firings 
respectively; 

means for forming a first and Second beamsummed Sig 
nals respectively derived from Said first and Second Sets 
of Signals, 

a decoding filter for compressing Said first and Second 
beamsummed Signals to form first and Second com 
pressed pulse Sequences respectively; 

processing means for producing a set of Doppler fre 
quency shift data which is dependent in part on Said 
first and Second compressed pulse Sequences, and 
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8 
means for displaying a spectral line which is a function of 

Said Set of Doppler frequency shift data. 
2. The System as defined in claim 1, wherein Said filtering 

means are programmed with a first Set of filter coefficients 
which match Said first transmit code. 

3. The system as defined in claim 1, wherein said filtering 
means are programmed with a first Set of filter coefficients 
which are mismatched with Said first transmit code. 

4. The System as defined in claim 1, wherein Said filtering 
means comprise an FIR filter. 

5. The system as defined in claim 1, wherein said first 
transmit code is a Barker code. 

6. The system as defined in claim 1, wherein: 
Said transmit means pulse said Selected transducer ele 

ments which form Said transmit aperture with a Second 
coded pulse Sequence during third and fourth transmit 
firings, said Second coded pulse Sequence being a 
function of a Second transmit code convolved with Said 
base Sequence, Said first and Second transmit codes 
being members of a complementary code Set, and Said 
third and fourth transmit firings being focused at Sub 
Stantially said Same transmit focal position; 

Said receive means receive third and fourth Sets of Signals 
from Said Selected transducer elements which form Said 
receive aperture Subsequent to Said third and fourth 
transmit firings, 

Said forming means form third and fourth beamsummed 
Signals respectively derived from Said third and fourth 
Sets of Signals, 

Said filtering means compress Said third and fourth beam 
Summed Signals to form third and fourth compressed 
pulse Sequences respectively; and 

Said Set of Doppler frequency shift data is dependent in 
part on said third and fourth compressed pulse 
Sequences. 

7. The system as defined in claim 6, wherein said pro 
cessing means comprise adding means for adding Said first 
and third compressed pulse Sequences together and adding 
Said Second and fourth compressed pulse Sequences 
together. 

8. The system as defined in claim 7, wherein said adding 
means comprise a two-point moving average filter and a 
decimator coupled to Said two-point moving average filter. 

9. The system as defined in claim 6, wherein said filtering 
means are programmed with a first Set of filter coefficients 
which match Said first transmit code during Said first trans 
mit firing and with a second set of filter coefficients which 
match said Second transmit code during Said Second transmit 
firing. 

10. The system as defined in claim 6, wherein said first 
and Second transmit codes are Golay codes. 

11. A method for estimating and displaying Doppler 
frequency shifts produced by moving ultrasound Scatterers, 
comprising the Steps of: 

producing a first coded pulse Sequence which is a function 
of a first transmit code convolved with a base pulse 
Sequence, 

driving a first Set of transducer elements forming a 
transmit aperture in a transducer array with Said first 
coded pulse Sequence during a first transmit firing, 

receiving a first Set of echo Signals from a Second Set of 
transducer elements forming a receive aperture in the 
transducer array Subsequent to Said first transmit firing, 

forming a first beamsummed Signal derived from Said first 
Set of echo Signals, 

compressing Said first beamsummed Signal to form a first 
compressed pulse Sequence, 
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driving Said first Set of transducer elements forming Said 
transmit aperture with Said first coded pulse Sequence 
during a Second transmit firing, Said first and Second 
transmit firings being focused at Substantially the same 
transmit focal position; 

receiving a Second Set of echo Signals from Said Second Set 
of transducer elements forming Said receive aperture 
Subsequent to Said Second transmit firing, 

forming a Second beamsummed Signal derived from Said 
Second Set of echo Signals, 

compressing Said Second beamsummed Signal to form a 
Second compressed pulse Sequence; 

acquiring a set of Doppler frequency shift data which is 
dependent in part on Said first and Second compressed 
pulse Sequences, and 

displaying a spectral line which is a function of Said Set of 
Doppler frequency shift data. 

12. The method as defined in claim 11, wherein said first 
transmit code is a Barker code. 

13. The method as defined in claim 11, wherein said 
compressing Steps are carried out by filtering Said first and 
Second beamsummed signals using a first Set of filter coef 
ficients which match Said first transmit code. 

14. The method as defined in claim 11, wherein said 
compressing Steps are carried out by filtering Said first and 
Second beamsummed signals using a first Set of filter coef 
ficients which are mismatched Said first transmit code. 

15. The method as defined in claim 11, further comprising 
the Steps of: 

producing a Second coded pulse Sequence which is a 
function of a Second transmit code convolved with a 
base pulse Sequence, 

driving Said first Set of transducer elements forming Said 
transmit aperture with Said Second coded pulse 
Sequence during a third transmit firing, Said third trans 
mit firing being focused at Substantially said same 
transmit focal position; 

receiving a third Set of echo Signals from Said Second Set 
of transducer elements forming Said receive aperture 
Subsequent to Said third transmit firing; 

forming a third beamsummed Signal derived from Said 
third set of echo Signals, 

compressing Said third beamsummed Signal to form a 
third compressed pulse Sequence; 

driving Said first Set of transducer elements forming Said 
transmit aperture with Said Second coded pulse 
Sequence during a fourth transmit firing, Said fourth 
transmit firing being focused at Substantially Said same 
transmit focal position; 

receiving a fourth Set of echo Signals from Said Second Set 
of transducer elements forming Said receive aperture 
Subsequent to Said fourth transmit firing, 

forming a fourth beamsummed signal derived from Said 
fourth Set of echo Signals, 

compressing Said fourth beamsummed Signal to form a 
fourth compressed pulse Sequence; 
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wherein Said Set of Doppler frequency shift data is depen 

dent in part on Said third and fourth compressed pulse 
Sequences. 

16. The method as defined in claim 15, wherein said 
compressing StepS are carried out by filtering Said first and 
Second beamsummed signals using a first Set of filter coef 
ficients which match Said first transmit code, and by filtering 
Said third and fourth beamsummed signal using a Second Set 
of filter coefficients which match Said Second transmit code. 

17. The method as defined in claim 15, wherein said first 
and Second transmit codes are Golay codes. 

18. The method as defined in claim 15, wherein said 
acquiring Step comprises the Steps of adding Said first and 
third compressed pulse Sequences together and adding Said 
Second and fourth compressed pulse Sequences together. 

19. A System for estimating and displaying Doppler 
frequency shifts produced by moving ultrasound Scatterers, 
comprising: 

an ultrasound transducer array for transmitting ultrasound 
waves and detecting ultrasound echoes reflected by Said 
ultrasound Scatterers, Said transducer array comprising 
a multiplicity of transducer elements, 

transmit means coupled to Said transducer array for puls 
ing Selected transducer elements which form a transmit 
aperture with a coded pulse Sequence during first and 
Second transmit firings which are focused at Substan 
tially the same transmit focal position, Said coded pulse 
Sequence being a function of a transmit code convolved 
with a base pulse Sequence; 

receive means coupled to Said transducer array for receiv 
ing first and Second sets of signals from Selected 
transducer elements which form a receive aperture 
Subsequent to Said first and Second transmit firings 
respectively; 

means for forming a first and Second beamsummed Sig 
nals respectively derived from Said first and Second Sets 
of Signals, 

means for demodulating Said first and Second beam 
Summed signals to form first and Second demodulated 
Signals respectively; 

a decoding filter for compressing Said first and Second 
demodulated Signals to form first and Second com 
pressed pulse Sequences respectively; 

processing means for producing a set of Doppler fre 
quency shift data which is dependent in part on Said 
first and Second compressed pulse Sequences, and 

means for displaying a spectral line which is a function of 
Said Set of Doppler frequency shift data. 

20. The system as defined in claim 19, wherein said 
decoding filter is programmed with a set of filter coefficients 
which match Said first demodulated Signal. 

21. The system as defined in claim 19, wherein said 
decoding filter is programmed with a set of filter coefficients 
which are mismatched to Said first demodulated Signal. 
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