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(57) Abstract: Systems and methods for filtering an analog waveform before it is
sampled by an analog-to-digital converter (ADC) in an ultrasound system are
provided. The waveform can be filtered by delaying the same waveform by two dif-
ferent time delays and combining the delayed waveforms to etfectively cancel out
the fundamental components, thereby providing more sensitive detection of har-
monic components in received echo signals. This filtering approach leverages an ar -
chitecture that can also be used for multiline beamtorming to perform the temporal
filtering, in which a single acoustic signal can be read out of the ARAM twice, sep-
arated by time, taking advantage of the fact that the ARAM allows for non-destruct-
ive read operations.
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SYSTEM AND METHOD FOR DYNAMIC FILTERING

BACKGROUND

[001] The systems and methods described herein relate generally to medical diagnostic
ultrasound systems and, in particular, to diagnostic systems having a dynamic analog
filtering capability.

[002] Harmonic imaging is a frequently used mode on many ultrasound systems.
Harmonic imaging can be useful, for example, in determining tissue-type information (i.e.,
identifying blood, heart muscle, liver tissue, etc.), as interaction between the acoustic
waves and the tissues generates information in harmonic frequency ranges. Acoustic
contrast agents, such as microbubbles, can also be used produce harmonics upon
interaction with the acoustic signals. When a transmitted ultrasound wave interacts with
the microbubbles, nonlinear resonance occurs, which includes production of resonant
energy at harmonics of the fundamental frequency of the interrogating wave. While the
harmonic components have lower intensity than the fundamental, they are sufficiently
intense to receive at the transducer. In the case of either tissue harmonic imaging or the
use of contrast agents, reception of the harmonics rather than the fundamental frequency is
of increased interest.

[003] The relative intensities of the harmonic and the fundamental components of the
received signal generally vary. While harmonic contrast agent signals tend to be reduced
in intensity compared to fundamental signals, tissue harmonic signals tend to be lower in
power still. Depth of the signal source (the structure from which the signals are reflected)
will affect the received power as well. Because tissue harmonic signals require the wave to
pass through the tissue, such signals will, in general, result from a relatively deeper
interaction than will acoustic contrast agent signals. Both frequency and intensity tend to
be attenuated as a result of increased depth. These effects result in the possibility that the
harmonic signal may be more than 20 dB less than the fundamental, requiring wide
dynamic range receivers are required. In the near-field, where little harmonic generation
has occurred, and in the far-filed where attenuation has taken over, it is not uncommon for

a harmonic response to be 3040 dB down from the fundamental backscatter.
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[004] In view of the large difference in strength between the harmonic and the
fundamental signals, it is useful to remove as much of the fundamental as possible so that
the relative power of the harmonic is increased relative to the noise floor of the system. In
some cases the SNR of the ADC limits the sensitivity of the system and it is beneficial to
be able to increase the analog gain applied before digitization so that the thermal noise of
the sensor can dominate. Unfortunately, the fundamental signal can easily saturate on
strong targets in this scenario and it becomes difficult to do harmonic imaging. One
remedy is to include an analog high-pass or band-pass filter ahead of the ADC to suppress
some of the lower frequency fundamental signal so that it is less likely to saturate the
ADC. More front-end analog gain can also be applied so as to more fully utilize the
dynamic range of the ADC. Unfortunately, current methods for separating the harmonic
from the fundamental are typically applicable for a fixed frequency and thus multiple
filters are needed to support different transducers and fundamental frequencies. This
increases system complexity.

[005] Thus, there is a need for improved filtering approaches to be used with harmonic

imaging. The present invention provides this need and more.

SUMMARY

[006] In some aspects, the present invention provides methods that can include receiving
an input analog electrical waveform generated from an acoustic signal received by a
transducer, generating a pair of substantially identical intermediate analog electrical
waveforms based on the input analog electrical waveform, delaying one of the intermediate
analog electrical waveforms relative to the other, the amount of the delaying being based at
least in part on a sampling rate of the transducer and on a fundamental frequency of the
input analog electrical waveform, and summing the delayed intermediate analog electrical
waveform with the other intermediate analog electrical waveform to produce a filtered
analog electrical waveform.

[007] In certain aspects, the present invention can include ultrasound imaging systems

including receive beamformers for ultrasound imaging that can include an input line
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configured to receive an input analog electrical waveform generated from a received
acoustic signal from at least one transducer element, an analog memory, the memory being
configured and arranged to allow a first non-destructive read operation to be performed
and a second read operation to be performed after a time delay to generate a pair of
substantially identical intermediate analog electrical waveforms based on the input analog
electrical waveform, wherein the delay is based at least in part on a sampling rate of the
transducer and on a fundamental frequency of the input analog electrical waveform, and a
summing element, the summing element being configured and arranged to sum the delayed
intermediate analog electrical waveform with the other intermediate analog electrical

waveform to produce a filtered analog electrical waveform.

BRIEF DESCRIPTION OF THE DRAWINGS

[008] FIG. 1 is a schematic view of an embodiment of an ultrasound imaging system
according to an illustrative embodiment of the invention.

[009] FIG. 2 shows a block diagram view of a beamforming architecture according to an
illustrative embodiment of the invention.

[010] FIG. 3 shows an analog random access memory used as a programmable delay line
according to an illustrative embodiment of the invention.

[011] FIG. 4 illustrates a circuit included in a dual-port analog random access memory
and other architectures for filtering according to an illustrative embodiment of the
invention.

[012] FIGS. 5a and 5b schematically illustrate a dual-port read ARAM and associated
summing circuit in accordance with an embodiment.

[013] FIG. 6 illustrates an example of a power spectrum for a filtered sample vector in
accordance with an embodiment.

[014] FIG. 7 illustrates an example of a power spectrum for a filtered sample vector using
a different filter from that of FIG. 6 in accordance with an embodiment.

[015] FIG. 8 shows a set of simulated outputs of a dual-port ARAM in accordance with

an embodiment.
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[016] FIG. 9 shows another set of simulated outputs of a dual-port ARAM in accordance
with an embodiment.
[017] FIG. 10 illustrates an example of a power spectrum for a filtered sample vector

using an inversion to implement a filter with a null at DC in accordance with an

embodiment.

DETAILED DESCRIPTION

[018] In the following detailed description, for purposes of explanation and not
limitation, illustrative embodiments disclosing specific details are set forth in order to
provide a thorough understanding of an embodiment according to the present teachings.
However, it will be apparent to one having ordinary skill in the art having had the benefit
of the present disclosure that other embodiments according to the present teachings that
depart from the specific details disclosed herein remain within the scope of the appended
claims. Moreover, descriptions of well-known apparatus and methods may be omitted so
as to not obscure the description of the illustrative embodiments. Such methods and
apparatus are within the scope of the present teachings.

[019] The following detailed description is therefore not to be taken in a limiting sense,
and the scope of the present system is defined only by the appended claims. The leading
digit(s) of the reference numbers in the figures herein typically correspond to the figure
number, with the exception that identical components which appear in multiple figures are
identified by the same reference numbers. Moreover, for the purpose of clarity, detailed
descriptions of certain features will not be discussed when they would be apparent to those
with skill in the art so as not to obscure the description of the present system.

[020] Multiline is frequently used to provide improved frame rates, but many
microbeamformers provide only a single-read capability. A multi-read process for
operating microbeamformers involves switching the storage capacitor across the output
buffer in a non-destructive manner such that multiple read operations are possible. For
example, one such approach described in related application, US Prov. Appl. 62/109,103,
assigned to Koninklijke Philips N.V. and incorporated by reference herein in its entirety,
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uses a single ARAM delay line and re-reads the samples for each uniquely delayed output.
In particular, that approach provides an analog circuit that allows a delay line to output
multiple output streams that could be delayed by different amounts to support multiline
receive in a microbeamformer. Each output from the delay line can be a constituent to a
beam for multiline receive beamforming. For example, two outputs correspond to 2X
multiline receive beamforming, four outputs to 4X multiline receive beamforming, and so
on. Thus, the described approach may allow for the possibility of re-reading from that
same capacitor at some later time (controlled by a second, third, or fourth shift register)
and connecting it across a second, third, or fourth output buffer. Thus, a number of step-
wise output sample streams may be derived from the same single input, where each output
stream can have a unique delay. The write control and ARAM storage cap structure can be
shared among each of these unique outputs, thereby providing increased space and power
efficiency. The increased space and power efficiency can have a number of advantages for
ultrasound probes, such more available space for other components in the probe as well as
less heat generated during scanning.

[021] Microbeamforming, or sub-array processing, involves the summation of signals
after a delay is applied in order to reduce the complexity of subsequent processing, be it
communication down a cable or digitization by an ADC. One consequence of the
summation process, however, is that the instantaneous dynamic range of the summed
signal increases because coherent signals add linearly while noise adds according to the
square-root of the summed signals. Thus, it is possible for microbeamformed systems to
output signals that cannot effectively be digitized by state-of-the-art ADCs because the
SNR of the signal is larger than that of the quantizer. In fundamental modes, there usually
is not a significant performance impact because there is plenty of power in the fundamental
signal to make an adequate image. In harmonic imaging, however, where the weaker
second harmonic signal is used (from non-linear propagation effects or re-radiation from
contrast agents) the ADC SNR can limit the ability of the system to make suitable images.
It is beneficial in these cases to reduce the amplitude of the fundamental signal before it

reaches the ADC.
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[022] As provided further herein, the present invention relates to filtering an analog
waveform before it is sampled by an analog-to-digital converter (ADC) in an ultrasound
system by delaying the same waveform by two different time delays and combining the
delayed waveforms to effectively cancel out the fundamental components and thereby
provide more sensitive detection of the harmonic components in received echo signals.
This filtering approach leverages the architecture used for multiline beamforming to
perform the temporal filtering, in which a single acoustic signal can be read out of the
ARAM twice, separated by time, taking advantage of the fact that the ARAM allows for
non-destructive read operations. The delayed signal and the original signal are summed,
which results in a filtered signal. So, e.g., if the difference in delay (between the two
reads) is approximately one-half wavelength of the carrier fundamental, then the sum will
effectively nullify the fundamental component of the output signal, whereas the 2
harmonic content will be passed or even amplified. In this way the ratio of fundamental to
2" harmonic signal content can be reduced and a commensurate amount of analog gain can
be applied ahead of the ADC to raise the analog noise floor above the quantization noise
floor (i.e. where ADC SNR is not the overriding limitation).

[023] In some embodiments, an analog electrical waveform is used to generate two
substantially identical waveforms, one of which is delayed by an amount of time, where
the amount of time is based, at least in part, on a number of samples at the sampling rate.
By substantially identical is meant that the signals are essentially the same, though in
practice slight differences in circuits due to manufacturing tolerances will exist such that
the signals will have some small differences. In principle, the signals should be as close as
possible to identical, for example within a few percent. However, even at differences up to
about 10%, substantial filtering will occur, the depth of the notch will merely be somewhat
reduced.

[024] The present invention is particularly useful in harmonic imaging where reduction of
(or filtering of) the fundamental signal component ahead of the ADC is desired to more
fully use a dynamic range of the ADC to capture the harmonic signal of interest. While it

may be possible to filter the fundamental out in the digital domain, in order to obtain the
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maximum information from the harmonic signals, it is particularly useful to filter the
fundamental frequency component prior to digitization. Filtering out the fundamental
signal prior to digitization of the signal allows, e.g., the system to apply more analog gain
while avoiding saturation and more effectively make use of the ADC’s limited dynamic
range, thereby improving sensitivity of the ultrasound system and reducing the overall
power without loss of harmonic information. Moreover, the filtering approaches described
herein can be dynamically applied such that a variety of fundamental frequencies can be
filtered using the same hardware structures. Another useful feature of the proposed
invention is that simply by including a demultiplexer at the output of the two read-ports the
system can be easily reconfigured to do either multiline receive by reading out into two
separate outputs, or apply the fundamental rejection filter by reading out into a single
output with appropriately controlled delays.

[025] In some aspects, an embodiment includes ultrasound transducer probes and
ultrasound systems that include delay lines having multiple outputs for multiline receive
beamforming as well as for fundamental filtering. Referring first to FIGURE 1, an
ultrasound system constructed in accordance with the principles of the present invention is
shown in block diagram form. A probe 10 has a transducer, such as a two dimensional
array transducer 12. The elements of the array are coupled to a microbeamformer 14
located in the probe behind the transducer array. The microbeamformer applies timed
transmit pulses to elements of the array to transmit beams in the desired directions and to
the desired focal points in the three dimensional image field in front of the array. Echoes
from the transmitted beams are received by the array elements and coupled to delays of the
microbeamformer 14 where they are individually delayed. As provided further herein,
received signals from the array can be input into the microbeamformer and according to
the architecture of the present invention with a non-destructive read of the stored charge,
multiple outputs can be read at different delay times. As described herein, one advantage
of the present invention is its ability to do either multiline receive by reading out into two
separate outputs, or apply the fundamental rejection filter by reading out into a single

output with appropriately controlled delays. In some aspects the probes and systems can be



WO 2017/114872 PCT/EP2016/082788

configured to perform multiline beamforming, the delayed signals of a group of transducer
elements constituting a patch can be combined to form a partial sum signal for the patch.
The elements of a patch in this embodiment are operated together and have their signals
individually delayed in relation to a reference and then combined by the microbeamformer
to form one signal from the patch to a probe conductor or an ultrasound system
beamformer channel. Because multiple outputs from the delay line can be read at different
times, different beams can be formed with a single delay line using different delays for
each of the respective outputs. In some aspects, the probes and systems can be configured
to perform the fundamental filtering, in which a single acoustic signal can be read out of
the ARAM twice, separated by time, taking advantage of the fact that the ARAM allows
for non-destructive read operations. The delayed signal and the original signal are
summed, which results in a filtered signal. Combining of the different signals can be done
by coupling the delayed signals to a common bus or summing node. Summing circuits or
other circuitry can also be used. The signals can be coupled to a conductor of a cable 16
that is coupled to the system mainframe. In the system mainframe the signals are digitized
and coupled to channels of a system beamformer 22. The signals are then combined to
form a coherent steered and focused receive beam. The beam signals from the 3D image
field are processed by a system image processor 24 to produce 2D or 3D images for
display on an image display 30. Control of ultrasound system parameters such as probe
selection, beam steering and focusing, and signal and image processing is done under
control of a controller 26 which is coupled to various modules of the system. In the case of
the probe 10 some of this control information is provided to the microbeamformer from the
system mainframe over data lines of the cable 16. The user controls many of these
operating parameters by means of a control panel 20.

[026] One particular advantage of the present invention includes the ability to use a
similar architecture for both multiline beamforming and for fundamental filtering. With
respect to the multiline beamforming, FIGURE 2 illustrates a detailed view of the delay
elements of a microbeamformer for use in multiline beamforming. As described in

connection with FIGURE 3, the channels 441, 44,, 443, ... 44x of receive beamformer 40,
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which are coupled to the array 12, include programmable delay elements 461, 462, 463, ...
46N that have multiple outputs that correspond to different delayed reads of the stored
charge in the delay element. Here, two outputs are shown by way of example. The first
output from each delay line is coupled to a first summing element 48, whereas the second
output for each delay line is coupled to a second summing element 48,. The summing
elements add the delayed signals from the respective outputs and provide the summed
signals to the channel outputs 501 and 50 of receive beamformer 40. In an embodiment,
the summing elements include summing amplifiers or other analog adding circuits.

[027] In some embodiments, the beamformer 40 can be operated using a system
controller, which includes a microprocessor and an associated memory. The system
controller can be configured to control the operation of an ultrasound imaging system. For
example, the system controller provides delay commands to the transmit beamformer
channels via a bus. The delay data steers and focuses the generated transmit beams over
transmit scan lines of a wedge-shaped transmit pattern, a parallelogram-shaped transmit
pattern, or other patterns. The system controller also provides delay commands to the
channels of the receive beamformer via a bus. The applied relative delays control the
steering and focusing of the synthesized receive beams. As shown, each receive
beamformer channel 44y includes a variable gain amplifier (PREAMP), which controls
gain as a function of received signal depth, and a delay element 46n that delays acoustic
data to achieve beam steering and dynamic focusing of the synthesized beam. The
beamformer signal represents a receive ultrasound beam synthesized along a receive scan
line.

[028] Referring again to FIGURE 2, each analog delay line 46 n includes an analog RAM
as is described in connection with FIGURE 3. In FIGURE 3, an analog random access
memory (ARAM) device 60 can be configured as a programmable delay element. The
analog RAM device 60 includes a group of M storage capacitive elements (including, e.g.,
capacitors) 621, 62,. . ., 62m for sampling the input signal using decoder 661 connected to
input switches 651, 652, . . ., 65u. The analog RAM device 60 also includes a first and

second read capability where the decoders 662 and 663 control first output switches 671,
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672, . . ., 67m and second output switches 681, 682, . . ., 68m, respectively, to read the
stored signal out with potentially different delays. An input buffer 64 receives a transducer
signal that is then sent by input switch 65n controlled by decoder 66, to storage capacitive
element 62n. As described further herein, the capacitive element of the present invention
is configured for non-destructive reads such that when one read is processed the stored
charge stays and can be read again at a different time. Here, two outputs from the
capacitive elements are shown. Decoder 662 coupled to output switches 67y samples the
individual capacitor charges at delay times determined by the difference in timing between
an input counter 70 and a first output counter 721. Accordingly, the transducer signals are
delayed by selected delay times as they are transferred from input buffer 64 to a first output
buffer 741. Decoder 663 coupled to output switches 68m samples the individual capacitor
charges at delay times determined by the difference in timing between an input counter 70
and a second output counter 72;. Accordingly, the transducer signals are delayed by
selected delay times as they are transferred from input buffer 64 to a second output buffer
74,. 1t is noted that the dashed lines for the second output are shown to infer that the
capacitive elements couple to the second decoder and output counter for different delay
times to be applied to the second output from the capacitive elements. It is envisioned that
other configurations can be used to write and read the charge off of the capacitive
elements. For example, cyclized shift registers could also be used instead of a counter and
decoder.

[029] FIGURE 4 shows a structure that is used and operated for the fundamental filtering
in accordance with the present invention. Here, a dual-port ARAM buffered by two
different amplifier and output multiplexer structures may be implemented, e.g., in an
application-specific integrated circuit (ASIC). In the embodiment illustrated in FIGURE 4,
an ARAM 98 is structurally similar to the embodiment illustrated in FIGURE 3 and used
for the multiline beamforming. Input signals arrive as continuous analog signals, and are
sampled on input line 96 to produce a stepwise continuous output. In so doing, the ARAM
98 receives the samples from the ultrasonic transducer and stores them in analog memory,

for example, in capacitive memory elements. The analog memory may then be read out in
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a non-destructive process for further processing. For fundamental filtering, the ARAM 98
has two outputs (Out 1 & Out 2) 100a, 100b and two read control signal outputs (Read 1 &
Read 2) 102a, 102b. These outputs are in communication with respective inputs of a pair
of amplifiers 104a, 104b. These four output nodes are the two sides of the two different
capacitors that are being accessed in the ARAM. Nominally Out 1 and Read 1 correspond
to two sides of one capacitor that get switched across the output buffer as described in US
Prov. Appl. 62/109,103. The outputs from the amplifiers are fed to respective
demultiplexers 106a, 106b which are coupled to ADCs in the system, wherein each
associated pairing of amplifier and buffer together can be considered to form a respective
buffer structure. In this example, demultiplexer 106a is coupled to 4 ADCs as shown in
the dotted line expansion. A switch can be used to transmit the signal from amplifier 104a
to any one of the four ADCs. Similarly, four channels from the demultiplexer 106b can be
coupled to the four ADCs such that amplifier 104b can send its signal to one of those
ADCs. Other channels with demultiplexers can be coupled to the 4 ADCs as well. The
other channels will also include their own respective amplifiers and be coupled to the
outputs from the ARAM. The number of ADCs and outputs from the demultiplexer can be
readily varied according to the necessary specifications required for the beamforming used
in the ultrasound system. In addition, each demultiplexer 106a, 106b can include a gain
selecting element, not shown. In an embodiment, the gain selecting element includes a
variable resistor (e.g., 110a, 110b). The variable resistor, acting in conjunction with the
input impedance of the ADC (or preamplifier) can be used to define the gain for each
respective arm of the device. One use for this gain is to weight the filter as described in
further detail below.

[030] FIGURE 5a shows a more detailed structural implementation of the ARAM 98.
The illustrated embodiment of an ARAM device 160 includes a group of M storage
capacitive elements (including, e.g., capacitors) 1621, 1622,. . . , 162m for sampling the
input signal. Each capacitive storage element is in communication with a respective input
switch 1651, 1652, . . ., 165m The ARAM device also includes a respective set of first
output switches 1671, 1672, . . ., 167y and second output switches 1681, 1682, . . ., 168m,
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to read the stored signal out with potentially different delays. An input buffer 164 receives
a transducer signal that is then sent by input switch 165y to storage capacitive element
162n. As described above, each capacitive element is configured for non-destructive reads
such that when one read is processed the stored charge stays and can be read again at a
different time. Here, two outputs from the capacitive elements are shown. The output
switches 167v sample the individual capacitor charges at selected delay times.
Accordingly, the transducer signals are delayed by the selected delay times as they are
transferred from input buffer 164 to a first output buffer 174, and a second output buffer
174,.

[031] FIGURE 5b illustrates the output of each of the two output buffers 1741, 174, as
they are passed to summing element 189 in order to produce the filtered analog waveform.
Each amplifier 104a, 104b receives the output of the ARAM 98 (i.e., the voltage that is
stored on each capacitive element 162y). In an embodiment, each amplifier includes an
inverting amplifier driven by the respective output (Out 1, Out 2) to the voltage that was
stored on the capacitive element that is being read. This read operation may be performed
as described above.

[032] In certain aspects, the fundamental filtering can be carried out like a comb-filter
resulting from the application of the differing delays for the primary signal and a
summation which creates a notch near the fundamental frequency. Moreover, the specific
filter characteristics are adjustable. For example, by changing the delay, the filter may be
tuned to operate on (notch out) a variety of different fundamental frequencies. The
selection of filter notch frequency depends on the sampling rate and the amount of delay.
As an example, for a 40Msps sample stream, a signal stream delayed by four samples
summed with the initial stream results in a notch at 5SMHz and a high-pass peak at 10MHz.
In terms of finite impulse response (FIR) coefficients, this may be considered tobe a [1 0 0
0 1] filter. The fast Fourier transform (FFT) of a convolution of the filter coefficients with
a random sample vector produces a frequency spectrum for this example of a delay and

summation operation, which is shown in FIGURE 6. As may be seen from the spectrum of
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FIGURE 6, there is a clear notch at SMHz, while the harmonics from about 7.5MHz to
about 12.5MHz are passed with relatively little attenuation.

[033] It is notable that where only full sample delays are possible the notch positioning is
somewhat coarse. That is, because the spacing of the notches depends on the sample rate
as well as the number of samples (an integer, where only full sample delays are possible),
there is a limit on the number of filters that can be constructed as well as the ability to
select a particular fundamental frequency to notch out of the signal. Using a 5-tap filter
such as the one illustrated provides four notches that are equally spaced between zero and
the sample rate (40Msps in the example). That is, there is a notch at 5, 15, 25 and 35MHz.

[034] The fundamental notch is located at Fs/(2*N-2), where N is the length of the filter.
Thus, using a 6-tap filter [1 0 0 0 0 1] produces five notches as shown in FIGURE 7. In
the five-notch filter as applied to the same 40Msps signal, the fundamental notch is at
40/(2*%6-2)MHz = 4MHz. Within reason, the length of the delay in samples may then be
adjusted to obtain the appropriate notch location.

[035] Additionally, by increasing the resolution of the delay selectivity, the notch
position may be more finely controlled. For example, if 80MHz delay resolution is
available, then the notch frequency may be selected with double the resolution as in a 40
MHz signal. In general, the notch frequency may be expressed as Fdly/(2*M-2) where M
is the difference in delay in terms of Fdly (as opposed to sample rate as used above) and
Fdly is the resolution of the delay.

[036] A simulated example of the output of the ARAM is illustrated in FIGURE 8. The
topmost set of traces shows the /vwrite signal and two different buffered read outs /bufout2
and /bufoutl. The second set of traces represents a 24Msps read out, while the third
represents a 32 and the fourth represents a 48Msps readout. There is a one sample
difference between the two traces in each of the second, third, and fourth sets. As can be
seen, the time delay between the traces changes, this is because a single sample represents
a smaller time interval as the sample rate is increased.

[037] FIGURE 9 illustrates a simulated signal that is designed to produce a 4MHz notch

as described above. Specifically, a four sample delay is summed together with the one
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sample delay of FIGURE 8. The top trace shows the /vwrite signal, while the second set of
traces shows the two read channels /SYS0 and /SYSI1 with delay of one sample and four
samples, respectively. The lower trace shows the sum of the two read channels at various
frequencies (4, 7, 8.2, and 9MHz, specifically). As can be seen, the 4MHz tone 140 is
substantially cancelled as expected. ~While the simulated signals appear somewhat
irregular, this is merely a result of the sample rate of the simulation (24Msps), and a higher
sample rate could be used to produce smoother waveforms as desired, without altering the
essential nature of the filtering.

[038] As discussed above, this elimination of the fundamental may allow for the
harmonics to be subject to a higher degree of amplification without saturating the gain,
thereby allowing a better use of the dynamic range of the A/D conversion in the
mainframe. Because the same hardware is already in use for the microbeamforming, this
solution may be implemented merely by making adjustments in software.

[039] As will be appreciated, because the same structure can provide both the
microbeamforming function and the filtering function, the functions may be switched on
the fly. That is, filtering (delayed) and parallel reads can be done differently for each input
line depending on the needs of the imaging system. This option is enabled by including a
demultiplexer (e.g., 106a and/or 106b in FIGURE 4) at the output of the two read-ports the
system can be easily reconfigured to do either multiline receive by reading out into two
separate outputs (ADCs), or apply the fundamental rejection filter by reading out into a
single output with appropriately controlled delays.

[040] Likewise, the length of the filter may be changed, or a weighting may be applied to
one or both of the samples prior to summation. For example, the weighting can include
weighting with a positive weighting factor or a negative weighting factor. Thus, different
filter designs may be implemented at various times without changing any of the physical
structure. For example, a filter having an impulse response such as [1 0 0 0 0.8] could be
applied. In practice, the weighting may be performed by adjusting an output impedance of
each read port. In an embodiment, each port may be controlled separately and uniquely to

produce different summing resistances. Alternative filters of this type may tend to have
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notches that are not as shallow as in the case of the unweighted filters, but may also
provide better performance under certain signal conditions. For example, where the signal
has a short envelope (and therefore a wide-band), the weighted filter may provide better
overall performance than the unweighted filter.

[041] In an embodiment, the weighting may include inversion of one of the signals. That
is, negative filter weights may be applied. A sign selection may be added to the amplifier
input to simply connect the storage capacitor backwards and thus make this assignment
fully selectable through software. That is, as the amplifier inputs for one of the read ports
are reversed, the signal is inverted. With this approach the second output port can apply a
-1 (or, more generally, by appropriate impedance adjustment, a —X) weight in a filtering
application. In this way, rather than just having [1 0 0 0 1]-like filters, one can instead use
[T 0 -1] filters that have a characteristic frequency response of the form illustrated in
FIGURE 10. As will be appreciated, this response produces a notch near OMHz, which
means that the DC components will be rejected (along with notches at higher frequencies
such as 20MHz). This is because the +1 and -1 samples that are being summed average
out to zero. This may be useful for removing DC offsets in the receive path that might
otherwise saturate the A/D converter. It also provides a high-pass characteristic across the
frequency band that may be useful for harmonic imaging. At least in principle, the high
frequency notch may be selected to eliminate a source of high frequency noise.

[042] In some systems that are configured for microbeamforming, the delays in the
receive paths are dynamically changeable to allow for dynamic receive focusing. This
capability may allow for the ability to change the filtering such that the frequency notch
position is different for different depths in the structure under interrogation. That is, the
system may be adjusted such that the null tracks the varying center frequency of the
fundamental signal as that fundamental shifts to lower frequencies due to attenuation
and/or frequency dispersion. For example, by increasing the delay by small increments the
filtering notch can shift to lower frequencies during the course of the line. In
implementation, a 1/depth relation may be applied to perform this frequency-shifting

function.
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[043] Certain additional advantages and features of this invention may be apparent to
those skilled in the art upon studying the disclosure, or may be experienced by persons
employing the novel system and method of the present invention, chief of which is that
twice as many receive beams may be formed simultaneously, thus dramatically improving
imaging frame rate.

[044] Of course, it is to be appreciated that any one of the above embodiments or
processes may be combined with one or more other embodiments and/or processes or be
separated and/or performed amongst separate devices or device portions in accordance
with the present systems, devices and methods.

[045] Finally, the above-discussion is intended to be merely illustrative of the present
system and should not be construed as limiting the appended claims to any particular
embodiment or group of embodiments. Thus, while the present system has been described
in particular detail with reference to exemplary embodiments, it should also be appreciated
that numerous modifications and alternative embodiments may be devised by those having
ordinary skill in the art without departing from the broader and intended spirit and scope of
the present system as set forth in the claims that follow. Accordingly, the specification and
drawings are to be regarded in an illustrative manner and are not intended to limit the

scope of the appended claims.
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CLAIMS

What is claimed is:

1. A method comprising:

receiving an input analog electrical waveform generated from an acoustic signal
received by a transducer;

generating a pair of substantially identical intermediate analog electrical
waveforms based on the input analog electrical waveform;

delaying one of the intermediate analog electrical waveforms relative to the other,
an amount of the delaying being based at least in part on a sampling rate of the transducer
and on a fundamental frequency of the input analog electrical waveform; and

summing the delayed intermediate analog electrical waveform with the other

intermediate analog electrical waveform to produce a filtered analog electrical waveform.

2. The method of claim 1, wherein the delaying comprises:

using a write shift register to operate a plurality of write switches connected to an
input line in electrical communication with the transducer;

storing a charge on a plurality of capacitive elements, each having a plurality of
outputs;

using a plurality of read shift registers to operate a plurality of read switches
connected to the plurality of outputs such that the charge is read at a time delayed by the

amount at different outputs.

3. The method of claim 1, wherein the filtered analog electrical waveform is

substantially attenuated at the fundamental frequency.
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4. The method of claim 3, wherein the filtered analog electrical waveform is not

substantially attenuated at harmonics of the fundamental frequency.

5. The method of claim 1, wherein, prior to the summing, one of the intermediate

analog electrical waveforms is weighted relative to the other.

6. The method of claim 1, wherein the filtered analog electrical waveform has a

DC component substantially attenuated.

7. The method of claim 6, wherein the filtered analog electrical waveform is not

substantially attenuated at harmonics of the fundamental frequency.

8. The method of claim 5, wherein the weighting comprises adjusting an output
impedance of a read port associated with the intermediate analog electrical waveform to be

weighted.

9. The method of claim 1, wherein the fundamental frequency of the input analog
electrical waveform varies with a depth of a source of the acoustic signal and wherein the
amount of the delaying is varied in accordance with variation in the fundamental

frequency.

10.  The method of claim 1, further comprising converting the filtered analog

electrical waveform to a digital signal.

11.  The method of claim 11, wherein the converting comprises using an analog to
digital converter having a dynamic range, and wherein a gain applied to the filtered analog
electrical waveform does not saturate the dynamic range of the analog to digital converter,
and wherein the same gain, if applied to the input analog electrical waveform would

saturate the dynamic range of the analog to digital converter.
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12. A method of performing an ultrasound imaging operation comprising filtering

an ultrasound acoustic signal using the method of claim 1.

13. A receive beamformer for ultrasound imaging, comprising:

an input line configured to receive an input analog electrical waveform generated
from a received acoustic signal from at least one transducer element;

an analog memory, the memory being configured and arranged to allow a first non-
destructive read operation to be performed and a second read operation to be performed
after a time delay to generate a pair of substantially identical intermediate analog electrical
waveforms based on the input analog electrical waveform, wherein the delay is based at
least in part on a sampling rate of the transducer and on a fundamental frequency of the
input analog electrical waveform; and

a summing element, the summing element being configured and arranged to sum
the delayed intermediate analog electrical waveform with the other intermediate analog

electrical waveform to produce a filtered analog electrical waveform.

14. The receive beamformer of claim 13,
wherein the analog memory comprises:

a write shift register configured to operate a write switch connected to the
input line;

a capacitive element configured to store a charge which can be read from a
plurality of outputs at different delay times;

a read shift register configured to operate a read switch connected to the
outputs such that the voltage is read from one of the plurality of outputs at a first time and
from another of the plurality of outputs at the delay time; and

wherein the summing element is configured to sum the output of the

capacitive element with the delayed output of the capacitive element.

15. The receive beamformer of claim 13, further comprising:
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a plurality of buffers, each buffer configured and arranged to receive a respective
one of the intermediate analog electrical waveforms and pass it to a respective input of the

summing element.

16. The receive beamformer of claim 15, further comprising a pair of multiplexers,
each multiplexer configured and arranged to receive a respective one of the intermediate
analog electrical waveforms from a respective buffer, and comprising a variable
impedance, the variable impedance being adjustable to alter a gain thereof to apply a

relative weighting to the intermediate analog electrical waveforms.

17. The receive beamformer of claim 13, wherein the delay is selected to
substantially attenuate a fundamental frequency of the input analog electrical waveform

and to pass a harmonic frequency of the input analog electrical waveform.

18. The receive beamformer of claim 13, wherein the delay and a relative
weighting of the intermediate analog electrical waveforms is selected to substantially

attenuate a DC component of the input analog electrical waveform.

19. The receive beamformer of claim 13, wherein the delay is selected to vary in
accordance with a depth of a source of the acoustic signal represented by the input analog

electrical waveform.

20. The receive beamformer of claim 13, being located in an ultrasound probe and

coupled to an ultrasound imaging system.
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