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(57) ABSTRACT

An iterative method of computing time delay values for ultra-
sound receive beamforming. Sensing signals are generated by
transducer elements in a transducer array which detect
reflected sound waves from a target tissue region for a time
sample (n) for a first focal point and at a later time sample
(n+1) for a second focal point. Respective time delays are
calculated for time sample (n) for sensing signals received
from the transducer elements for focusing the reflected sound
waves from the first focal point. For the later time sample
(n+1), respective time delays are calculated for the sensing
signals received from the transducer elements for focusing
the reflected sound waves from the second focal point,
wherein the respective time delays for time sample (n+1) are
computed iteratively from the respective time delays for time
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METHOD
300

FROM A TRANSDUCER ARRAY COMPRISING A PLURALITY OF
TRANSDUCER ELEMENTS DETECTING A PLURALITY OF
301~ REFLECTED SOUND WAVES FROM A TARGET TISSUE REGION TO
GENERATE SENSING SIGNALS AT A TIME SAMPLE (n) FOR A
FIRST FOCAL POINT ALONG A SCAN LINE AND AT A LATER TIME
SAMPLE (n+1) FOR A SECOND FOCAL POINT ON THE SCAN LINE

!

FOR TIME SAMPLE (n), CALCULATING RESPECTIVE TIME DELAYS
302~ FOR THE SENSING SIGNALS RECEIVED FROM EACH OF THE
PLURALITY OF TRANSDUCER ELEMENTS FOR FOCUSING THE
REFLECTED SOUND WAVES FROM THE FIRST FOCAL POINT

i

FOR TIME SAMPLE (n+1), CALCULATING RESPECTIVE TIME
DELAYS FOR THE SENSING SIGNALS RECEIVED FROM EACH
OF THE PLURALITY OF TRANSDUCER ELEMENTS FOR

3031 FOCUSING THE REFLECTED SOUND WAVES FROM THE
SECOND FOCAL POINT. THE RESPECTIVE TIME DELAYS FOR
TIME SAMPLE (n+1) ARE COMPUTED [TERATIVELY FROM
THE RESPECTIVE TIME DELAYS FOR TIME SAMPLE (n)

FIG. 3
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ITERATIVE TIME DELAY VALUES FOR
ULTRASOUND BEAMFORMING

CROSS REFERENCE TO RELATED
APPLICATIONS

[0001] This application claims the benefit of Provisional
Application Ser. No. 61/162,878 entitled “Method of Com-
puting Time Delay Values to Improve DSP Beamformer Per-
formance” filed Mar. 24, 2009, which is herein incorporated
by reference in its entirety.

FIELD OF THE INVENTION

[0002] Embodiments of the invention relate to beamform-
ers for ultrasound and related beamforming algorithms, and
integrated circuits (ICs) and ultrasound systems therefrom.

BACKGROUND

[0003] Beamforming is a signal processing technique used
in sensor arrays for directional signal transmission or recep-
tion. Spatial selectivity is achieved by using adaptive or fixed
receive/transmit beam patterns.

[0004] One medical application that uses beamforming is
for ultrasound diagnostics. Ultrasound energy is focused at
target tissue by a transmit beamformer, and ultrasound energy
modulated and returned by the target tissue is focused by a
receive beamformer. The receive beamformer may provide
signals for generation of B-mode images, color Doppler or
spectral Doppler information representing the target tissue, or
combinations thereof. Beamforming systems can provide
real-time, cross-sectional (tomographic) 2D images of
human body tissue or the tissue of another subject.

[0005] FIG. 1 shows a simplified block diagram depiction
of a conventional delay and sum ultrasound receive beam-
former system 100 for imaging target tissue 105. Beamformer
system 100 comprises a plurality (M) of transducer elements
112 shown as eight transducer elements 112,-112; which
each comprise separate piezoelectric transducers that convert
sound waves echoed by the target tissue 105 into electrical
signals in the receive mode. Although only eight (M=8) trans-
ducer elements 112,-112 are shown in FIG. 1, a practical
ultrasound receive beamformer system 100 may have many
more transducer elements, such as several hundred or more,
[0006] Thedata processing paths 115,-115 each comprise
in serial connection a voltage controlled amplifier (VCA)
116, an analog to digital converter (ADC) 117 for digital
conversion of the amplified transducer signal, and an integer
delay 118 for adding the integer portion of the desired delay
value. A plurality of interpolation filter banks 119 each com-
prising a plurality of interpolation filters (P) is also provided.
The plurality of interpolation filters (P) in each interpolation
filter bank 119,-119, provide a plurality of different frac-
tional portions of the desired delay value for each of the data
processing paths 115,-115,, since as known in the art the
desired delay values are not integer multiples of the ADC
sampling period (Ts) because in general the desired timing
resolution (Tres) is <Ts.

[0007] For conventional ultrasound applications, Tres is
generally between 1 to 10 nsec and the Ts of the ADCs 117 1s
generally from 20 to 200 nsec (corresponding to 50 MHz to 5
MHz operation). Tres thus determines the number of interpo-
lation filters (P) in each interpolation filter bank 119,-119,
needed to provide the plurality of different fractional delay
portions for each of the dedicated data processing paths 115, -
115, for beamformer system 100. For example, without deci-
mation filtering, P=ceil(Ts/Tres) to achieve the desired Tres,
such as P=20 interpolation filters in each interpolation filter
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bank 119,-119; in the case Ts=20 nsec and Tres=1 nsec. The
ceil function returns an integer by rounding its argument
towards infinity (upward).

[0008] Each of the dedicated data paths 115,-115; also
include an apodization gain block 120 so that each received
signal is scaled (i.e. weighted) by a desired value by an
apodization factor to reduce the grating side lobe effects inthe
later formed beamformed signal due to lateral pressure field
amplitude variations and the spacing of the transducer ele-
ments 112,-112,. Apodization factors can generally be
changed on a sample-by-sample basis. An adder 121 sums the
respective signals from each of the data paths 115 -115,
provided by the respective apodization gain blocks 120,-120,
to generate the desired beamformed signal which can then be
used to form an image of the target tissue 105 on a suitable
display device.

[0009] The conventional delay and sum ultrasound receive
beamformer system 100 described above produces effective
focal points along a given scanline (e.g., such as the scanline
shown in FIG. 1) to focus the receive echoes from portions of
target tissue 105 that lie along a given scanline. When the
receive beamformer system 100 beamforms more than one
scanline, the beamforming is commonly referred to as Mul-
tiple Line Acquisition (MLA) for a given transmit pulse
sequence.

[0010] In a conventional beamforming implementation,
such as when using conventional delay and sum ultrasound
receive beamformer system 100, the filtered signal response
from each of the respective interpolation filter banks 119, -
119, from the received signal originating from its associated
single associated transducer element 112 can be written as a
summation over the filter coefficients k for each of the P
interpolation filters in interpolation filter bank 119 as:

X Equation #1
yiln] = Z Hipy [k]xi[n =k = di[n]] for 0 <n < N -1
o0
[0011] Where:

[0012] x,[n] is the signal from the i” receive data path
channel 115,-115; at time sample n.

[0013] hy,[K] is the k” coefficient of the respective
interpolation filter in interpolation filter bank 119 for the
i receive channel at time sample n.

[0014] y,[n] is the filtered signal for the i” receive data
path channel 115 -115, at time sample n.

[0015] d,[n] is the integer delay for i” receive data path
channel 115,-115; at time sample n.

[0016] Itis noted that this filtering operation is piece-wise
linear. i.e. at each sample instance n, the output of interpola-
tion filter bank 119 is a linear combination of input samples.
The beamformed signal response for a single scanline is
found by summing (e.g., using summer 121) the responses
from each of the data paths 115,-115, after processing by
apodization gain blocks 120 to represent signals from all M
receive transducer elements 112,-1124, which can be
expressed as:

M-l Equation #2

2lnl = Z 7] Z Poniny k)5 [ — K = b []]
k



US 2010/0249594 Al

Where a,_[n] is the apodization factor for the m™ receive
signal at time sample n, and z[n] is the beamformed received
signal at time sample n.

[0017] Thedelay computations are related to the ultrasound
transducer array geometry as well as the speed of sound for
the frequency used in the particular tissue medium. An issue
arises as how to efficiently compute the integer delay values
and fractional delay values at each time sample instant for
each of the data path channels in the receive beamformer. In
the case of the transmit beamformer the time delay values are
still needed, but the time delay values are only needed only
once per focal point (i.e., not computed for each time instant).
[0018] Conventionally, integer and fractional delay values
are computed in terms of discrete-time samples by multiply-
ing by the sampling rate of the beamforming system, f,, with
the resulting computation involving trigonometric functions
including both sin(8) and cos(8) and numerous multiplica-
tions (See Equation 3 described below). The resulting high
computational burden is thus not well suited for real-time
implementation, and thus generally limits the number of
channels supported by a particular computational implemen-
tation (e.g. FPGA, DSP, or ASIC implementation).

SUMMARY

[0019] Disclosed embodiments provide geometric rela-
tionships between the focal point and system parameters that
allow a simplified iterative equation for calculating integer
and fractional time delays that eliminates multiplier depen-
dencies for ultrasound receive beamforming and beamformer
systems. Respective time delays are calculated for sensing
signals received from the transducer elements in the trans-
ducer array for focusing reflected sound waves from a first
focal point. At a later time sample (n+1), respective time
delays are calculated for the sensing signals received from
transducer elements for focusing the reflected sound waves
from a second focal point. The respective time delays at time
sample (n+1) are computed iteratively from the respective
time delays at time sample (n).

[0020] Problems solved by disclosed embodiments include
reducing the number of trigonometric calculations and num-
ber of multipliers which reduces the cycle count for a given
ultrasound beamformer implementation. Disclosed embodi-
ments provide improved cycle time performance per block of
beamformed data, allow more blocks of beamformed data
and more scanlines to be processed per computational
resources (e.g. DSP(s), FPGA(s), ASIC(s)).

BRIEF DESCRIPTION OF THE DRAWINGS

[0021] FIG. 1is a simplified block diagram depiction of a
conventional delay and sum ultrasound receive beamformer
system for imaging target tissue.

[0022] FIG. 2 shows a general geometric configuration
with the elements of an ultrasound transducer array config-
ured in a column with an arbitrary focal point along an arbi-
trary scanline.

[0023] FIG. 3 is a flow chart for an iterative method of
computing time delay values for ultrasound receive beam-
forming, according to an embodiment of the invention.
[0024] FIG. 4 is a simplified block diagram of a digital
signal processor (DSP) IC that iteratively computes time
delay values for ultrasound receive beamforming, according
to a disclosed embodiment.
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[0025] FIG. 5 is a block diagram of an exemplary ultra-
sound system that iteratively computes time delay values for
ultrasound receive beamforming, according to a disclosed
embodiment.

DETAILED DESCRIPTION

[0026] Disclosed embodiments are described with refer-
ence to the attached figures, wherein like reference numerals
are used throughout the figures to designate similar or equiva-
lent elements. The figures are not drawn to scale and they are
provided merely to illustrate disclosed features. Several dis-
closed aspects are described below with reference to example
applications for illustration. It should be understood that
numerous specific details, relationships, and methods are set
forth to provide a full understanding of this Disclosure. One
having ordinary skill in the relevant art, however, will readily
recognize that the subject matter in this Disclosure can be
practiced without one or more of the specific details or with
other methods. In other instances, well-known structures or
operations are not shown in detail to avoid obscuring certain
features. Disclosed embodiments of the invention are not
limited by the illustrated ordering of acts or events, as some
acts may occur in different orders and/or concurrently with
other acts or events. Furthermore, not all illustrated acts or
events are required to implement a methodology in accor-
dance with this Disclosure.

[0027] FIG. 2 shows a general geometric configuration 200
with the respective elements of an ultrasound transducer array
112 configured in a column shown with an arbitrary focal
point along an arbitrary scanline (e.g. within a tissue sample
region) at some time sample instant n. Although the trans-
ducer elements in the array 112 are shown in FIG. 2 in a
column, the transducer elements can be arranged in other
configurations, such as in an arc or other non-linear configu-
ration provided the non-linear configuration is accompanied
by appropriate computational changes to account for the par-
ticular configuration. The distance from the i” transducer
element at time sample n, d,[n], to the focal point shown in
FIG. 2 can be expressed mathematically using the
Pythagorean theorem as:

dn] =\ (Rplnlsini®) (5, — 50)? + (Ryplnlcos(6)? ®

where:
[0028] R, [n] is the radial distance from the focal point to
the spatial center of the active transducer array elements at
time sample n shown in FIG. 2 as x ; with the actual physical
center of the transducer array shown as x,

[0029] 6 is the angle between the scanline and the 7 _ refer-
ence axis

[0030] x,is the lateral distance of the i transducer element
from the Z axis which is based on the position of x,,

[0031] x_isthelateral distance ofthe Z  axis from the Z axis
[0032] To compute the total amount of delay time (i.e., both
integer and fractional) it takes for a sound wave to propagate
the distance d[n] between the focal point of the target tissue
105 and the i transducer element, the distance d,[11] can be
divided by the speed of sound, ¢, for the material/medium.
This delay time, shown below as t,[n], can be represented in
terms of discrete-time samples by multiplying by the sam-
pling rate of the beamforming system (not shown), {; as fol-
lows
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T[] = %J(pr[n]smw) = (6 = %)) + (Rpp [n]cos(@))?

The Inventor has recognized that Equation 4 is not well suited
for real-time implementation because of the trigonometric
functions (both sin(6) and cos(0)) and numerous multiplica-
tions involved. As a result, the Inventor has recognized more
system insight and mathematical simplifications are needed
before an equation to determine the appropriate delay times
for the drive signal applied to the respective transducer ele-
ments can reasonably be implemented in real time.

[0033] The Inventor has discovered that the simplifications
can start by squaring the terms inside the square root in
Equation 4 to yield

fx 2 . (5)
il = (2] =07+ 2 i)+ R )

By referring back to FIG. 2 the following mathematical rela-
tionship can now be recognized

‘ ) ©

Rp[n] :n(z—fx

between the radial distance of the focal point, R, [n], the
speed of sound in the particular medium, c, the sampling rate
ofthe beamformer system, f,, and the time sample n. With this

relationship, Equation 5 can be simplified to the following
form shown as Equation (7) below:

Tiln] = \/[é(xc —Xi)]z +n(x, —x‘)(é]sin(@ + ’Z—Z ?

Equation 7 only includes two terms that are a function of the
time sample n. Furthermore, the non-time sample term

(% — Xi)(é]

is only a function of the transducer position (x_ relative to x,)
and can be computed in non-real tine (e.g. a priori) and stored
in a look-up table in memory. Moreover, the sin(6) term is
fixed for a given scanline and can also be stored in a look-up
table. Accordingly, although sin(6) term is updated once for
each new scan line, since 0 is known and is constant for a
particular scanline, the sin(6) term can be provided by a
look-up table. As a result, the only multiply that is present in
Equation 7 is for the n*/4 term.

[0034] To eliminate the multiply term (n*/4) in Equation 7,
the Inventor has discovered that the above equations can be
manipulated into an iterative form. For example, by squaring
Equation 5 and taking the difference between squared time
delay values 7 for time sample n, T (n), and the delay values at
time sample n+1, t(n+1), with the resulting difference equa-
tion becoming Equation 8 shown below

Sep. 30, 2010
Tn+1]-1i[n] = .
2
(é(xc —x;)] + P .
J (:0‘0 xJ] +

(n+ Dixe = xi)(—x]sin(é)) + - 2

: AV

(n+17 Al —MJ(?]Sln( )+ T

!

Equation 8 can be simplified into the following form

®

AW n+l
Tilr+1] = \/(xc —x;)(?]sm(é)) + 7 +7¢[n)

As aresult, the time delay value for the i*” transducer element
at time sample n+1 to account for the delay in the signal
between the target tissue 105 and the i” transducer can be
expressed a function of the time delay value for the same i”
transducer element at time sample n (immediately previous
time sample) using Equation 8. Analogous to Equation 7 as
described above, although the sin(8) term is updated once for
each new scan line, since 0 is known for a fixed particular
scanline, the sin(0) term calculation in Equation 8 is not
computationally burdensome.

[0035] FIG. 3 is a flow chart for an iterative method 300 of
computing time delay values for ultrasound receive beam-
forming, according to an embodiment of the invention. Step
301 comprises from a transducer array comprising a plurality
of transducer elements detecting a plurality of reflected sound
waves from the target tissue region to generate sensing signals
at a time sample (n) from a first focal point along a scan line,
and ata later time sample (n+1) for a second focal point on the
scan line. In Step 302, at the time sample (n), respective time
delays are calculated for the sensing signals received from
each of the plurality of transducer elements for focusing the
reflected sound waves from the first focal point. In Step 303,
atthetime sample (n+1), respective time delays are calculated
for sensing signals received from each of the plurality of
transducer elements for focusing the reflected sound waves
from the second focal point. The respective time delays at
time sample (n+1) are computed iteratively from the respec-
tive time delays at time sample (n).

[0036] In one embodiment the time delay at time sample
(n+1) for ani” element of the plurality of transducer elements
is computed iteratively using Equation 9 shown above,
repeated below:

! ©

2

+7i[n]

Tin+1]= \/(xc —x‘-)(fx]sin(é)) + nt

¢

where as shown in FIG. 2 described above x_. is a position
corresponding to aspatial center of active ones of the plurality
of transducer elements at time sample (n) and time sample
(n+1), X, is a position of the i transducer elements, 6 is a
steering angle that defines an angle between the scanline and
areference axis, f, is a sampling frequency, and c is the speed
of sound in the target tissue region.

[0037] Themethod can further comprise moving the beam-
former to a third focal point along a new (i.e. off the previous
scan line) scan line. Using Equation 9, the calculating of
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respective time delays for the plurality of transducer elements
at a time sample after time sample (n+1) for the third focal
point can comprise obtaining a new value for sin(8) that
reflects a change in the steering angle from a look-up table in
memory.

[0038] FIG. 4 is a simplified block diagram of a digital
signal processor (DSP) IC 400 that iteratively computes time
delay values for ultrasound receive beamforming, according
to a disclosed embodiment. DSP 400 can implement the data
architecture shown in FIG. 1 for all system components
between integer delays 118 and adder 121. Cycle count per-
formance improvements provided by more efficiently com-
putation of time delay values as described herein enable fewer
trigonometric computations and fewer multipliers including
multiplier dependency as compared to the conventional gen-
eral form (Equation 4 above) for computing time delay val-
ues. Iterative implementations according to disclosed
embodiments thus allow improved cycle count performance
per block of beamformed data, allow more blocks of beam-
formed data and/or more scanlines to be processed per DSP
(or other computational device).

[0039] DSP IC 400 is shown formed on a substrate 310
having a semiconductor surface (e.g., a silicon substrate) and
comprises a multiply-accumulate (MAC) unit 320 that is
operable to compute time delay values using algorithms dis-
closed herein and to generate control signals. DSP IC 400
generally includes a volatile memory (e.g., RAM) 325 and
non-volatile memory (e.g., ROM) 330. Algorithms according
to embodiments of the invention can be stored in non-volatile
memory 330. The DSP IC 300 is also shown including inter-
face port(s) 340 for inputs and outputs, counter/timers 345,
memory controller 350 and bus 355.

[0040] As with conventional DSPs, the DSP IC 400 can
execute instructions to implement one or more digital signal
processing algorithms or processes. For instance, the instruc-
tions data can include various coefficients and instructions
that, when loaded and initialized into DSP IC 400, can prompt
the digital signal processor IC 400 to implement different
digital signal processing algorithms or processes, such as a
digital filter. For example, for receive beamforming, DSP IC
400 can receive digitized sensing signal data from the ADC’s
117 shown in FIG. 1 and then apply an algorithm to the data
in real time to calculate the integer delays and implements
integer delays 118, and calculate the fractional delay and
implement the fractional delays at the interpolation filter
banks 119 for each interpolation filter at each time instant for
each data channel.

[0041] FIG. 5 is a block diagram of an exemplary ultra-
sound system 500 that iteratively computes time delay values
for ultrasound receive beamforming, according to a disclosed
embodiment. System 500 includes a transmit section 520
comprising transmit (Tx) beamformer 525 and a receive sec-
tion 540 comprising receive (Rx) beamformer 545 that share
a common array of transducers 550. System 500 includes a
beamformer central control unit 510 that is coupled to both Tx
beamformer 525 and Rx beamformer 545. Beamformer cen-
tral control unit 510 can be embodied as a DSP, such as DSP
IC 400 described above relative to FIG. 4, for iteratively
computing time delay values for the Rx beamformer 545. Rx
beamformer 545 of receive section 540 is coupled to a back-
end imaging DSP 560. Backend imaging DSP 560 is coupled
to a display 570.

[0042] Benefits of the iterative time delay value computa-
tion described above include fewer trigonometric computa-
tions and fewer multipliers including multiplier dependency
as compared to the conventional general form for computing
time delay values (Equation 4 above). Iterative implementa-
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tions according to disclosed embodiments thus allow
improved cycle count performance per block of beamformed
data, allow more blocks of beamformed data and/or more
scanlines to be processed per DSP or other computational
device. Disclosed embodiments also enable real-time imple-
mentation of time-delay computations that enables imple-
mentations (FPGA, DSP, or ASIC) to require less chip area or
support more data channels for a given chip area.

[0043] While various embodiments of the invention have
been described above, it should be understood that they have
been presented by way of example only, and not limitation.
Numerous changes to the disclosed embodiments can be
made in accordance with the disclosure herein without
departing from the spirit or scope of the invention. Thus, the
breadth and scope of embodiments of the invention should
not be limited by any of the above described embodiments.
Rather, the scope of the invention should be defined in accor-
dance with the following claims and their equivalents.
[0044] Although the invention has been illustrated and
described with respect to one or more implementations,
equivalent alterations and modifications will occur to others
skilled in the art upon the reading and understanding of this
specification and the annexed drawings. In addition, while a
particular feature of the invention may have been disclosed
with respect to only one of several implementations, such a
feature may be combined with one or more other features of
the other implementations as may be desired and advanta-
geous for any given or particular application.

[0045] The terminology used herein is for the purpose of
describing particular embodiments only and is not intended to
be limiting of the invention. As used herein, the singular
forms “a,” “an,” and “the” are intended to include the plural
forms as well, unless the context clearly indicates otherwise.
Furthermore, to the extent that the terms “including,”
“includes,” “having,” “has,” “with,” or variants thereof are
used in either the detailed description and/or the claims, such
terms are intended to be inclusive in a manner similar to the
term “comprising.”

[0046] Unless otherwise defined, all terms (including tech-
nical and scientific terms) used herein have the same meaning
as commonly understood by one of ordinary skill in the art to
which this invention belongs. It will be further understood
that terms, such as those defined in commonly used dictio-
naries, should be interpreted as having a meaning that is
consistent with their meaning in the context of the relevant art
and will not be interpreted in an idealized or overly formal
sense unless expressly so defined herein.

1. A method of computing time delay values for ultrasound
receive beamforming, comprising:

from a transducer array comprising a plurality of trans-
ducer elements detecting a plurality of reflected sound
waves from a target tissue region to generate sensing
signals at a time sample (n) for a first focal point along a
scan line, and at a later time sample (n+1) for a second
focal point on said scan line;

for said time sample (n), calculating respective time delays
for said sensing signals received from each of said plu-
rality of transducer elements for focusing said reflected
sound waves from said first focal point, and

for said time sample (n+l), calculating respective time
delays for said sensing signals received from each of
said plurality of transducer elements for focusing said
reflected sound waves from said second focal point,

wherein said respective time delays at said time sample
(n+1) are computed iteratively from said respective time
delays at said time sample (n).
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2. The method of claim 1, said wherein said time delay at
said time sample (n+1) for an i element of said plurality of
transducer elements is computed iteratively using

+fln]

Tin+1]= \/(xc —x;)(é]sin(@) + e+l

where x,, is a position corresponding to a spatial center of
active ones of said plurality of transducer elements at
said time sample (n) and said time sample (n+1), X, is a
position of said i” element of said plurality of transducer
elements, 0 is a steering angle that defines an angle
between said scanline and a reference axis, f, is a sam-
pling frequency, and ¢ is the speed of sound in said target
tissue region.

3. The method of claim 2, further comprising moving to a
third focal point along a new scan line, wherein said calcu-
lating respective time delays for said plurality of transducer
elements at a time sample after said time sample (n+1) for
said third focal point comprises obtaining a new value for said
sin(B) that reflects a change in said steering angle from a
look-up table.

4. A digital signal processor (DSP) IC for ultrasound signal
processing, comprising:

a substrate having a semiconductor surface;

amultiply-accumulate (MAC) unit on said semiconductor

surface that is operable to compute respective time
delays for receive beamforming for an ultrasound beam-
forming system having a plurality of transducer ele-
ments, wherein respective time delays at a later time
sample (n+1) for a second focal point on a scan line are
iteratively computed from respective time delays at an
earlier time sample (n) for a first focal point along said
scan line using an iterative equation

IAY 2n+l
Tiln+1]=_f (% —x,-)(?]sm(é)) + 7 +77[n]

where x_ is a position corresponding to a spatial center of
active ones of said plurality of transducer elements at
said time sample (n) and said time sample (n+1), x,is a
position of an i* element of said plurality of transducer
elements, 0 is a steering angle that defines an angle
between said scanline and a reference axis, f; is a sam-
pling frequency, and ¢ is the speed of sound in said target
tissue region.

5. The DSP IC of claim 4, wherein said DSP IC further
comprises non-volatile memory on said semiconductor sur-
face that is coupled to said MAC unit, wherein said iterative
equation is stored in said non-volatile memory.

6. An ultrasound system, comprising:

a plurality of transducer elements for transmitting ultra-
sound transmit sound waves toward a target tissue region
and receiving reflected sound signals from said target
tissue region in response to said transmit pulses;

a transmit section for generating drive signals that drive
said plurality of transducer elements for said transmit-
ting said transmit sound waves, and
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a receive section for processing a plurality of sensing sig-
nals generated by said plurality of transducers respon-
sive to receiving said reflected sound signals,

a beamformer control unit comprising a computing device
coupled said transmit section and said receive section for
calculating respective time delays for said sensing sig-
nals associated with each of said plurality of transducer
elements at a time sample (n) for focusing to a first focal
point along a scan line and at a later time sample (n+1)
for a second focal point on said scan line, wherein said
calculating comprises:
for said time sample (n), calculating respective time

delays for said sensing signals received from each of
said plurality of transducer elements for focusing said
reflected sound waves from said first focal point, and
for said time sample (n+1), calculating respective time
delays said sensing signals received from each of said
plurality of transducer elements for focusing said
reflected sound waves from said second focal point,
wherein said respective time delays for said receive section
at said time sample (n+1) are computed iteratively from
said respective time delays at said time sample (n);

a summer for summing said sensing signals to form a
beamformed signal,

a backend imaging display processor coupled to receive
and process said beamformed signal to generate a dis-
play signal, said display signal being suitable for causing
display devices to produce an image, and

a display device for receiving said display signal and pro-
ducing said image.

7. The system of claim 6, wherein said wherein said time
delay at said time sample (n+1) for an i” element of said
plurality of transducer elements is computed iteratively by
said computing device using an iterative equation

riln+1]= \/(xc —x,-)(fs]sin((i) + 2n4+1 +72[n)

c

where X, is a position corresponding to a spatial center of
active ones of said plurality of transducer elements at
said time sample (n) and said time sample (n+1), X, is a
position of an i” element of said plurality of transducer
elements, 0 is a steering angle that defines an angle
between said scanline and a reference axis, f; is a sam-
pling frequency, and ¢ is the speed of sound in said target
tissue region.

8. The system of claim 7, wherein said computing device
comprises a digital signal processor (DSP) IC, and wherein
said DSP IC comprises:

a substrate having a semiconductor surface, and

a multiply-accumulate (MAC) unit on said semiconductor

surface that is operable implement said iterative equa-
tion and to compute said respective time delays.

9. The system of claim 8, wherein said DSP IC further
comprises non-volatile memory on said semiconductor sut-
face that is coupled to said MAC unit, wherein said iterative
equation is stored in said non-volatile memory.
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