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7) ABSTRACT

In estimation of an aberration in propagation of an ultrasonic
wave from an aperture through an aberration path, the
aperture is modeled as a plurality of sources and receivers.
The frequency-domain magnitude of the aberration is esti-
mated by normalizing the scattered signal power spectrum.
The frequency-domain phase of the aberration is estimated
by a recursion using cross spectra of signals at neighboring
receivers.
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STATISTICAL ESTIMATION OF ULTRASONIC
PROPAGATION PARAMETERS FOR
ABERRATION CORRECTION

REFERENCE TO RELATED APPLICATION

[0001] The present application claims the benefit of U.S.
Provisional Patent Application No. 60/591,921, filed Jul. 29,
2004, whose disclosure is hereby incorporated by reference
in its entirety into the present disclosure.

STATEMENT OF GOVERNMENT INTEREST

[0002] The work resulting in the present invention was
supported by the National Institutes of Health under Grant
Nos. HL50855, CA74050 and EB00280 and the Office of
Naval Research under Grant No. N00014-96-1-0749. The
government has certain rights in the invention.

DESCRIPTION OF RELATED ART

[0003] Ultrasound imaging has been the largest growing
medical imaging modality in the last fifteen years. Reasons
for that are that many disorders can be diagnosed efficiently
with ultrasound, the equipment has relatively low cost, and
does not require special building adaptations. A promising
area for future growth is the market introduction of portable
ultrasound imaging equipment. Ultrasound imaging is also
widely used for guidance of tissue biopsies and other
minimally invasive procedures.

[0004] An example is screening of selected groups of the
population for early detection of tumors. Early detection of
cancers may increase the survival rate, and simple detection
methods may provide opportunities for screening selected
groups of the population with ultrasound imaging. The low
cost and portability of ultrasound equipment makes such
screening easier, compared to using more heavy and expen-
sive X-ray and MR equipment.

[0005] Clinical systems typically operate in a pulse-echo
mode with transmit and receive beams that are focused using
the assumption that the propagation medium is essentially
homogeneous, i.e., the density, attenuation, and sound speed
are constant throughout the propagation path. That assump-
tion may, however, be unrealistic and aberration produced
by inhomogeneities can result in unsatisfactory images.

[0006] Aberration reduces the clinical value of the images.
The image degradation also limits the use of ultrasound for
guidance of procedures. Hence, improving the image quality
and resolution in the ultrasound images will greatly increase
the clinical potential of ultrasound imaging in many appli-
cations.

[0007] Measurements of aberration in transmission con-
figurations have provided numerical data about variations in
time shifts, waveform energy, and pulse shape that result
from propagation through tissue. Aberration has been mod-
eled and corrected by using a time-shift screen in the receive
aperture or at an intermediate position between the receive
aperture and the region of the source or by using a bank of
linear filters. Although timeshift can be an important part of
aberration, a timeshift screen in the receiving aperture is
incapable of modeling amplitude changes and a single
timeshift screen located at a fixed distance from the receiv-
ing aperture is an oversimplified model for aberration that is
distributed along the propagation path. A bank of filters,
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however, can model complex aberration with an accuracy
that increases with the number of parameters in the filters.

[0008] Methods to determine simultaneously unknown
filter parameters and an unknown signal have been devel-
oped for applications in the area of communications. Those
methods for so-called blind system identification all depend
on the validity of a common source assumption in which the
signal at each receive element is assumed to have originated
from the same source. Although that method has been shown
to work for scattering from a random medium when the
illumination is sufficiently concentrated, possibly by use of
an initial correction such as timeshift compensation, the
method is computationally demanding for a large number of
elements and may require an initial compensation using
another approach to converge. An alternative method that is
not limited by the common source assumption and also is not
as computationally demanding is desirable.

[0009] The benefits of aberration correction may be sum-
marized as follows:

[0010] sharper images will be obtained over a wide group
of patients, facilitating a more accurate diagnosis of diseases
for all categories of patients and illnesses;

[0011]

[0012] improved focusing quality of ultrasound minimally
invasive surgery tools (High Intensity Focused Ultrasound)
for treatment of localized cancer tumors; and

[0013] better detection of blood flow, improving contrast
agent imaging methods as well as Doppler methods.

[0014] Phase aberration is encountered in many practical
imaging situations that include breast imaging and abdomi-
nal imaging. That loss of image quality and degradation in
resolution limits ultrasound imaging technology to a signifi-
cant extent. A solution that enables the adaptive adjustment
of focusing delays to maintain the resolution and image
quality under practical conditions would be of great value to
boost and extend the applications of that technology.

[0015] Current methods to correct aberration either use a
time-shift screen that is based on an over-simplified model
of aberration or are computationally intensive. One known
solution to that problem uses a general filter-bank model for
aberration correction. Such a bank of filters can model
complex aberration with an accuracy that improves the focus
of an imaging system substantially more than current com-
pensating techniques.

[0016] U.S. Pat. No. 6,699,189 B1 shows the capability of
the filter bank-model by using a more computationally
intense so-called blind system identification method. The
model for time-shift compensation can be viewed as a
special case of the filter-bank model. Compared to the
time-shift compensation method that uses only a single
parameter (time-shift), the filter-bank approach has the
advantage of using additional parameters to model aberra-
tion with the accuracy needed to achieve a specified reso-
lution.

[0017] However, the solution disclosed in the 189 patent
is still more computationally intensive than desired.

SUMMARY OF THE INVENTION

[0018] It will be appreciated from the above that a need
exists in the art to overcome the above difficulties. It is

improved diagnosis of cancer tumors;
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therefore an object of the invention to develop a technique
for estimating aberrations which is not limited by the
common source assumption. It is another object of the
invention to develop such a technique which is not to
computationally demanding as those of the prior art.

[0019] To achieve the above and other objects, the present
invention is directed to a technique which is based on a less
stringent assumption than the common source assumption.
Here, the assumption is that the aberration at each element
of the array is independent of the scattered signal origin. To
satisfy that condition, the scattered signals must emanate
from closely situated scattering volumes. The randomness of
the scattering is eliminated by averaging results from the
different volumes. The method is based on the same linear
filter bank model of propagation as in blind system identi-
fication but is faster than blind system identification because
the method can be implemented using substantially less
computation.

[0020] Parameters in a linear filter model for ultrasonic
propagation are found using statistical estimation. The
model employs an inhomogeneous-medium Green’s func-
tion that is decomposed into a homogeneous-transmission
term and a path-dependent aberration term. Power and
cross-power spectra of random-medium scattering are esti-
mated over the frequency band of the transmit-receive
system by using closely situated scattering volumes. The
frequency-domain magnitude of the aberration is obtained
from a normalization of the power spectrum. The corre-
sponding phase is reconstructed from cross-power spectra of
subaperture signals at adjacent receive positions by a recur-
sion. The subapertures constrain the receive sensitivity pat-
tern to eliminate measurement system phase contributions.
The recursion uses a Laplacian-based algorithm to obtain
phase from phase differences. Pulse-echo waveforms were
acquired from a point reflector and a tissue-like scattering
phantom through a tissue-mimicking aberration path from
neighboring volumes having essentially the same aberration
path. Propagation path aberration parameters calculated
from the measurements of random scattering through the
aberration phantom agree with corresponding parameters
calculated for the same aberrator and array position by using
echoes from the point reflector. The results indicate the
approach describes, in addition to time shifts, waveform
amplitude and shape changes produced by propagation
through distributed aberration under realistic conditions.

[0021] A filter-bank model of propagation from a point
source was used to estimate and correct aberration like that
occurring in ultrasonic b-scan imaging. The central assump-
tions of the theory are that the random-medium second-order
statistics are the same around a number of focuses and that
the focuses are within an aberration independent or
isoplanatic volume. The analysis yields an expression for the
power spectrum of the signal at individual array elements
and also an expression for the cross spectrum of signals from
neighboring subapertures.

[0022] The temporal-frequency magnitude of the aberra-
tion response is found by a normalization of the power
spectrum. The corresponding phase of the aberration
response is found by a recursion using the phase of the
subaperture cross spectra. Calculation of the cross spectrum
at subapertures of receive elements rather than the cross
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spectrum at individual receive elements enables a valid
correspondence between cross spectral phase and the phase
differences of aberration.

[0023] In experiments conducted with a two-dimensional
array and aberration that mimics strong distortion produced
by human abdominal wall, waveforms were transmitted and
received through a water path and through the aberrator path
from a point reflector and a random medium that mimics
scattering by human liver. Aberration was compensated
using time shifts estimated from geometrically focused
illumination of the random medium and using statistical
estimates of the aberration. The quality of estimates and the
effectiveness of compensation were described by waveform
similarity before and after compensation. Transmit and
transmit-receive focuses were described using amplitude
projections, effective widths, effective radius, and beam-
forming efficiencies. The results indicate that compensation
of aberration by using the statistical estimation method
disclosed herein can improve the focus of an imaging system
substantially more than time-shift compensation and that the
improvement can approach a diffraction-limited water-path
focus after two iterations.

BRIEF DESCRIPTION OF THE DRAWINGS

[0024] A preferred embodiment of the present invention
will be set forth in detail with reference to the drawings, in
which:

[0025] FIG. 1 is a diagram showing scattering volume
weights used in performing the calculations of the preferred
embodiment;

[0026] FIG. 2 is a schematic diagram showing an experi-
mental configuration of the preferred embodiment;

[0027] FIG. 3 is a set of plots of the representative
magnitudes and phases of the aberrations estimated accord-
ing to the preferred embodiment;

[0028] FIG. 4 is a set of plots showing illustrative com-
pensated transmit waveforms;

[0029] FIG. 5 is a set of plots showing representative
phase corrected point-reflector and random-medium wave-
forms;

[0030] FIG. 6 is a set of plots showing a measured
transmit focus obtained through a water path and through an
aberrator path;

[0031] FIG. 7 is a set of plots showing amplitude projec-
tions and effective widths of the transmit-receive focus
through a water path and through an aberrator path; and

[0032] FIG. 8 is a plot of the transmit-receive effective
radius of the focus obtained through an aberrator path with
successive transmissions.

DETAILED DESCRIPTION OF THE
PREFERRED EMBODIMENT

[0033] A preferred embodiment of the present invention
will be set forth in detail with reference to the drawings, in
which like reference numerals refer to like elements or
method steps throughout.

[0034] An aspect of the present invention, in the terms of
physical acoustics, is to determine from random scattering
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the Green’s function throughout a receiving aperture for
propagation through an inhomogeneous medium to or from
a focus. The evaluation of that Green’s function can be
straightforward if an isolated point scatterer is available but
such a point scatterer is not usually present in medical
ultrasonic imaging. The more usual circumstance in medical
ultrasonic imaging is, however, a random distribution of
scatterers in the vicinity of the focus. For that latter case,
which is considered here, the evaluation of the Green’s
function proceeds as follows. The inhomogeneous-medium
Green’s function is assumed to be a convolution of a
homogeneous-path transmission term and a path-dependent
aberration term. The temporal-frequency magnitude of the
aberration term is found by a normalization of the scattered
signal power spectrum. The temporal-frequency phase of the
aberration term is found by a recursion that uses cross
spectra of signals at neighboring receive subapertures. The
theoretical basis for the procedures will now be described.

[0035] Consider a two-dimensional aperture that is used
for acoustic transmission and reception in three-dimensional
space. Assume the aperture is comprised of small transducer
elements that individually behave like point sources and
receivers, at least over a range of relevant frequencies.
Assume further that an acoustic field P{r,t,tp,ty) is trans-
mitted from the aperture and that the field is comprised of
impulses emitted with weights A, and delays T, from aperture
element locations {r,},i=1,2, . ... That field at location r and
time t in an inhomogeneous medium can be written

@, [T):ZAiG(ra Lorpy br = 7;) M

@ indicates text missingor illegiblewhen filed

[0036] in which G(r,tr;ty) is the Green’s function, ie.,
spatial impulse response, diverging from location r; at time
tr to location r at time t for the wave equation in the
inhomogeneous medium. Since an impulse cannot be emit-
ted in practice, the emission of a band-limited pulse p(t) is
considered. The transmitted field at location r in that case
can then be expressed as a superposition in the form

Jp () W (5, ¢, b, ) die

[0037] Assume next that the Born approximation is valid
and that the distribution of medium variations is 1(r). The
medium variations can be written explicitly in terms of the
variations in sound speed and density or, equivalently, in
terms of medium variations in compressibility and density.
Each of those descriptions includes a factor that is the cosine
of the scattering angle, i.c., the angle between the direction
of the incident field propagation and the direction to the
position of reception in the aperture from the focus. How-
ever, since that cosine factor is approximately unity in the
backscatter configuration considered here for imaging, no
further decomposition is needed for the present objective.

[0038] The term that contains the medium variations in the
time-dependent wave equation can be considered to be a
source on the right side of the equation. Use of the Born
approximation and the assumed form of the medium varia-
tions then permits the scattered field to be written as the
operator [1(r)/c*]d*/01> applied to the transmit field. In that
operator, ¢ is the average sound speed in the medium. The
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location r then acts as a virtual source which at time t has
amplitude

18 ;
'](")C—2 EF [fp(fr)lﬁr(r, L rr, ITWIT]-

[0039] The source produces at aperture location ry and
time ty the response

1 8
YR(r, L, re, IR)ﬂ(r,)gﬁ[fp(lr)WT(h Lrr, ITWIT]

[0040] in which Vg (ntrg,tr) is the receive sensitivity
pattern at location ry and time t; to an impulse at location r
and time t. Writing that receive sensitivity pattern in a form
corresponding to the form of the transmit field - yields

@ 1, rRa[R)=ZBjG(rj. tR—Tj, 1 0), (@)
J

@ indicates text missingor illegiblewhen filed

[0041] where B; and T; are weights and delays, respec-
tively, at aperture locations {r;},j=1,2, . . . and G(r; tg,r,t) is
the inhomogeneous medium Green’s function diverging
from location r at time t to location r; at time tg.

[0042] The complete response of the receive array to the
scattered signals can be expressed as a summation of those
virtual sources or echoes over all locations and all time. That
response can be written

Ytg, rg, 1T) = 3
2

16 ,
f f Ualr 1 i 100 55 f plrir(r, 1 rp, iy did .

[0043] Since the signal is observed in practice only during
a finite time interval, a window w(ty) is applied to y(tg,Ix,Ir
#p). The temporal-frequency spectrum of the windowed
signal can then be expressed

Y. rg, rp) = f f [ f WIRW k(R 1, rR,rR)e"“’mzR]x @

2

1 & R
15| f Pl 1, 1. i did .

[0044] To identify aberration as a specific term, assume
the medium variations do not change with time. The result
is that the Green’s functions depend only on the difference
of their two time arguments and can be written

G (ry ty 7o 19)=0 (ry, 7o ti—lg):

[0045] The aberration term a(ry,r,t) for a given ro,r; is
defined to be the convolutional factor that converts the
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Green’s function G(r,,ty,Io.t,) for the homogeneous
medium into the Green’s function for the inhomogeneous
medium, i.e.,

G (r, r» =[text missing or illegible
when filed], 7, )*G, (7, 70, ),

[0046] where the - (centered dot) refers to the variable in
the convolution and the Green’s function for the homoge-
neous medium also depends on the difference of the two
time arguments. That Green’s function has the form

8ty —to = llre = roll /)

Golry, 11, 7o, 1o) = Golry, ro, 1 —19) = T =rol

[0047] Although, in general, two arbitrary functions will
not differ by a convolutional factor, in that case, since
Gy(ry,fo,t) is a scaled d-function, the a(r r,t) factor is
simply a scaled and shifted replica of G(r,,r,,t). Incorporat-
ing Eq. (5) in Eq. (1) and Eq. (2) then gives

Yrir o )= 3 A 1 VxGolrrs e+t ©

@ indicates text missingor illegiblewhen filed

and

r(r, 1 1R )= ) Bl v, 5 Golr, g —r+7y )
7

[0048] in which spatial reciprocity has been used to infer
that the order of the spatial arguments in both a and G, does
not matter.

[0049] The transmit field can be concentrated in the vicin-
ity of a focal point ¢ by choosing the time shifts {t;}, i=1,2,
.. . so that they cancel the |r-r;|/c terms when r=c, i.e., by
choosing T;=|lc-r;|/c. In that case,

® (ot rrir.0) ‘A@(r,ri,z—zr+nc—r‘-||/c—||r—r‘-u/c>
£ > LI, Ir, ¢) = i s
T Z ' =7l

‘

@ indicates text missing or illegiblewhen filed

[0050] where the argument ¢ has been included on the left
to indicate the dependence of the transmit field on the
geometric focal point. That sum is coherent only in the
neighborhood of the focal point at which the pulses are time
aligned. In that neighborhood, the approximation

le-r[text missing or illegible when
filed]|-|--[text missing or illegible
when filed]~-[text missing or illeg-
ible when filed]-(—¢),
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[0051] where

[ 41
U= —r,
lle =il
[0052] can be used to obtain

alr, ri, 1=ty =+ (r=cj/c)

or(r 1, b, Iy, ¢) = Z A;

llr = rill

[0053] The transmit field can also be represented as a sum
of temporal-frequency harmonics by taking the temporal
Fourier transform of the aberration time response. The result
can be written

Yr(r 1, rr, 07, 0) = ®)

. —iku;-(r-c)
A; otrriy opje TR T d oy
i s .
z ‘; =il

i

@ indicates text missing or illegiblewhen filed

[0054] where the wavenumber kp=wr/c. The integrand
can then be factored into the product of a monochromatic
plane wave and a frequency-dependent complex envelope to
obtain

Yrlr b, rp, iy, €)= f‘l’r(h vy, oy, Q) KT UGBTI gy,

[0055] where
) —ikp(u;—uy -(r—c) 9
Yol rr wr 0) = ZAiav(r, ¥y, wor)e *TWET . (&)
llr=rill
rr =4
and
Fr—2<
Ur = ———.
Tl
[0056] The same concepts apply also to reception. If

signals received from an array of elements at locations {r;},
j=1,2, ... are each assigned a time shift T;=|lcr;//c, then the
temporal-frequency decomposition of the receive sensitivity
pattern is

@ Ut e g, 0) = (10

alr, rj, wg)e *REH |
B2 #) RO
i [l =#5ll

J

@ indicates text missing or illegiblewhen filed
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[0057] where the argument ¢ has been included on the left
to indicate the dependence of the receive sensitivity pattern
on the geometric focal point. That result can be expressed

ik (rc) el at] (1D
YR(r, 1R, I, ©) = f‘l’k("v FR, W, ) KRR UTVGRIR T g

where

alr, rj, wR)ef"kR("ff"RJ'(H)
Ye(r, rr, w, ) = B; .

llr=rill

J
re=A4rp)
Fp==

Upg= ——
lirg = cll’

[0058] and the wavenumber Kz=mg/c.

[0059] Substitution of Eq. (8) and Eq. (10) into Eq. (4) for
the spectrum of the received signal and evaluation of the
integrations over ty, tg, Wy and my by using the assumptions
that the window w is sufficiently long and the transmit
envelope varies slowly with frequency yield

Y@, rg, rr, )= 12

forges

fp(l— i (r=0)f @ @ +u;-(r=c)joe ™ did® r.

@0, rjy e 4D

llr =7l

(r, 1y, w)

llr =l

@ indicates text missing or illegiblewhen filed

[0060] where k=w/c. Next, assume the window w is much
smoother and much longer than p. The inner integral can
then be evaluated by setting w equal to the constant

[text missing or
filed](u+v,)(-0)/c),

illegible when

[0061] i.c., the value that w assumes when
t=u(rc)jc
[0062] and the argument of p is 0. The evaluation permits

the expression in Eq. (12) for the spectrum of the received
signal to be written

y(w, rg, rr, ¢)=—k*Pw

[y

@ indicates text missing or illegiblewhen filed

@ (r, vy, wye P 9

llr = rill

D, rj, )" R ORE
j X
[lr=rjll

QU +w)-(r=c)jo)d’r.

[0063] Finally, using Eq. (9) and Eq. (I 1) for the envelope
of W, and Wy, respectively, and, since w is smooth and
nonoscillatory, making the approximation

U=l
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[0064] in the argument of w yield for the spectrum of the
received waveform the expression

Y(w, rg, rr, ¢)=—k*Pw f (g (r, re, w, ¥R(r, rp, w, c) X (13

O g +up): (=) [ ) TR 1.

@ indicates text missingor illegiblewhen filed

[0065] That expression shows that the o temporal-fre-
quency component of the time-windowed receiver output in
the presence of aberration is proportional to a three-dimen-
sional Fourier transform in space. The differences between
Eq. (13) and corresponding Fourier transform relations
found in the literature are that the transmit and receive
envelopes are for arrays of elements and that the transmit
and receive envelopes include aberration caused by propa-
gation through an inhomogeneous medium. The spatial
function being transformed is the product of the medium
variations, the transmit envelope, the receive envelope, and
the window applied along the spatial direction of the vector
k which is defined

w
k= —(ur +ug)
¢

[0066] and is the spatial frequency at which the Fourier
transform is evaluated.

[0067] The three factors that multiply the medium varia-
tions and limit the scattering regions are illustrated in FIG.
1, which shows scattering volume weights relative to the
transmit array 102 and the receive array 104. The scattering
volume is defined by the product of the transmit field
envelope Wi, the receive sensitivity envelope Wy, and the
observation time window w. Since the transmit field and
receive sensitivity patterns depend on temporal frequency
and position in space, the size of the scattering volume
varies with frequency and is not sharply delineated. The
spatial-frequency vector k is the wavenumber k times the
sum of the unit vector uy in the direction of the transmit
beam and the unit vector uy in the direction of the receive
sensitivity pattern.

[0068] If the medium variations that cause the aberration
are situated closer to the transmit and receive apertures than
to the scattering volume, then ar, r, -) varies slowly with .
For an element at position 1; in the aperture, the result is a
relatively large scattering region where the difference
between a(r, 1;, * ) and a(c, 1;, ) around C is inappreciable.
That invariance of aberration also applies within a somewhat
smaller region to every other element in both the transmit
and receive arrays. Such a region is called the aberration
isoplanatic patch or, more briefly, isoplanatic patch. In that
section, the scattering volume surrounding the focal point ¢
is assumed to be contained in an isoplanatic patch.

[0069] The result of the isoplanatic patch assumption is
that the first argument of a can be eliminated so that Eq. (6)
and Eq. (7) become



US 2006/0064012 A1l

Yrir, 67 i, 0) = ) Ailatri, s Gotry i, M-t =rien U9

and

UROL 1, v, 13, © = ) Bilatry, )5 Golr rjy e =147y, 1Y
7

[0070] respectively. Those expressions indicate that the
effects of aberration on both transmission and reception can
be characterized by a bank of linear filters, each of which is
associated with an individual element in the transducer
array. When Eq. (14) and Eq. (15) are decomposed into
temporal harmonics, those filter temporal responses are
converted into multiplicative frequency responses and Eq.
(9) and Eg. (11) become

Ao M) =) (16)
Yr=(r,rr,w,0)= Zw("i, w)——————— and

llr = rill
i

B kjmugtr=o) (17
Yp=(r,rp, 0,c)= Zwilrj, ) ISR

_ =7l
I

[0071] respectively.

[0072] Assume now that the receive arrays are much
smaller than the transmit array. That permits simplification
of the expression for the receive signal envelope and yields
an expression that can be used to estimate the aberration
response. Consider the ratio of the aberrated receive sensi-
tivity envelope, i.e., Eq. (17), and the unaberrated receiver
sensitivity envelope, i.e., Eq. (17) with a=1. That ratio,
which is

Bjtfl'k(ujfuR‘/-(rfc)
Ay )=

J

—ik(u j—up r—c)
ZBJ.Q (j RJ
T Tl
J

[0073] has the form of a weighted average over the array
of receiver elements. The exponential factors in the ratio
give the weights different phases as r shifts in the scattering
volume. However, since u; and u, are unit vectors that point
in nearly the same direction, the difference u;-u, is nearly
orthogonal to u, so the phase terms only change in response
to changes in the off-axis components of r. Also, the field of
the larger transmit array, which is pointed in almost the same
direction as ug, severely limits the range of r in off-axis
directions. (See FIG. 1.) Those conditions allow the phase
terms to be ignored when the receive array is sufficiently
large and permit aberration factors for the receive array to be
defined by the expression
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Bjal(r;, v) (18)
2T [

i lle=rjl !

K

ag(rg, w) =

[0074] That factor relates the aberrated and unaberrated
receiver envelopes by

Vi(r, rg, w, €)= aglrgs W (r, g, w, €, 19

[0075] where W™ is the receive sensitivity envelope in a
homogeneous medium, i.e., the receive sensitivity envelope
with a=1 in Eq. (17). Substituting the right side of Eq. (19)
into Eq. (13) results in the receive signal spectrum being
given by

Ww. rg, Fr,0) = (20)
~K2P(@ar(rg, ©) f neWr(r, rry w, W, s w, 0%

W(ur +up)- (r—c) [ ) TRy,

[0076] The presence of the receiver aberration factor as a
multiplicative term outside the integral in Eq. (20) permits
the estimation of aberration.

[0077] The expression for subaperture signal spectra given
by Eq. (20) cannot be used directly to isolate aberration
because the equation contains the unknown random term
1(r). However, that term can be eliminated by forming
spectral estimates that are averages of measurements from a
number of different focal centers

co=c+dc,, v=1,2,

[0078] located in a volume where the transmit envelope
W.{r, 1, ©, c) and the receive envelope Wi(r,rx,m,c) are
essentially invariant when r and ¢ are simultaneously trans-
lated by the dc, offsets. That requirement is equivalent to the
assumption that the scattering volumes for all the focuses
reside within the isoplanatic patch and requires a larger
isoplanatic patch than for a single focal volume. However,
when that stronger condition is satisfied, the signal received
from the scattering volume around the focal center

cyctde,

[0079]

can be written

Y, rg, rr, o) =
—K2P(w)ag(rg, w) f 10+ Se Xor(ry rry w, OV, 1,y w, €)X

Wy + ug)- (r = ¢) ] )T TRRII=O) g3 ).
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[0080] That result shows that only the sample function of
the scattering medium varies from one focus to the next.

[0081] Suppose now that two measurements are made and
that the second measurement is identical to the first in every
respect except that the receiver array is translated by the
displacement drgz. As a consequence of that shift, the
receiver axis vector is also perturbed, i.e., ug—=up+dug. The
resulting expression for the signal after the shift is

¥(w, g, Orgy 17, €)= =K P@)ag(rg + 0rg, w) %
fn(r +de, ¥y (r, rr, w, c)‘]’%')(r, rR+0rp, w, c)X

W((up +up + Sug)-(r—c) /c)e""("T“”‘R*‘5"'?)'("C)d3 .

[0082] The cross spectrum can be estimated by forming
products of such paired measurements in which the initial
measurement of each pair is conjugated and by averaging
the products over the set of focuses. That average can be
expressed

Ylw, rr, Org, rr, o)y, 1R, 1T, C4)), =

kx| P@)Pag(ry + Org, @)ag(ry, ©) X
f {@lry +Seyn(ry +8cy)), x¥r(ry, rr, w, )¥r(r, rr, @, 0) %

Y8y, rg +6rg, @, )X ¥P (1, 1, 0, €)
((ur +ug + Sug)- (L — o)/ )X w(lur +ug)-(rn —c)jc) X

eik(uT*ruRﬂiuR Yrp—ofe % e*ik(xTJruR)(rzfc)/c % dS " d} .

[0083] in which the average over the focuses is denoted by
<> . To simplify the double integral, assume the medium is
wide-sense statistically stationary and has a short correlation
length so that

NN R)=070(1,-1y),

[0084] where o is the spatial power density of the
medium variations. That assumption is applicable, for
example, if the scattering medium is composed of indepen-
dently distributed scatterers whose sizes are much smaller
than the volume determined by the transmit and receive
envelopes and is true for the scattering medium used to
mimic scattering by human liver. Also, assume the dry and
duy, perturbations appearing in the arguments of W™ and w,
respectively, are

(3w, rg+0rg, 17, V@, T3, 175 Oy = 2D

Ko |P(@)Pap(rg + 6rg, W)CVR("R;U)XIWT("; rryw, ol

[, rg, @, O Xw((ur +ug)- (r —c) fe) X R TRTP .

inconsequential. The result of those assumptions is that the
cross-spectral estimate becomes

[0085] The product of the three positive terms in the
integrand is a spatial function of the measurement geometry
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(including transmit aberration). If the spatial function is
denoted Q(r-c¢, -, ry, o, ¢) and considered as a function of
r-c, then the integral is a spatial three-dimensional Fourier
transform of € evaluated at spatial frequency kdug. That
Fourier transform is denoted Q(kdug, tr, 1z, ®, c) for
convenient reference. Equating the phases of both sides of
Eq. (21) gives

Phase[(y(w, rg + 57, 17, (@, Py 12 &)y = (22)
Phase[ap(rg + Org, w)] —Phase[ag(rg, ©)] +

Phase[X—kSug, rr, rr, w, ¢)].

[0086] In that expression, the form of the Q term is
different from the form of the corresponding term obtained
in the prior art by considering only a single receive element
and using more restrictive assumptions. However, since the
Q term in Eq. (22) vanishes as duy—0, Eq. (22) provides a
potential technique for obtaining phase differences of the
aberration factors at neighboring positions in the receive
array.

[0087] The magnitude of the aberration frequency
response can be found from a normalization of the receive
signal power spectrum at the individual array elements. That
power spectrum is a special case of the cross spectrum given
by Eq. (21). The special case is obtained by setting drp=
dur=0 and assuming that the receiver consists of a single
clement at location r; in the array. Then, Eq. (21) becomes

Iy, rjs rr, &)y, = K| P)lalr), w)F %

5 1
f ¥, (r, rr, @, O ——— " (ur +uj)-(r =)/ o)’ r.
Il = rilI?

[0088] That expression can be simplified by assuming that
[I—1ll~{lc-r;l| in the denominator and assuming that uu. in
the argument of w* in the numerator. The result is

(@, rjs e, = (23)

1
o P(w) —H B X rH‘,(r, rr, w, P Qur - (r=c)jo)d r.
c—r; J

[0089] Separating the integral on the right side into trans-
verse and axial components permits the integration to be
written

I oy r)=[[/p-([text missing or illegible
when filed]w([text missing or illeg-
ible when filed]u+s 7w, P& w?C([text
missing or illegible when filed]-|ic[))«

[0090] Since the integral in square brackets is the energy
in the transmit field at frequency o in the plane transverse
to the array axis at a distance z from the center of the array,
that integration is denoted E(w,z). Also, since that energy is
nearly constant over the interval of z values where w is
appreciable, the integral factor I(w, 1;) can be expressed

I (w, 1)=C.E ( [l
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[0091] where C, is the value of the integration over the
square of the window in the z direction and the argument z
in E has been replaced by the focus position c.

[0092] Further progress requires knowledge about the loss
of energy. That loss cannot be estimated from the measured
spectra because their fluctuations represent a redistribution
as well as a loss of energy and the two effects are not
separable without additional information. Reasonable
assumptions are that the loss at each frequency is propor-
tional to the emitted energy and that frequency dependency
of the loss is an exponential decay with the exponent being
linearly dependent on frequency over the band of interest.
Then,

E(w, fle) = ye 2 Y A,

[0093] where ye! is the fraction of energy remaining in
the z plane in a homogeneous absorbing medium. Substitu-
tion of that equation into the equation for I{w, r;) and then
substitution of the resulting equation for I(w, r;) into Eq. (23)
yield

Kol Po)ye Y Ja 29

i 2
la(r;, W)

2
Iy, rjrr, eI, = i
—7j

[0094] Equation (24) can be written compactly by using
the factor [H;(w)|?, which is defined as

Ko PPy ™)y AP @
() = i
el = le—r,IF
[0095] in which the dependence of the position r; comes

only from geometry. That expression, called here the system
power response, has a form that is different from the form of
a corresponding expression obtained in the prior art by
assuming a lossless medium and using the assumption that
the transmit focal plane energy E(w,||c|) is proportional to
the receive energy rather than to the emitted energy.

[0096] Using Eq. (25), Eq. (24) for the power spectrum at
receive element location ¢ becomes

<b/(:W, H I'p Cv:'|2>v=|f1j (W)|2|0 (ry W)lz
[0097] in which the factor H; defined by Eq. (25) plays the
same role as the system response in the relation for the

output spectral power of a linear time-invariant system. The
magnitude of the aberration can then be expressed as

. 7y ), 12 )

latr. ) = (@)

[0098] Both the numerator and the denominator on the
right side of that equation can be estimated from measure-
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ments up to the frequency-independent constant o* by com-
putations that are described below. Thus, Eq. (26) can be
used to recover the magnitude of the aberration as a function
of frequency in the band of the received signal.

[0099] While Eq. (26) gives the aberration magnitude
explicitly, the recovery of aberration phase from Eq. (22)
requires further processing. That is because only phase
differences are available from Eq. (22) and because Eq. (22)
can only be employed effectively when the phase contribu-
tion from Q(kdu,rp,rp,0,c) is negligible. However, the
phase of © can be made small by localizing the scattering
volume in the duy direction. Since the scattering volume is
defined by @, which is a product including the receive
envelope as a factor, the required localization can be accom-
plished by using a receive subaperture that extends over a
number of array elements. (See Eq. (13) and FIG. 1)
Elimination of the phase contribution from Q permits the
angles of subaperture signal cross spectra to be used for
phase differences between the aberration factors of neigh-
boring subapertures. A least-mean-square-error calculation
can then be used to reconstruct the phases of subaperture
aberration factors from their differences. That entire proce-
dure is incorporated in a recursion which recovers the
aberration phase at the individual array elements from the
phase of the subaperture aberration factors, as described
below.

[0100] Although the recovery of the aberration phase uses
a large rectangular array of elements to transmit and small
rectangular arrays comprising subapertures to receive, sepa-
rate measurements for every subaperture are not necessary.
The measurement from each receive subaperture can be
found by summing spectra from the contributing elements
with appropriate weights. For notational convenience, that
relation is expressed

VR, @,€) = Y B DY im0, ). @

iJ

[0101] where aperture location r; is defined by two spatial
indices (n, m), yx(n,m,m,c) is the co temporal-frequency
component of the signal received at the subaperture centered
at array indices (n, m), y(o+i, m+j w,c) is the w temporal-
frequency component of the signal received at the element
with array indices (n+i,m+j), and B(i, j) is the weight applied
to the subaperture array element offset from the center of the
aperture by i, j.

[0102] Using that notation, Eq. (18) for the aberration
factor o at receive subaperture location r; becomes

[Z BU, Paln + i, m + j, @) 28
agln, m, w)= il

2BG, )
i

[0103] where ag(n,m,m) is the aberration factor for the
receive subaperture centered at (n,m) and a(n+i,m+j,w) is
the aberration factor at array element (n+i,m+j). That equa-
tion links the aberration phase at a receive subaperture to the
aberration phase at the individual elements in the subaper-
ture. By letting
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0 (1, m, w)=Phase [[text missing or illeg-
ible when filed]; ¢, m, w)]

and

6 (n+, m+, w)=Phase [[text missing or
illegible when filed](:+;, m+j, w)],

[0104] Eq. (28) can be rewritten

DBl Platn+i, w+ j, o)lrsineie)

iR (nm,w) — [ iJ

g (n, m, w)le

X Bii, ).
L

[0105] If small-angle approximations apply, then
_ B(i, platn+i,m+ j, w) . . 29)
Orinm @)= ) S bl o)
i hi
[0106] Although that approximation may be crude in early

iterations, it becomes progressively more accurate as the
phase estimates converge.

[0107] Equation (29) indicates that Ox(n, m, w) is a
weighted average of 0 values within the subaperture cen-
tered at (n, m) but with different weights at each center.
Thus, Eq. (29) can be written in the form of a linear matrix
transformation as

0 (W)=S (W) 0 (w). (30)

[0108] In that expression, Bx(w) is a column vector of
receive subaperture phases, S(w) is a linear smoothing
operator (but not a convolution), and 8(w) is a column vector
of receive element phases.

[0109] The aberration phase 6(w) at the individual ele-
ments of the array can be reconstructed from subaperture
measurements by a recursion based on Eq. (30). Each
iteration uses Eq. (21) to reconstruct the subaperture phase
factors Bi(w) from the phase of the subaperture cross
spectra. In the j-th step of the recursion, an estimate

1) (W)={00) (n m, W)}n,m

[0110] of the phase vector B(w) is used to compensate the
effects of aberration by multiplying the frequency compo-
nents of the signals at the array elements by the compensa-
tion factors ¢7®”»™) That multiplication replaces the
original signals by new signals that have been aberrated by
the partially corrected factors a(n,m,w) €7@ ™) New
subaperture measurements are formed from those corrected
signals by using Eq. (27) and a least-mean-square-crror
reconstruction procedure described below is applied to
extract the corrected subaperture aberration factor phases
020 (). Using Eq. (30), those phase factors can be
expressed as

8.9 (W)=S (W) [6 (w)-69 (w)].

[0111] If S(w) is a positive matrix, an improved estimate
may be obtained by setting

89+ ()69 (w)+[text missing or illegible
when filed]e,® () (31)
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[0112] in which T is a positive parameter. The recursion is
conveniently started using 8”(w)=0 and can be shown to
converge for C<[[S(w)|™.

[0113] The least-mean-square-error calculation of subap-
erture aberration phase Ogx(n,m,w) from phase differences
uses cross-spectral estimates formed by offsetting the
receive subaperture arrays a unit step along one Cartesian
dimension of the aperture while the other Cartesian coordi-
nate is fixed and vice versa. The defining relations for those
phases are

dy (w n, m)=Phase [<yg (w n+1, m)yr(wnm)>] (32)
and
dy (w n, m)=Phase [<yp (W n+1)yplmnnn>,] (33)

[0114] Using Eq. (22) and assuming that the phase of the
Q term is negligible, the d, and d, terms can be identified
directly with differences of the Bx(n,m,w) phases to obtain
O (l’l+1, m, W)_eR (l’l, m, W)=d1 (l’l, y W)
and
Or (1, m+1, w)-6g (1, m, w)=d, (n, m, w).
[0115] The Ogx(n,m,w) values can be obtained from those

equations by a least-mean-square-error fit. That fit can be
conveniently expressed in matrix form as

? (34)

[0116] in which [9;], i=1,2 denotes a matrix that imple-
ments a two-point differentiation in the i-th direction. The
solution can be found by standard techniques but a much
more efficient method is available. The method is derived by
writing the normal equations in the form

[0117] and then recognizing the expression to be a state-
ment of the discrete two-dimensional (Poisson) potential
problem

d ] (35

[Ay16k(©) = [V-]( W)

[0118] where [Ay]is the matrix for a discrete (five-point)
Laplacian with Neumann boundary conditions and [V'] is
the matrix for a discrete (five-point) divergence operator.
That problem can be efficiently solved by using either a fast
discrete cosine transform or a fast Fourier transform to
invert the Laplacian. Details of the solution are known to
those skilled in the art and will therefore not be set forth in
detail here.

[0119] An experimental configuration and procedure will
now be disclosed. Measurements were made with a novel
two-dimensional array system. The transducer array is
planer and consists of 80x80 elements that span 48x48 mm?
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with a pitch of 0.6x0.6 mm> The system has a 3.0 MHz
center frequency and a 56% fractional bandwidth. Transmit
waveforms are individually programmable. Receive wave-
forms are sampled at a 20 MHz rate using 12-bit A/D
conversion. The characteristics of the system permit imag-
ing with an f-number of 1.2 to obtain an isotropic -6 dB (i.e.,
full-width at half-maximum) two-way beamwidth of 0.70
mm.

[0120] Pulse-echo waveforms were acquired from a point
reflector and from a random medium each through a water
path and through an aberrator path. In every case, the signals
originated from a focus that was sequentially placed at 75
different positions. The positions were defined by platonic
figures, i.c., polyhedra that are inscribed in a sphere and have
faces that are all congruent regular polygons. Three platonic
figures were used: an inner icosahedron, a dodecahedron,
and an outer icosahedron. Each had the same center. The two
icosahedra were concentric, with one axis (i.c., a line joining
antipodal vertices) being coincident with the axis of the
transducer array. The dodecahedron was oriented so that its
vertices were on the same rays (from the origin) as the face
centers of the icosahedra. The 75 focal positions were
comprised of the common center, the 12 vertices of the inner
icosahedron, the 20 vertices of the dodecahedron, the 12
vertices of the outer icosahedron, and the midpoints of the
30 circular arcs that connect adjacent vertices of the outer
icosahedron. From the common center, the distance to the
vertices of the inner icosahedron, dodecahedron, and outer
icosahedron were 0.79, 1.50, and 1.50 mm, respectively.
That configuration was chosen to maximize the indepen-
dence of the scattering volumes. Use of Platonic figures to
position the centers produces symmetries that greatly sim-
plify the minimization of overlap in given volume.

[0121] The point reflector was the rounded tip of a 0.82
mm diameter stainless steel rod positioned with its axis
perpendicular to the plane of the two-dimensional array.

[0122] The random scattering medium was made by con-
ventional techniques to mimic ultrasonic characteristics of
human liver; at a temperature of 29.5° C. (the nominal
temperature of the water in which the experiments were
conducted), the medium has an average sound speed of
1.578 mm/,us and an average attenuation of 1.39 dB/cm at
the system 3.0 MHz center frequency.

[0123] The aberrator was made to have first-order and
second-order ultrasonic pulse distortion statistics like those
of human abdominal wall. The phantom is 35 mm thick and
has a background made from a tissue mimicking material.
Spheres with 6.3 and 12.6 millimeter diameters and made of
a similar material with a sound speed about 2% greater than
that of the background are randomly distributed inside with
a 15% volume fraction to produce the aberration. The
full-width-at-half-maximum correlation length and the rms
(root mean square) value of the arrival time fluctuations are
6.2 mm and 76.4 ns, respectively, and the corresponding
quantities for the energy level fluctuations are 1.6 mm and
3.3 dB, respectively. Those statistics are at the high end of
the range for corresponding statistics of abdominal wall
measurements as well as breast measurements so the aber-
ration produced by that phantom is considered severe.

[0124] Adiagram of the experimental configuration show-
ing the array 202, aberrator 204, random medium 206, and
a conceptual drawing of an icosahedron 208 is in FIG. 2.
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Also shown in FIG. 2 is a processor 210 which receives
signals form the array 202, performs the calculations dis-
closed herein and controls the operation of the array 202 to
transmit the wave and to perform the aberration correction
disclosed herein.

[0125] Waveforms were acquired from a liver-mimicking
random scattering medium after two-way propagation
through a phantom mimicking strong aberration produced
by abdominal wall. The transmit focus was positioned
within an isoplanatic volume at points defined using regular
polyhedra. The random medium was replaced by a point
reflector to obtain reference values of the aberration
response and to measure pulse-echo resolution and by a
hydrophone that was scanned to measure transmit beams.
The aberration phantom was removed for water-path mea-
surements.

[0126] The transmit aperture had 79x79 elements and was
apodized by applying a one-dimensional Hamming window
in each Cartesian direction of the array. The separation of the
focuses was accomplished by geometrically focusing the
transmit and receive beams at each point. Both transmit and
receive f-numbers were 1.2 and the nominal focus, i.¢., the
center of the platonic figures, was 55 mm away from the
array in all the measurements.

[0127] The basic transmit pulse s(t) in the preferred
embodiment was the Gaussian bandpass function

s (t)=AC,./Z/2USZ sin (2nf5f)
[0128] in which the pulse length parameter o, was 0.208
us, the center frequency f; was 3.0 MHz, and the amplitude

scale factor A depended on the apodization of the element to
which the pulse was applied.

[0129] To measure the transmit focus, the point reflector or
scattering medium was removed from below the aberrator
and the focus was scanned with a hydrophone capable of
being moved in three orthogonal directions by stepper
motors so that the focus can be measured in a volume. The
lateral resolution of the transmit focus in the preferred
embodiment, however, was measured along lines in the x
and y spatial directions at the peak of the focus. The transmit
axial resolution was measured using the transmit pulse
waveform at the peak of the focus.

[0130] Measurements to determine the sensitivity that is
produced by focusing on both transmit and receive were
made using a point reflector. For the focus at the common
center of the polyhedra, the reflector was positioned at
increments along each of the three Cartesian dimensions,
starting at the peak of the focus, with the other two coor-
dinates kept fixed. That procedure maps the resolution of an
imaging measurement that employs a combined transmitre-
ceive focus and measures sensitivity to off-axis scatterers.

[0131] The computational procedure will now be dis-
closed. The data for a single experiment consist of 79x79x
75 received waveforms. The first two dimensions in that
waveform set span the elements of the transducer array and
the last dimension spans the set of 75 focal points. A
complete experiment is comprised of such sets that were
determined by the choice of scattering object, the presence
or absence of the aberrator, and the methods of transmit and
receive beam formation.

[0132] Aberration responses determined from both the
point-reflector and random-medium experiments were
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employed to compensate receive waveforms for focusing on
receive. The responses were also employed to produce
transmit waveforms that focused through the aberrator. In
addition, time shifts were estimated from the point-reflector
and random-medium waveforms to produce transmit and
receive focuses that were time-shift compensated.

[0133] For each waveform in each experiment, a geomet-
ric delay was determined from the path length between the
focal point and the array element and the waveform was
shifted to remove that delay. After that correction for geom-
etry, an 80-point (4 us) segment of the waveform around the
focus was extracted using a uniform window. The segment
was zero-padded to 160 points and a 160-point fast Fourier
transform was used to obtain the signal temporal harmonic
amplitude given by Eq. (20). The harmonic amplitudes were
then normalized using measured data for a water path to
remove variation caused by element directivity and by
difference in distance between position in the aperture and
the geometric focus. A consequence of that is the removal of
the position-dependent factor in [H(w)f* given by Eq. (25).

[0134] Since the only difference between the point-reflec-
tor waveforms acquired through the aberrator path and
through the water path is the aberration that appears as a
convolutional factor, the aberration factor was obtained by
deconvolving the water path response, i.e., the system
response, from the aberrator-path waveforms. That provided
a reference for comparison with the aberration response
found using statistical estimates calculated from random-
medium waveforms. The deconvolution was performed in
the frequency domain by assuming each aberration path
response is described by the coefficients of a finite impulse
response filter. Because the resulting system of equations is
ill-conditioned, a Tikhonov regularization was employed to
stabilize the inversion by modifying the matrix singular
values A;, i=1,2, . . . . The modification was

n[text missing or illegible when
filed]as2;

[0135] in which E was selected to be 0.10A___1i.e., 20 dB
below the maximum singular value.

[0136] The aberration response computed in that way
using the point-reflector waveforms from the center of the
set of focuses was considered to be the true aberration.
Aberration responses were also computed in that way from
waveforms with the point reflector located at the other
focuses to confirm the assumption that the aberration to the
same position in the aperture is essentially unchanged for
each focus in the set. The aberration response from the
center focus was used as the reference against which the
aberration response determined from the random-medium
waveforms was compared.

[0137] Estimation of the aberration from the random-
medium experiments used the theory developed above. The
aberration frequency-domain magnitude and phase were
found independently as outlined below. The magnitude and
phase were then combined to obtain the complex amplitude
of the aberration in the frequency-domain band of the
computations. That band was 1.875-3.875 MHz for point-
reflector waveforms and 1.875-4.00 MHz for random-me-
dium waveforms.
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[0138] The temporal-harmonic magnitude of the aberra-
tion response was computed using Eq. (26). In that equation,
the factor

Ko lP@l ) 1A
i

included in |H(w)|” given by Eq. (25) was obtained from
averaging power spectra from 75 random medium scattering
measurements with the aberrator removed, i.., through a
water path. Thus,

Wizols g 7 e, = KPP Y AP
H

[0139] where the subscript h2o denotes a water path to the
scattering phantom. Since the spatial power density o= on
the right side of that equation is the only factor that depends
on the characteristics of the scattering medium, the system
function can be evaluated up to an unimportant frequency-
independent constant from laboratory measurements made
with phantoms and then the system function can be used to
obtain the magnitude of aberration during clinical measure-
ments. In the preferred embodiment, the loss fraction ve P!
also included in [Hy(w)|> was obtained by averaging the
power spectrum at each position in the aperture from each of
the 75 focuses in the random medium with the aberrator
present. Since that average includes energy loss during both
transmit and receive, the loss fraction is given by
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[0140] The magnitude of each aberration response was
scaled by a frequency-independent factor that was the same
for each element to make the average of all the aberration
magnitudes equal to unity at the system center frequency
(3.0 MHz).

[0141] The phase of the aberration frequency response
was obtained using the recursion described above. A detailed
description of the procedure is given below. In that descrip-
tion, the term y(w,n,m,v) denotes the o frequency compo-
nent of the received signal at the (n,m)-th element of the
array when the scattering focus is positioned at the v-th
location and 8(w,n,m) denotes the current estimate for the
phase of the aberration frequency response at the (n,m)-th
element at frequency w. That estimate 6 was initially set
equal to 0 and then modified using the following five-step
procedure.

[0142] Step 1. The frequency components (spectra) of the
received signals were corrected using the estimated phase,
i.e., by forming the products

Ye (Wr h, m, V)=y (Wr nom v e—ie(w,n,m)

[0143] for all usable frequencies, array elements, and
focuses.
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[0144] Step 2. Subaperture signal spectra were formed by
convolving the array of corrected spectra with Gaussian
weights, i.e., by performing the calculation

yr(w, n, m,v) = Z Velw, n+ An, m + Am, v)e’[m”)z*mm)z]/(z‘r%?)

AnAm

[0145] in which oy is the spatial standard deviation of the
applied weights.

[0146] Step 3. Cross-spectral estimates from adjacent sub-
apertures were calculated and their phases used for the
difference between the phase of the aberration frequency
responses at adjacent subapertures so that the estimates of
the phase differences d, in Eq. (32) and d, in Eq. (33) are
given by

d) (w, n, m) = Phase

1 75
=D VR, n+ L. VR, m?v’)} and

v=1

dp(w, n, m) = Phase|

1 75 -
ﬁz yr(w, n,m+ 1, Vyglw, n, m, v)}.
v=1

[0147]

[0148] Step 4. The phase 6,°(w, n, m) of the subaperture
aberration frequency response was found from the phase
differences by solving the Poisson problem in the form of
Eqg. (35) to obtain a least-mean-square-error solution of Eq.
(34).

[0149]

setting

respectively.

Step 5. The phase estimate was then modified by

0 (W 1 m)=0 (W, n, M)+0:° (W 1, m),
[0150] which is Eq. (31) with C=1.

[0151] That procedure was repeated, e.g., 10 times, until
normalized changes in compensated waveforms and, there-
fore, 0 become inappreciable, e.g., less than 0.001. The
convolution in Step 2 was implemented by forming the
product of the two-dimensional Fourier transform of y (w,
n,m,v) and a two-dimensional Gaussian with a spatial-
frequency standard deviation equal to 0.26 times the spatial
Nyquist frequency and then taking the inverse transform of
the product. That is equivalent to using receive subapertures
that are formed by applying Gaussian weights with a stan-
dard deviation oy of 1.23 times the separation between
adjacent elements and results in an effective size of the
receiver subapertures that is a small fraction of the dimen-
sions of the transmit array.

[0152] Special precaution was taken to remove 27t wraps
in the phase differences found from the cross spectra. The
reason for that is that the phase differences tend to grow
linearly with frequency and can assume values outside of the
interval [=zt,m] when co approaches the upper portion of the
system usable bandwidth. In order to assign the correct
multiple of 27 to the phase differences, the least-mean-
square-error square-error reconstruction of 6;° (w,n,m) was
computed separately for each frequency by starting at the
lowest frequency and advancing frequency by frequency
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through the band. The 27 interval for each of the phase
differences at frequency w,,; was anticipated from recon-
structed phases (L., the values {0;° (0,0,m)}, n,m=1,2, . .
. ,79) at frequency w; by assuming that d,(w,, ,nm) is
contained in the 2m interval centered around

i+1>

Wit g .
—[Or(w, n+1,m) = Or(w, n, m)]
2

and that d,(w
around

.+1-0,M) is contained in the 27 interval centered

Wit

—[Or(w, n, m + 1) = Gp(w, n, m)].
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[0153] To implement that precaution, Step 3 and Step 4
were performed iteratively starting at the lowest frequency
and advancing frequency by frequency to the highest fre-
quency.

[0154] Transmit and receive beams were compensated
using the complex amplitude of the aberration in the fre-
quency domain. To get so-called predistorted transmit wave-
forms that focus through the aberrator, the spectrum of the
Gaussian-shaped bandpass waveform used for uncompen-
sated transmission was multiplied by the conjugate of the
estimated complex amplitude of the aberration in the band of
the estimate. That corresponds to using time reversal of the
aberration temporal response. The phase of the Gaussian
spectrum outside the measurement band was compensated
using the phase from time shifts determined by a least-mean-
square-error linear fit to the estimated aberration phase as a
function of frequency. The magnitude of the Gaussian
spectrum outside the measurement band was unchanged.
From the resulting complex amplitudes, a time-domain
transmit waveform was calculated using a frequency-do-
main regularized inversion in which the aberration was
modeled as a finite impulse response filter. The regulariza-
tion was the same as previously described. That approach,
which does not assume the out-of-band frequency response
of the aberration is zero, smooths discontinuities in phase
and magnitude at the edges of the band. The predistorted
waveforms were emitted and the waveforms from the focus
were received. The received waveforms were compensated
the same way as the transmit waveforms except that dis-
continuities at the band edges of the aberration estimate
were smoothed using a cosine taper 0.200 MHz wide and an
inverse Fourier transform was used to obtain time-domain
waveforms from the compensated spectra. The resulting
waveforms were beamformed conventionally by using a
delay-and-sum operation.

[0155] The results will now be evaluated. A waveform
similarity factor which can be viewed as an aggregate
cross-correlation coefficient was used to quantify the simi-
larity of the same geometrically corrected waveforms in the
aperture before and after compensation.

[0156] Transmit and transmit-receive focuses before and
after compensation were also examined to assess the per-
formance of aberration estimation and correction. The trans-
mit focus was measured with a hydrophone. The transmit-
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receive focus was measured by focusing both the transmit
beam and the receiver sensitivity pattern at a point that was
55 mm axially from the center of the transducer array. A
point reflector was then positioned at increments along each
of the three Cartesian dimensions, starting at the focal point
(with the other two coordinates kept fixed) and the signal
was measured at each step. The envelope of that signal was
used to describe the combined weights of the transmit and
receive focuses at the corresponding positions of the reflec-
tor.

[0157] Quantitative descriptions of the transmit and trans-
mit-receive focuses were obtained using effective widths
and effective radius.

[0158] The calculation of each description starts with the
envelope of the analytic signal at the focus. To define the
effective width in a Cartesian dimension, a set of amplitudes
is obtained by taking the maximum amplitude in a plane
orthogonal to that dimension as the plane is incremented
through the region of the focus. The amplitudes as a function
of position in the dimension form a curve with a peak at the
position of the focus. The effective width in the Cartesian
dimension is the greatest distance between intercepts of that
curve with a horizontal line as the line moves down from the
peak. The effective radius is half the cube root of the product
of the three effective widths as a function of level below the
peak. Those two measures are plotted as the horizontal
coordinate while the vertical coordinate is level below the
peak because they describe a beam pattern and beam pat-
terns are conventionally presented that way.

[0159] A-ratio of intensity at the peak of the receive focus
to the total received energy was calculated to describe the
receive focus quantitatively. That ratio is called here the
receive beamforming efficiency and can be shown to reach
a maximum of 1.0 when beam formation uses time reversal.
A corresponding ratio called the transmit beamforming
efficiency was defined for a transmit focus by using a
hydrophone measurement of the peak intensity in the plane
of the transmit focus and using total energy applied to the
transmit array in place of total energy in the transmit focal
plane. The energy applied to the transmit array was
employed because a direct measurement of the focal plane
energy is limited by noise and is extraordinarily time con-
suming with the scanned hydrophone available for the
experimental testing which was performed. Although the
direct equivalence between receive beamforming efficiency
and transmit beamforming efficiency that results from trans-
mit and receive reciprocity is lost by that substitution when
energy loss is different on transmit and receive and when the
voltage-pressure conversion factor of the array is not known
(as is the case in the reported experiments), the two effi-
ciencies are related by a scale factor. The receive beam-
forming efficiency and the transmit beamforming efficiency
were each normalized by the corresponding beamforming
efficiency obtained by using time reversal of the aberration
response determined from a point reflector to present the
respective efficiencies on a scale relative to an ideal.

[0160] Representative magnitude and phase of aberration
calculated from point-reflector and random-medium wave-
forms are presented in FIG. 3. The top row shows aberration
calculated from point-reflector waveforms. The bottom row
shows aberration determined statistically from random-me-
dium waveforms. In each panel, the vertical and horizontal
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axes correspond to the row and column dimensions, respec-
tively, of the 7979 element (square) transducer array aper-
ture. Magnitude is displayed on a linear grayscale spanning
zero to twice the mean at each frequency. Phase is normal-
ized by frequency to show path length variations and is
displayed on a bipolar linear grayscale spanning +0.350 mm.

[0161] The calculation of aberration from the point-reflec-
tor waveforms used the central focus. The calculation of
aberration from the random-medium waveforms used 75
focuses and was statistically based. The waveforms from
each focus in the statistical method were produced by a
transmit beam compensated using a single set of time shifts
estimated from geometrically focused random-medium illu-
mination. Correlation of the aberration magnitude deter-
mined from the point-reflector with the aberration magni-
tude determined statistically yields a correlation coefficient
of 0.944. The corresponding correlation coefficient for the
aberration phase is 0.939.

[0162] Tllustrative transmit waveforms compensated using
time reversal of aberration responses are shown in FIG. 4.
The top row shows compensation with aberration deter-
mined from point-reflector waveforms. The bottom row
shows compensation with aberration determined statistically
from random-medium waveforms. In each panel, the vertical
axis spans 79 elements in the transducer array column
designated by the number under the panel column and the
horizontal axis spans 2 us of time. The amplitude of the
waveforms is shown on a bipolar linear grayscale.

[0163] The compensation employed the aberration fre-
quency-domain magnitude and phase shown in FIG. 3 for
calculations using point-reflector and random-medium
waveforms. Correlation of the transmit waveforms compen-
sated using aberration determined from the point reflector
with the transmit waveforms compensated using aberration
determined statistically yields a correlation coefficient of
0.958.

[0164] Representative geometrically corrected point-re-
flector and random-medium waveforms received through a
water path and received through an aberrator path before and
after phase compensation are presented in FIG. 5. In the
upper two rows, waveforms received through a water path
are shown. In the center two rows, waveforms received
through an aberrator path are shown before compensation. In
the lower two rows, the aberrator-path waveforms in the
center two rows are shown after compensation by the total
phase determined statistically from random-medium wave-
forms. In each panel, the vertical axis spans 79 elements in
the transducer array column designated by the number under
the panel column and the horizontal axis spans 2 us of time.
The amplitude of the waveforms is shown on a bipolar linear
grayscale.

[0165] The aberrator path is the same as for FIG. 3. The
compensation was statistically determined from waveforms
produced by a time-shift-compensated transmit beam. The
time-shift estimation used waveforms from geometrically
focused random-medium illumination. Compensation
increases the waveform similarity factor of the point-reflec-
tor and random-medium aberrator-path waveforms to 0.940
and 0.571 from 0.463 and 0.199, respectively, while the
corresponding waveform similarity factor of point-reflector
and random-medium water path waveforms is 0.993 and
0.591, respectively.
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[0166] Measured amplitudes of the transmit focus
obtained through a water path and through an aberrator path
are plotted in FIG. 6. The left panels show maximum
amplitude projections of the envelope in each Cartesian
spatial dimension while the right panels show corresponding
widths. The upper and middle panels are for the two
orthogonal spatial dimensions parallel to the lateral dimen-
sions of the transducer array aperture and the lower panels
are for the depth dimension.

[0167] The aberrator path is the same as that for FIG. 3.
The water-path waveforms were focused with geometric
delays and the aberrator-path waveforms were focused with
geometric delays, i.e., without compensation, and with com-
pensation using time shifts estimated from waveforms pro-
duced by geometrically focused transmit waveforms in a
random medium, time reversal of aberration responses
obtained from statistical estimation of aberration by using
random medium waveforms, and time reversal of path
responses calculated from waveforms produced by a point
reflector. The waveforms used in the statistical method were
produced by transmit time-shift compensation estimated
using geometrically focused random-medium waveforms.
The central part of the compensated transmit focus is
restored down at least to =15 dB from the peak by each
method. Beyond the -20 dB level, however, the transmit
focus produced using time reversal of statistically estimated
aberration is substantially better overall than the transmit
focus produced using time-shift compensation and is close
to the focus produced using time reversal of the path
response found from the point reflector as well as to the
focus obtained through a water path. The plateau in the
peripheral region of the lateral measurement of each trans-
mit focus is a limit determined by noise. Although the plots
are not shown to avoid cluttering the figure, re-estimation of
the aberration response from measurements in which the
transmit beam was formed using time reversal of the pre-
vious statistically determined aberration response yielded an
aberration response that did not produce an appreciably
better transmit focus than aberration response calculated
using time-shift compensated illumination. Relative to the
transmit beamforming efficiency obtained using time rever-
sal of the aberration response calculated from the point
reflector, the transmit beamforming efficiency for no com-
pensation, time-shift compensation based on waveforms
produced by a geometrically focused transmit beam, and
time reversal of aberration statistically estimated using
waveforms produced by a time-shift compensated transmit
beam is 14.9, 68.1, and 78.0 percent, respectively.

[0168] Amplitude projections and effective widths of the
transmit-receive (two-way or pulse-echo) focus obtained
through a water path and through an aberrator path are
shown in FIG. 7. The left panels show maximum amplitude
projections of the transmit-receive focus amplitude in each
Cartesian spatial dimension while the right panels show
corresponding effective widths. The upper and middle pan-
els are for the two orthogonal spatial dimensions parallel to
the lateral dimensions of transducer array aperture and the
lower panels are for the depth dimension. The curves have
the same correspondence to measurements as in FIG. 6.

[0169] The aberrator path is the same as that used for FIG.
3. Transmit and receive compensation each used time rever-
sal of the aberration response (or time shifts in the case of
time-shift compensation). The time shifts and aberration
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response are the same as used to obtain the curves in FIG.
6. The data show that the two-way response is restored to the
water-path ideal down at least to =37 dB by both time-shift
compensation and time reversal of statistically estimated
responses. Beyond -40 dB, however, time reversal of the
statistically determined aberration outperforms time-shift
compensation substantially by producing a two-way focus
nearly as good as the focus obtained through a water path
and the focus produced using time reversal of the aberration
response calculated from a point reflector. In particular, for
lateral distances in the range of 1.5-4.0 mm away from the
peak of the focus, using time reversal of statistically deter-
mined aberration produces a sensitivity that is 30-40 dB
better than the uncompensated sensitivity. Relative to the
receive beamforming efficiency obtained using time reversal
of aberration response calculated from the point-reflector,
the receive beamforming efficiency for no compensation,
time-shift compensation based on waveforms produced by a
geometrically focused transmit beam, and time reversal of
aberration response statistically estimated from waveforms
produced by a time-shift compensated transmit beam is 23.6,
83.4, and 96.2 percent, respectively.

[0170] The effective radius of the transmit-receive focus
obtained through an aberrator path using echo waveforms
from four successive transmissions that start with geometric
focusing and then use a compensation calculated from the
preceding transmission is plotted in FIG. 8. The wide
dashed line is for no compensation, i.e., geometric focusing.
The wide dotted line is for time-shift compensation esti-
mated from waveforms produced by geometrically focused
random-medium illumination. The wide solid line is for time
reversal of the aberration response statistically estimated
from waveforms produced by the time-shift-compensated
random-medium illumination. The narrow dashed line is for
time reversal of the aberration response statistically esti-
mated from waveforms produced by time reversal of the
previous statistically estimated aberration response. The
narrow solid line is for a focus produced through a water
path by using geometric delays and is included as a refer-
ence.

[0171] The aberrator path is the same as for FIG. 3. The
two-way effective radius obtained using compensation with
time shifts estimated from geometrically focused illumina-
tion is substantially improved over the uncompensated
focus. The following iteration that employs compensation
statistically estimated from timefshift compensated illumi-
nation produces significant additional improvement in the
effective radius. However, a further iteration that uses com-
pensation statistically estimated from illumination using the
previous statistical compensation yields little important
improvement.

[0172] The data in FIG. 3 through FIG. 8 and the accom-
panying quantitative measures of performance indicate that
the statistical method of estimating aberration from random-
medium waveforms and then compensating the aberration
by using the estimates can yield significantly improved
transmit, receive, and transmit-receive focusing in the pres-
ence of strong aberration under realistic conditions.

[0173] The filter-bank model used in the analysis pre-
sented here provides a general description of linear propa-
gation from a point source through an inhomogeneous
medium. A time-shift screen in the aperture can be regarded
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as a special case. Accuracy of the filter-bank model is limited
in principle only by the number of parameters used to define
the filters. However, the accuracy of the parameter estima-
tion is limited by the validity of the two basic assumptions
that the random-medium second-order statistics are the same
around each of the focuses and that the focuses are within an
isoplanatic volume.

[0174] The assumption that the scattering-medium statis-
tics are the same around each of the focuses was ideally
satisfied in the reported measurements because the tissue-
mimicking phantom is comprised of the same scattering
material throughout a region much larger than that used for
the focuses. The assumption that the focuses are all within
an isoplanatic volume was checked experimentally by pro-
cessing waveform sets received from a point reflector that
was positioned at each of the 75-focuses and correlating the
aberration response calculated from the 75-focus average
with the aberration response calculated from the set of
waveforms received from the common center of the poly-
hedra. A correlation coefficient of 0.983 was obtained. That
high correlation or similarity justifies the validity of the
isoplanatic volume assumption for the clinically relevant
geometry employed for experiments in the preferred
embodiment.

[0175] A number of other assumptions were made during
the development of the expressions used to compute aber-
ration magnitude and phase from the experimental measure-
ments. The most noteworthy are the assumptions that result
in the form of €2, which is the integral factor in Eq. (21).
Although those assumptions are described qualitatively, the
excellent agreement between the experimental results
obtained using the described statistical theory and the results
obtained using a point reflector that essentially yields the
true aberrations shows the validity of the assumptions in a
practical setting.

[0176] Before the described set of 75 focuses was
employed, waveforms were collected through a water path
and through an aberrator path from a point reflector and from
a random medium using focuses that were at the center and
vertices of an icosahedron with a 0.5 mm radius and with a
1.0 mm radius. For the 0.70 mm water-path -6 dB two-way
beam width of the array used in the described studies,
waveforms from the center and 12 vertices of the 0.5 mm
radius icosahedron were not sufficiently independent to yield
satisfactory spectral power estimates while waveforms from
the vertices of the 1.0 mm icosahedron were relatively
independent but estimates made with the 13 sample func-
tions resulted in spectral power estimates with a relatively
high variance. Using radially symmetric Gaussian-weighted
overlapping scattering volumes clustered as in the preferred
embodiment, a model for the variance of the spectral esti-
mates showed the 75-focus estimates have about 0.4 the
variance of the 13-focus estimates. The choice of focus
separation and number of focuses in any particular setting
depends, however, on the size of the isoplanatic volume that
is determined by the length of the aberration path, the
strength of the aberration, and the proximity of the aberra-
tion to the transmit-receive aperture.

[0177] A variance reduction factor is used to describe the
rate of convergence and accuracy of spectra estimated from
overlapping ultrasonic scattering volumes when the scatter-
ing is from a spatially uncorrelated medium. Assuming that
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the individual volumes are localized by a Gaussian window
and that centers of the volumes are located on orbits of an
icosahedral rotation group, the factor is minimized by
adjusting the weight and radius of each orbit. The smallest
possible value of the factor is found by allowing an unlim-
ited number of centers constrained only to be within a ball
rather than on icosahedral orbits. A significant reduction of
variance can be achieved from centers in the confined
volume, and this reduction is nearly the maximum obtain-
able from an unlimited number of centers in the same
volume.

[0178] The effect of aberration on the focus produced by
the beamformer in an ultrasonic b-scan instrument merits
comment. A conventional beamformer, i.c., one using geo-
metric focusing, implements a delay-and-sum operation that
yields amplitude along the axis of an actual or virtual array
of elements. A more general beamformer that applies dif-
ferent weights and phase to each frequency component of
each waveform, i.¢., one using a filter-and-sum operation, is
required to compensate for aberration. In either case, how-
ever, the amplitude is influenced by scatterers offset from the
focus and the quality of the focus is determined by the extent
to which the influence of offset scatterers is suppressed.
Maximum suppression during lossless propagation occurs
when beamformation uses filters that are matched to the
exact aberration factors but matched filter beamformation,
i.e., time-reversal processing, has also been observed to
provide high suppression in the presence of relatively homo-
geneous attenuation. If the aberration factors can only be
estimated or if only time shifts are available, then the focus
for the corresponding matched filters will be less than
optimal. The quality of those filters is described by the
beamforming efficiency that was defined for a receive focus
and for a transmit focus because each of those efficiencies is
equivalent to a correlation coefficient between the optimal
filters and the estimated filters.

[0179] Computations using the Rayleigh-Sommerfeld dif-
fraction formula were performed to simulate the focus
obtained with different compensations. Those computations
have the advantage of not requiring lossless propagation but
assume the aberration factors are invariant throughout the
region of the focus. The simulated focuses, however,
extended beyond the region of aberration invariance so the
results of the computations are not presented because they
have a limited region of validity.

[0180] The importance of accounting for the phase of the
Q term in Eq. (22) for the phase difference of the aberration
at adjacent subapertures is worthy of special note. Aberra-
tion phase calculations that neglect that phase term and use
the cross spectrum of measured signals at individual ele-
ments were found to contain a strong anomalous curvature.
That led to the development of the described recursive
procedure that uses signals at receive subapertures for cross
spectrum calculations to make the contribution of that phase
term negligible.

[0181] Visual and numerical comparison of the aberration
magnitude and phase shown in FIG. 3 for a statistical
calculation using random-medium waveforms and for a
calculation using point-reflector waveforms indicates that
the differences are small. Additional visual and numerical
comparison of corresponding compensated transmit wave-
forms shown in FIG. 4 indicate that those differences are
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also small. A further comparison of the aberration deter-
mined by deconvolving a measured water-path response
from the measured aberration-path response with the aber-
ration found by using the deterministic equivalents of the
spectral power estimates for random-medium waveforms
yielded similarly small differences. The small differences
between statistically determined aberration and compensa-
tion and corresponding references show that aberration can
be accurately estimated from random-medium waveforms
using the described statistical approach and that compensa-
tion can be performed accurately with the estimates.

[0182] Visual comparison of compensated and uncompen-
sated waveforms presented in FIG. 5 and numerical com-
parison of their corresponding waveform similarity factors
show that the statistically determined compensation of the
waveforms greatly increases their similarity over that of
uncompensated waveforms to near the similarity of corre-
sponding water-path waveforms. Those geometrically cor-
rected waveforms are analogous to waveforms summed by
the beamformer in an ultrasonic imaging instrument to
obtain an a-line for a b-scan image. Time-aligned wave-
forms at that point during beam formation are necessary but
not sufficient for an ideal focus, other factors such as
apodization being equal. Time alignment of waveforms is
directly connected with differences in their Fourier phase
and those phase differences are generally more important at
the focus than differences in Fourier magnitude. Since the
waveform similarity factor is more strongly influenced by
Fourier phase differences than Fourier magnitude differ-
ences, the correspondence between a high waveform simi-
larity factor, e.g., between 0.9 and 1.0 in the case of
point-reflector waveforms, and the time alignment necessary
to concentrate the field at the focus permits use of the
waveform similarity factor, which is a single number, to
assess the quality of compensation at a focus. However, the
waveform similarity factor is limited to comparisons using
the same set of waveforms before and after compensation
and is not a good measure of the extent to which scattering
from off-axis is suppressed at the focus because that sup-
pression is primarily determined by Fourier magnitude dif-
ferences to which the waveform similarity factor is rela-
tively in-sensitive. The suppression of off-axis scattering is
measured by the relative beamforming efficiency reported
for the transmit focus and for the receive focus.

[0183] Noteworthy is the broad bandwidth of the compen-
sated transmit waveforms in FIG. 4 relative to the band-
width of the corresponding uncompensated waveforms in
FIG. 5 with which computation of the path responses
started. The broad bandwidth of the waveforms compen-
sated by statistically determined aberration comes from both
the use of the original uncompensated transmit Gaussian
pulse spectrum and the way the aberration response is
computed. The tails of the original Gaussian spectrum
outside the band of the aberration estimates permit the
bandpass transfer function of the array elements to limit the
band of the transmit spectrum naturally. The spectral tails
also establish a broad band for the aberration estimates
although the signal-to-noise ratios for those estimates dimin-
ish at the band edges. To compensate for that diminished
signal-to-noise ratio as well as to extend the band of the
aberration estimates, a finite-impulse-response filter struc-
ture was used in a weighted-least-mean-square-error calcu-
lation to obtain temporal representations of the aberration
from the aberration frequency-domain magnitude and phase.
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An important consequence of the compensated transmit
waveform bandwidth is that axial resolution at the transmit
focus is not degraded as has been reported by others when
transmit waveforms are obtained by direct time reversal of
receive waveforms band limited from multiple passes
through the receiving and transmitting elements.

[0184] The transmit beam measurements presented in
FIG. 6 show that time-shift compensation estimated from
waveforms produced by geometrically focused random-
medium illumination has restored the central region of the
focus down to the range of 18-20 dB. Compensation using
time reversal of statistically estimated aberration response
calculated from waveforms produced by a time-shift com-
pensated transmit beam, however, reduced the peripheral
level of the transmit focus by up to 8 dB more. The noise
limit in the lateral measurement of the focus is the result of
using a 0.2 mm diameter hydrophone to get satisfactory
resolution around the peak of the focus. The noted but not
shown similarity of the transmit focus produced using time
reversal of the aberration response re-estimated using the
previous statistically determined aberration response and the
focus produced using the aberration response estimated from
time-shift compensated illumination indicates that the coher-
ence of the waveforms produced by a time-shift compen-
sated transmit focus can yield satisfactory estimates of
aberration magnitude and phase differences for computation
of aberration path responses.

[0185] The amplitude projections and effective widths of
the transmit-receive (two-way or pulse-echo) focus pre-
sented in FIG. 7 are perhaps the single most important
descriptions of resolution because those show the combined
transmit-receive response to off-axis scatterers. As with the
measured transmit focuses, the pulse-echo resolution is
substantially improved by time-shift compensation over the
corresponding resolution obtained without compensation.
However, the peripheral level of the pulse-echo focus
obtained using compensation from the statistically estimated
aberration response is not only lower than the level obtained
from time-shift compensation alone but is near the level of
the water-path and aberrator-path compensation using time
reversal of point-reflector waveforms. Two-way focus res-
toration to the levels shown is important because b-scan
images produced by ultrasonic imaging instruments are
typically displayed on a log scale with a 40-50 dB dynamic
range. Thus, compensation using statistically based esti-
mates of aberration has the potential not only to restore
ultrasonic b-scan image point resolution to water-path or
near diffraction-limited quality but also to restore contrast
resolution to water-path or near diffraction-limited quality.

[0186] The transmit-receive focus effective radius plotted
in FIG. 8 for the focus obtained using compensation from
successive estimates of aberration indicate that the estimates
of aberration in the reported experiments converge 1o essen-
tially their final value after two iterations and that that value
produces a focus that is near the focus obtainable through a
water path. The ability to recover nearly water path perfor-
mance from two iterations is attributed to increased validity
of the isoplanatic volume assumption when the transmit
beam is localized to a designated position by improved
compensation. Since time-shift compensation using esti-
mates from focuses produced by geometric delays in a
random medium was found to yield a focus satisfactory for
relatively accurate statistical estimation of aberration, use of
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time-shift compensation for focusing in the first iteration is
advantageous because less computation than in the
described statistical approach is required. The observed
rapid convergence of statistically estimated path responses
to their final values is important for practical implementation
of the method in ultrasonic b-scan imaging and in other
applications as well.

[0187] The collection of measurements provides an
experimental validation of the described statistical method
for determination of aberration and phase and indicates that
the assumptions used to develop the expressions for aber-
ration magnitude and phase can be satisfied in a realistic
pulse-echo configuration. Further theoretical development
and experimental investigation are, however, needed to
quantify and verify relations between the strength and
position of the aberration and the isoplanatic patch needed to
obtain sample functions for the calculation of cross spectra.
Nevertheless, the presented measurements and experience
with other measurements not included because transmit
beam or transmit-receive resolution measurements were not
made and sometimes only 13 sample functions were avail-
able indicate that the described statistical method is robust
and can be broadly applied whenever the basic assumptions
in the theoretical development are satisfied.

[0188] While a preferred embodiment has been set forth in
detail above, those skilled in the art who have reviewed the
present disclosure will readily appreciate that other embodi-
ments can be realized within the scope of the present
invention. For example, numerical values are illustrative
rather than limiting. Therefore, the present invention should
be construed as limited only by the appended claims.

We claim:

1. Amethod for estimating an aberration in propagation of
an ultrasonic wave from an aperture through an aberration
path, using a transducer array comprising a plurality of
elements, the method comprising:

(2) illuminating a group of sample volumes of random
media to produce scattered signals and receiving the
scattered signals at each of the elements in the trans-
ducer array;

(b) computing a power spectrum estimate at each of the
elements in the transducer array by using the scattered
signals received in step (a) for all of the elements in the
transducer array;

(c) estimating a magnitude of a frequency-domain aber-
ration factor at each of the elements of the transducer
array by normalizing the power spectrum computed in

step (0);

(d) estimating a phase of the frequency-domain aberration
factor at each of the elements of the transducer array by
taking cross-spectral estimates and calculating phase
differences from the cross-spectral estimates; and

(¢) estimating the aberration from the magnitude esti-
mated in step (c) and the phase estimated in step (d).
2. The method of claim 1, wherein step (c) comprises
normalizing the power spectrum using a normalization fac-
tor empirically determined using an aberrationless medium
and a phantom.
3. The method of claim 1, wherein step (c) comprises
normalizing the power spectra for all of the elements of the
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transducer array by the average of the power spectra for all
the elements of the transducer array.

4. The method of claim 1, wherein step (c) comprises
normalizing the power spectra using a parametric model for
attenuation.

5. The method of claim 1, wherein the cross-spectral
estimates are taken from individual ones of the elements of
the transducer array.

6. The method of claim 5, wherein step (d) is performed
recursively.

7. The method of claim 1, wherein step (d) comprises:

(1) selecting initial values for the estimated frequency-
domain phases;

(ii) correcting frequency components of the signals for all
of the elements of the transducer array using the
estimated frequency-domain phases;

(il) estimating phase differences between values of the
estimated frequency-domain phases at the adjacent
elements from the cross-spectral estimates of the ele-
ments;

(iv) estimating the phase of the aberration frequency
response for each array element from the phase differ-
ences estimated in step (d)(ii);

(v) moditying the estimated phase of the aberration fre-
quency response for each array element in accordance
with the phases of the element aberration frequency
responses estimated in step (d)(iv); and

(vii) performing steps (d)(ii) through (d)(v) until step (d)

converges.

8. The method of claim 1, wherein the cross-spectral
estimates are taken from sub-apertures in the transducer
array.

9. The method of claim 8, wherein step (d) comprises:

(i) sclecting initial values for the estimated frequency-
domain phases;

(if) correcting frequency components of the signals for all
of the receivers using the estimated frequency-domain
phase;

(i) convolving the frequency components corrected in
step (d)(ii) with weights to obtain subaperture signal
spectra;

(iv) estimating phase differences between values of the
estimated frequency-domain phase at the adjacent sub-
apertures from the cross-spectral estimates of the sub-
apertures;

(v) estimating the phase of the subaperture aberration
frequency response for each subaperture from the phase
differences estimated in step (d)(iv);

(vi) modifying the estimated phase of the aberration
frequency response for each array element in accor-
dance with the phases of the subaperture aberration
frequency responses estimated in step (d)(v); and

(vii) performing steps (d)(if) through (d)(vi) until step (d)
CONVErges.

10. The method of claim 9, wherein step (d)(vi) comprises
adding the estimated frequency-domain phase and  times
the subaperture aberration frequency response, wherein G is
a predetermined positive parameter.
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11. The method of claim 10, wherein {=1.
12. The method of claim 1, wherein:

step (¢) comprises normalizing the power spectrum using
a signal normalization technique selected from the
group consisting of:

(i) using a normalization factor empirically determined
using an aberrationless medium and a phantom;

(il) normalizing the power spectra for all of the elements
of the transducer array by the average of the power
spectra for all the elements of the transducer array; and

(iii) normalizing the power spectra using a parametric
model for attenuation; and

step (d) comprises a technique for taking the cross-
spectral estimates selected from the group consisting
of:

(i) taking the cross-spectral estimates from the elements in
the transducer array;

(i) taking the cross-spectral elements from the elements
in the transducer array with recursion,

(iii) taking the cross-spectral estimates from sub-apertures
in the transducer array;

(iv) taking the cross-spectral estimates from the sub-
apertures in the transducer array with recursion;

(v) taking the cross-spectral estimates from the sub-
apertures in the transducer array with recursion and an
update parameter T; and

(vi) taking the cross-spectral estimates from the sub-
apertures in the transducer array with recursion and an
update parameter C=1.

13. A method for transmitting an ultrasonic wave from an
aperture through an aberration path to correct for an esti-
mated aberration in propagation of the ultrasonic wave from
the aperture through the aberration path, using a transducer
array comprising a plurality of elements, the method com-
prising:

(a) illuminating a group of sample volumes of random
media to produce scattered signals and receiving the
scattered signals at each of the elements in the trans-
ducer array;

(b) computing a power spectrum estimate at each of the
elements in the transducer array by using the scattered
signals received in step (a) for all of the elements in the
transducer array;

(c) estimating a magnitude of a frequency-domain aber-
ration factor at each of the elements of the transducer
array by normalizing the power spectrum computed in

siep (0);

(d) estimating a phase of the frequency-domain aberration
factor at each of the elements of the transducer array by
taking cross-spectral estimates and calculating phase
differences from the cross-spectral estimates;

(¢) estimating the aberration from the magnitude esti-
mated in step (c) and the phase estimated in step (d);

(f) transmitting the ultrasonic wave through the aberration
path; and
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) applying a correction in step (f) in accordance with the
aberration estimated in step (e).

14. The method of claim 13, wherein step (c) comprises
normalizing the power spectrum using a normalization fac-
tor empirically determined using an aberrationless medium
and a phantom.

15. The method of claim 13, wherein step (c) comprises
normalizing the power spectra for all of the elements of the
transducer array by the average of the power spectra for all
the elements of the transducer array.

16. The method of claim 13, wherein step (c) comprises
normalizing the power spectra using a parametric model for
attenuation.

17. The method of claim 13, wherein the cross-spectral
estimates are taken from individual ones of the elements of
the transducer array.

18. The method of claim 17, wherein step (d) is performed
recursively.

19. The method of claim 13, wherein step (d) comprises:

(1) selecting initial values for the estimated frequency-
domain phases;

(i) correcting frequency components of the signals for all
of the elements of the transducer array using the
estimated frequency-domain phases;

(il) estimating phase differences between values of the
estimated frequency-domain phase at the adjacent ele-
ments from the cross-spectral estimates of the ele-
ments;

(iv) estimating the phase of the aberration frequency
response for each array element from the phase differ-
ences estimated in step (d)(iii);

(v) modifying the estimated phase of the aberration fre-
quency response for each array element in accordance
with the phases of the element aberration frequency
responses estimated in step (d)(iv); and

(vii) performing steps (d)(ii) through (d)(v) until step (d)
CONVerges.

20. The method of claim 13, wherein the cross-spectral
estimates are taken from sub-apertures in the transducer
array.

21. The method of claim 20, wherein step (d) comprises:

(i) selecting initial values for the estimated frequency-
domain phases;

(i) correcting frequency components of the signals for all
of the receivers using the estimated frequency-domain
phases;

(i) convolving the frequency components corrected in
step (d)(it) with weights to obtain subaperture signal
spectra;

(iv) estimating phase differences between values of the
estimated frequency-domain phase at the adjacent sub-
apertures from the cross-spectral estimates of the sub
apertures;

(v) estimating the phase of the subaperture aberration
frequency response for each subaperture from the phase
differences estimated in step (d)(iv);

(vi) modifying the estimated phase of the aberration
frequency response for each array element in accor-
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dance with the phases of the subaperture aberration
frequency responses estimated in step (d)(v); and

(vii) performing steps (d)(ii) through (d)(vi) until step (d)

converges.

22. The method of claim 21, wherein step (d)(vi) com-
prises adding the estimated frequency-domain phase and €
times the subaperture aberration frequency response,
wherein C is a predetermined positive parameter.

23. The method of claim 22, wherein C=1.

24. The method of claim 13, wherein:

step (¢) comprises normalizing the power spectrum using
a signal normalization technique selected from the
group consisting of:

(i) using a normalization factor empirically determined
using an aberrationless medium and a phantom;

(i) normalizing the power spectra for all of the elements
of the transducer array by the average of the power
spectra for all the elements of the transducer array; and

(iii) normalizing the power spectra using a parametric
model for attenuation; and

step (d) comprises a technique for taking the cross-
spectral estimates selected from the group consisting
of:

(i) taking the cross-spectral estimates from the elements in
the transducer array;

(ii) taking the cross-spectral elements from the elements
in the transducer array with recursion,

(iii) taking the cross-spectral estimates from sub-apertures
in the transducer array;

(iv) taking the cross-spectral estimates from the sub-
apertures in the transducer array with recursion;

(v) taking the cross-spectral estimates from the sub-
apertures in the transducer array with recursion and an
update parameter T; and

(vi) taking the cross-spectral estimates from the sub-
apertures in the transducer array with recursion and an
update parameter T=1.

25. The method of claim 13, wherein step (g) is performed

using matched filters.

26. The method of claim 13, wherein step (g) is performed
using inverse filters.

27. The method of claim 13, wherein step (g) is performed
using normalized matched filters.

28. The method of claim 13, wherein step (g) is performed
using time-shift corrections that are determined from the
estimated aberration frequency responses.

29. A method for receiving an ultrasonic wave that has
been transmitted from an aperture through an aberration path
to correct for an estimated aberration in propagation of the
ultrasonic wave from the aperture through the aberration
path, using a transducer array comprising a plurality of
elements, the method comprising:

(2) illuminating a group of sample volumes of random
media to produce scattered signals and receiving the
scattered signals at each of the elements in the trans-
ducer array;
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(b) computing a power spectrum estimate at each of the
elements in the transducer array by using the scattered
signals received in step (a) for all of the elements in the
transducer array;

(c) estimating a magnitude of a frequency-domain aber-
ration factor at each of the elements of the transducer
array by normalizing the power spectrum computed in

step (b);

(d) estimating a phase of the frequency-domain aberration
factor at each of the elements of the transducer array by
taking cross-spectral estimates and calculating phase
differences from the cross-spectral estimates;

(¢) estimating the aberration from the magnitude esti-
mated in step (c) and the phase estimated in step (d);

(%) receiving the ultrasonic wave that has been transmitted
through the aberration path; and

) applying a correction in step (f) in accordance with the
aberration estimated in step (e).

30. The method of claim 29, wherein step (c) comprises
normalizing the power spectrum using a normalization fac-
tor empirically determined using an aberrationless medium
and a phantom.

31. The method of claim 29, wherein step (c¢) comprises
normalizing the power spectra for all of the elements of the
transducer array by the average of the power spectra for all
the elements of the transducer array.

32. The method of claim 29, wherein step (¢) comprises
normalizing the power spectra using a parametric model for
attenuation.

33. The method of claim 29, wherein the cross-spectral
estimates are taken from individual ones of the elements of
the transducer array.

34. The method of claim 33, wherein step (d) is performed
recursively.

35. The method of claim 29, wherein step (d) comprises:

(i) selecting initial values for the estimated frequency-
domain phases;

(if) correcting frequency components of the signals for all
of the elements of the transducer array using the
estimated frequency-domain phase;

(iii) estimating phase differences between values of the
estimated frequency-domain phase at the adjacent ele-
ments from the cross-spectral estimates of the ele-
ments;

(iv) estimating the phase of the aberration frequency
response for each array element from the phase differ-
ences estimated in step (d)(ii);

(v) moditying the estimated phase of the aberration fre-
quency response for each array element in accordance
with the phases of the element aberration frequency
responses estimated in step (d)(iv); and

(vii) performing steps (d)(ii) through (d)(v) until step (d)
converges.
36. The method of claim 29, wherein the cross-spectral
estimates are taken from sub-apertures in the transducer
array.



US 2006/0064012 A1l

37. The method of claim 36, wherein step (d) comprises:

(i) selecting initial values for the estimated frequency-
domain phases;

(i) correcting frequency components of the signals for all
of the receivers using the estimated frequency-domain
phase;

(iii) convolving the frequency components corrected in
step (d)(ii) with weights to obtain subaperture signal
spectra,

(iv) estimating phase differences between values of the
estimated frequency-domain phase at the adjacent sub-
apertures from the cross-spectral estimates of the sub-
apertures;

(v) estimating the phase of the subaperture aberration
frequency response for each subaperture from the phase
differences estimated in step (d)(iv);

(vi) modifying the estimated phase of the aberration
frequency response for each array element in accor-
dance with the phases of the subaperture aberration
frequency responses estimated in step (d)(v); and

(vii) performing steps (d)(ii) through (d)(vi) until step (d)

converges.

38. The method of claim 37, wherein step (d)(vi) com-
prises adding the estimated frequency-domain phase and
times the subaperture aberration frequency response,
wherein € is a predetermined positive parameter.

39. The method of claim 38, wherein C=1.

40. The method of claim 29, wherein:

step (c) comprises normalizing the power spectrum using
a signal normalization technique selected from the
group consisting of:

(i) using a normalization factor empirically determined
using an aberrationless medium and a phantom;

(ii) normalizing the power spectra for all of the elements
of the transducer array by the average of the power
spectra for all the elements of the transducer array; and

(iii) normalizing the power spectra using a parametric
model for attenuation; and

step (d) comprises a technique for taking the cross-
spectral estimates selected from the group consisting
of:

(i) taking the cross-spectral estimates from the elements in
the transducer array;

(i) taking the cross-spectral elements from the clements
in the transducer array with recursion,

(iii) taking the cross-spectral estimates from sub-apertures
in the transducer array;

(iv) taking the cross-spectral estimates from the sub-
apertures in the transducer array with recursion;

(v) taking the cross-spectral estimates from the sub-
apertures in the transducer array with recursion and an
update parameter T; and

(vi) taking the cross-spectral estimates from the sub-
apertures in the transducer array with recursion and an
update parameter 70=1.
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41. The method of claim 29, wherein step (g) is performed
using matched filters.

42. The method of claim 29, wherein step (g) is performed
using inverse filters.

43. The method of claim 29, wherein step (g) is performed
using normalized matched filters.

44. The method of claim 29, wherein step (g) is performed
using time-shift corrections that are determined from the
estimated aberration frequency responses.

45. An ultrasound system for transmitting an ultrasonic
wave from an aperture through an aberration to correct for
an estimated aberration in propagation of the ultrasonic
wave from the aperture through the aberration path, the
ultrasound system comprising:

an ultrasound transmit-receive apparatus for transmitting
and receiving the ultrasonic wave, the ultrasound trans-
mit-receive apparatus comprising a transducer array
with a plurality of elements; and

a processing apparatus, in electronic communication with
the ultrasound transmit-receive apparatus, for:

(a) illuminating a group of sample volumes of random
media to produce scattered signals and receiving the
scattered signals at each of the elements in the trans-
ducer array;

(b) computing a power spectrum estimate at each of the
elements in the transducer array by using the scattered
signals received in step (a) for all of the elements in the
transducer array;

() estimating a magnitude of a frequency-domain aber-
ration factor at each of the elements of the transducer
array by normalizing the power spectrum computed in

step (b);

(d) estimating a phase of the frequency-domain aberration
factor at each of the elements of the transducer array by
taking cross-spectral estimates and calculating phase
differences from the cross-spectral estimates;

(¢) estimating the aberration from the magnitude esti-
mated in step (c) and the phase estimated in step (d);

() controlling the ultrasound transmit-receive apparatus
to transmit the ultrasonic wave through the aberration
path;

(g) receiving, from the ultrasound transmit-receive appa-
ratus, signals representing the received ultrasonic
wave; and

(h) applying a correction in at least one of steps (f) and (g)
in accordance with the aberration estimated in step (e).
46. The ultrasound system of claim 45, wherein the
processing apparatus performs step (c) by normalizing the
power spectrum using a normalization factor empirically
determined using an aberrationless medium and a phantom.
47. The ultrasound system of claim 45, wherein the
processing apparatus performs step (c) by normalizing the
power spectra for all of the elements of the transducer array
by the average of the power spectra for all the elements of
the transducer array.
48. The ultrasound system of claim 45, wherein the
processing apparatus performs step (c) by normalizing the
power spectra using a parametric model for attenuation.
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49. The ultrasound system of claim 45, wherein the
cross-spectral estimates are taken from individual ones of
the elements of the transducer array.

50. The ultrasound system of claim 49, wherein the
processing apparatus performs step (d) recursively.

51. The ultrasound apparatus of claim 45, wherein the
processing apparatus performs step (d) by:

(i) selecting initial values for the estimated frequency-
domain phases;

(i) correcting frequency components of the signals for all
of the elements of the transducer array using the
estimated frequency-domain phase;

(iii) estimating phase differences between values of the
estimated frequency-domain phase at the adjacent ele-
ments from the cross-spectral estimates of the ele-
ments;

(iv) estimating the phase of the aberration frequency
response for each array element from the phase differ-
ences estimated in step (d)(iii);

(v) modifying the estimated phase of the aberration fre-
quency response for each array element in accordance
with the phases of the the element aberration frequency
responses estimated in step (d)(iv); and

(vii) performing steps (d)(ii) through (d)(v) until step (d)

converges.

52. The ultrasound system of claim 45, wherein the
cross-spectral estimates are taken from sub-apertures in the
transducer array.

53. The ultrasound system of claim 52, wherein the
processing apparatus performs step (d) by:

(1) selecting initial values for the estimated frequency-
domain phases;

(i) correcting frequency components of the signals for all
of the receivers using the estimated frequency-domain
phase;

(iii) convolving the frequency components corrected in
step (d)(ii) with weights to obtain subaperture signal
spectra,

(iv) estimating phase differences between values of the
estimated frequency-domain phase at the adjacent sub-
apertures from the cross-spectral estimates of the sub-
apertures;

(v) estimating the phase of the subaperture aberration
frequency response for each subaperture from the phase
differences estimated in step (d)(iv);

(vi) modifying the estimated phase of the aberration
frequency response for each array element in accor-
dance with the phases of the subaperture aberration
frequency responses estimated in step (d)(v); and
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(vii) performing steps (d)(if) through (d)(vi) until step (d)

converges.

54. The ultrasound system of claim 53, wherein the
processing apparatus performs step (d)(vi) by adding the
estimated frequency-domain phase and C times the subap-
erture aberration frequency response, wherein C is a prede-
termined positive parameter.

55. The ultrasound system of claim 54, wherein C=1.

56. The ultrasound system of claim 45, wherein:

the processing apparatus performs step (¢) by normalizing
the power spectrum using a signal normalization tech-
nique selected from the group consisting of:

(i) using a normalization factor empirically determined
using an aberrationless medium and a phantom;

(i1) normalizing the power spectra for all of the clements
of the transducer array by the average of the power
spectra for all the elements of the transducer array; and

(iii) normalizing the power spectra using a parametric
model for attenuation; and

the processing apparatus performs step (d) using a tech-
nique for taking the cross-spectral estimates selected
from the group consisting of:

(i) taking the cross-spectral estimates from the elements in
the transducer array;

(i1) taking the cross-spectral elements from the elements
in the transducer array with recursion,

(iii) taking the cross-spectral estimates from sub-apertures
in the transducer array;

(iv) taking the cross-spectral estimates from the sub-
apertures in the transducer array with recursion;

(v) taking the cross-spectral estimates from the sub-
apertures in the transducer array with recursion and an
update parameter T; and

(vi) taking the cross-spectral estimates from the sub-
apertures in the transducer array with recursion and an
update parameter {=1.

57. The ultrasound system of claim 45, wherein the

processing apparatus performs step (h) using matched filters.

58. The ultrasound system of claim 45, wherein the
processing apparatus performs step (h) using inverse filters.

59. The ultrasound system of claim 45, wherein the
processing apparatus performs step (h) using normalized
matched filters.

60. The ultrasound system of claim 45, wherein the
processing apparatus performs step (h) using time-shift
corrections that are determined from the estimated aberra-
tion frequency responses.
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