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(57) ABSTRACT 

An acoustic imaging apparatus and method that achieves 
desired delays with coded signals. Linear, curved linear and 
sector scanning is provided in 1-D arrays and planar, curved 
planar and sector scanning is provided in 2-D arrays. Com 
posite and non-linear implementations are presented. 
Dynamic and discrete dynamic focusing is disclosed for the 
relevant arrays. The 2-D array makes possible 3-D imaging. 
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ACOUSTC WAVE MAGINGAPPARATUS 
AND METHOD 

Matter enclosed in heavy brackets appears in the 
original patent but forms no part of this reissue specifica 
tion; matter printed in italics indicates the additions 
made by reissue. 

FIELD OF THE INVENTION 

The present invention relates to acoustic wave imaging 
systems. 

BACKGROUND OF THE INVENTION 

Conventional acoustic wave imaging systems use a one 
dimensional (1-D) array of electro-acoustic transducers, for 
example, a 1x100 array, and have been configured to achieve 
linear, curved linear and sector Scanning. Coherence in the 
transmission and receipt of acoustic signals is achieved by 
the utilization of delay devices in the signal processing chan 
nels. Present one dimensional systems are disadvantageous 
due to (1) the manner in which they are constructed and (2) 
inherent limitations in their scanning capabilities. With 
respect to the manner in which they are constructed, one 
disadvantage is that the use of delay elements and related 
electronics adds considerably to the cost of one dimensional 
systems. With respect to inherent limitations, one dimen 
sional scanning systems are disadvantageous in that they 
only provide two dimensional images. 

To increase diagnostic capabilities it is desirous to have an 
acoustic imaging system that scans in two dimensions and 
thus produces a 3-D image. A problem with applying current 
1-D technology to 2-D array imaging is that a vast number of 
electrical connections and processing electronics are 
required to serve an array of practical size. For example, a 
100x100 array would have 10,000 individual transducers. 
Standard technology would require 10,000 electrical con 
nections and processing channels. At an approximate cost of 
S100 per channel, such a system would require an outlay of 
S1M merely for channel electronics. In addition, if per chan 
nel power consumption is approximately 0.1 watt, then the 
system power requirement becomes at least 1 KW. 
As a result of the disadvantageous aspects of providing 

large numbers of processing channels, current research 
efforts are directed towards achieving high performance 
with fewer array elements. Two prior art approaches are (1) 
the use of a two dimensional array with a reduced number of 
columns, termed a 1.5-Darray, and (2) a thinned 2-D array. 
A typical embodiment of a 1.5-D array is a 100 rowx3–5 

column array. Due to reduced aperture, 1.5-Darrays may not 
offer the increase in elevation resolution that will justify 
their added expense and complexity. Furthermore, research 
has shown that the use of aberration correction with 1.5-D 
arrays may not improve the image quality over that obtained 
using correction with a 1-D array. 

In a thinned array, the number of array elements and asso 
ciated electronics is reduced to several hundred by judi 
ciously using only a selected number of transducers through 
out the array aperture. This approach, however, has lead to 
significantly higher sidelobes in the beam profile of the 
system, compared to sidelobes in a beam profile for a full 
2-D array. Thus, these systems are not suitable for Such com 
mon uses as medical diagnostic imaging and the like which 
requires low and extremely low level sidelobes. 

It should also be noted that the prior art does include 2-D 
annular arrays. These arrays are formed of concentric annual 
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2 
rings. They produce only a single ray, and while they per 
form dynamic focusing, they do not provide sector Scanning. 
Scanning is achieved by physically moving the arrays. 

In view of the foregoing, it should be apparent that a need 
exists in the art for both (1) a more economically constructed 
one dimensional scanning system, and (2) an acoustic wave 
imaging system that provides the high degree of resolution 
achievable with a full 2-D array, while reducing the number 
of processing channels and other circuitry associated 
therewith, amongst other needs. 

SUMMARY OF THE INVENTION 

Accordingly, it is the object of the present invention to 
provide an acoustic imaging system having a 1-D array that 
uses coded signals to achieve requisite delays. 

It is another object of the present invention to provide an 
acoustic imaging system having a 2-D array that has a num 
ber of processing channels that is less than the number of 
transducers. 

It is another object of the present invention to provide a 
multiplicity of embodiments and implementations for these 
1-D and 2-D acoustic arrays. 

It is also an object of the present invention to transmit 
and/or receive acoustic energy with these 1-D or 2-D acous 
tic arrays. 

These and related objective objectives of the present 
invention are achieved by use of the acoustic wave imaging 
system and method described herein. 
Amongst other aspects, the present invention discloses a 

manner of using coded signals to achieve desired delays in 
1-D, 2-D and annular array imaging systems. For 1-D imag 
ing array Systems, a manner of making and practicing linear, 
curved linear and sector Scanning arrays that are low cost 
and potentially portable is presented. This teaching also 
applies to annular arrays. For 2-D array imaging systems, a 
manner of making and practicing these systems for rapid 
3-D Volume images and/or real time, arbitrary scan plane, 
2-D sector, planar, or curved planar images is presented. In 
addition, the 2-D array taught herein allows for the imple 
mentation of multi-dimensional aberration correction which 
may allow ultrasonic images to approach the image acuity of 
MRI and X-ray CAT imaging systems, and to do so at a 
fraction of the cost of these imaging modalities. 

Both dynamic focusing and discrete dynamic focusing is 
taught for the systems herein. Composite and non-linear 
implementations, as defined herein, are also disclosed. 

In one embodiment, the present invention comprises a 
plurality of electro-acoustic transducer transducers, each 
capable of generating an electrical signal indicative of an 
incident acoustic wave; means in communication with each 
transducers transducer for generating a coded signal for 
transmission by each of said transducers; and means in com 
munication with each of said transducers for modifying a 
coded signal received by the transducers to achieve a desired 
delay. 
The present invention also comprises a plurality of 

electro-acoustic transducers, each capable of generating an 
electrical signal indicative of an incident acoustic wave and 
arranged in an array; control means in communication with 
each of said transducers and having a plurality of control 
channels for controlling said transducers; and means in com 
munication with each of said transducers for processing 
image data therefrom; wherein said plurality of control 
channels is fewer in number than said plurality of transduc 
CS. 
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The invention also includes an transducer element com 
prised of non-linear electro-acoustic, non-linear dielectric 
material. 

And in yet another of many embodiments, the present 
invention includes an array of electro-acoustic transducers 
having a plurality of rows and columns; a plurality of row 
control lines, each of which is coupled to the transducers in 
one of said plurality of rows; a plurality of column control 
lines, each of which is coupled to the transducers in one of 
said plurality of columns; and control means coupled to each 
of said plurality of row and column control lines for generat 
ing a control signal for each transducers transducer that is 
a combination of control signals on the row and column 
control lines for that transducer. 

Methods for realizing a desired delay and for achieving 
planar, curved planar and sector scanning are also disclosed. 
The attainment of the foregoing and related advantages 

and features of the invention should be more readily appar 
ent to those skilled in the art, after review of the following 
more detailed description of the invention taken together 
with the drawings. 

BRIEF DESCRIPTION OF THE DRAWINGS 

FIG. 1 is a perspective view of an acoustic wave imaging 
system in accordance with the present invention. 

FIG. 2 is a schematic/block diagram of an acoustic trans 
ducer array and control circuits therefor in accordance with 
the present invention. 

FIG. 3 is a block diagram of interface circuitry for an 
acoustic wave imaging system in accordance with the 
present invention. 

FIG. 4 is a diagram of a chirp signal. 
FIG. 5 is a diagram of planar Scanning in accordance with 

the present invention. 
FIGS. 6a-6b are diagrams of curved planar arrays in 

accordance with the present invention. 
FIG. 7 is a schematic diagram of two cells of FIG. 2 with 

phase adjustment in accordance with the present invention. 
FIG. 8 is a diagram illustrating aspects of discrete 

dynamic focusing in accordance with the present invention. 
FIG. 9 is a range point versus frequency band diagram in 

accordance with the present invention. 
FIG. 10 is a block diagram of a phase accumulator in 

accordance with the present invention. 
FIG. 11 is a block diagram of a modified receive channel 

in accordance with the present invention. 
FIG. 12 is a schematic/block diagram of an embodiment 

of a 1-D array in accordance with the present invention. 

DETAILED DESCRIPTION 

The present invention includes both 1-D and 2-D array 
acoustic imaging systems. Both of these systems may be 
realized in a multiplicity of embodiments and may be imple 
mented in different material. 

For the 2-D array Scanning system at least 3 practical 
embodiments are contemplated. They are the planar array, 
the curved planar array, and the sector Scanning embodi 
ments. At least two different implementations are also con 
templated. They are the composite electronic/acoustic 
implementation (hereinafter referred to as the “composite' 
implementation) and the non-linear electro-acoustic, non 
linear dielectric implementation (hereafter referred to as the 
“non-linear implementation. One difference between the 
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4 
composite and non-linear implementations is that a mixing 
function (taught below) is provided in an electronic circuit 
fabricated in semiconductor material in the composite 
implementation, while in the non-linear implementation, 
that same mixing function is achieved as a characteristic of 
the selected non-linear material. As will be described in 
more detail below, the planar and curved planar array can be 
achieved in both composite or non-linear implementations, 
while sector Scanning is achievable in the composite imple 
mentation. 

The 1-D system is in large part a subset of the 2-D system 
and hence, linear Scanning, curved linear scanning, and sec 
tor scanning may be realized. The teachings herein for the 
two different implementations of 2-D arrays applies likewise 
to 1-D arrays. 
The 2-D and 1-D scanning systems are now presented in 

more detail. A general overview of a 2-D system is presented 
first in which a 1-D array may be substituted with apparent 
variation, followed by a description of system operation. 
Discussion of more specific embodiments is then provided, 
including both (i) achieving ranging in angular Scanning and 
(ii) configuring a 1-D system, amongst other aspects. 

Referring to FIG. 1, a perspective view of an acoustic 
wave imaging system 10 in accordance with the present 
invention is shown. The system 10 includes interface circuit 
20 which is connected via line 85 to operator interface com 
ponentry represented by reference numeral 80 and via line 
75 to a display mechanism 70. Both the operator interface 
componentry 80 and the display mechanism 70 are known in 
the art and are discussed in more detail below with reference 
to FIG. 3. The interface circuit 20 is also connected, via line 
22, to a row control circuit 30 and, via line 28, to a column 
control circuit 40. The row and column control circuits 30.40 
control the phase and frequency of signals propagated to a 
plurality a of M rows and N columns in an array 100 of 
acoustic transducer elements. Each transducer element 
comprises a acoustic transducer (cells 110, 120,140,170, 
180,190 are indicated in FIG. 1) and its includes a corre 
sponding transducer (shown in FIG. 2). The row control sig 
nals are propagated over M row control lines or processing 
channels, represented generally by arrow 35, and the column 
control signals are propagated over N column control lines 
or processing channels, represented generally by arrow 45. 

Acoustic waves incident or transducers in array 100 cause 
the generation of a corresponding electrical signal that is 
combined with the row, X-axis, and column, Y-axis, control 
signals in each transducer cell and then combined with the 
output of all other cells before propagation over line 65 to 
interface circuit 20 in a manner discussed below. In interface 
circuit 20, the signal is processed for imaging and output via 
line 75 to display mechanism 70 for display. The interface 
circuit 20 is discussed in more detail below with reference to 
FIG. 3. 

Referring to FIG. 2, a schematic/block diagram of array 
100 and row and column control circuits 30 and 40, 
respectively, is shown (the array is presented as a schematic 
and the control circuits as block diagrams). The array is 
comprised of M rows and N columns and a transducer is 
preferably located proximate the intersection of each row 
and column signal line. Conventional 1-D arrays often con 
tain 64 or 128 linearly arranged transducers. Accordingly, 
the array 100 is anticipated to have a size ranging from 
64x64 to 128x128 transducers, and thus an approximate size 
of 100x100 is made reference to herein. In planar and curved 
planar Scanning, discussed below, the array size may be 
much larger, for example 200x200 to 500x500 or a rectan 
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gular combination thereof, of which only a Sub-unit is active 
at any given time. For example, the planar array may be 
400x400 transducers, with a subaperture of 100x100 trans 
ducers that is active at a given time. If the embodiment of 
FIG. 2 has 100 row lines and 100 column lines, then 10,000 
transducers are Supported. 

In the composite implementation the transducers are stan 
dard electro-acoustic transducers. They are processed to a 
particular size that affords an appropriate center frequency 
and bandwidth. In a preferred embodiment, those parameters 
are respectively 5 MHz and 4 MHz. 

FIG. 2 illustrates 9 transducer cells 110 (not labelled in 
FIG. 2 due to crowding in the figure, but labelled in FIG. 1). 
120,130,140,150,160,170,180,190 and their corresponding 
acoustic transducers I 15,125,135,145,155,165,176175, 
185,195. In the composite implementation, each transducer 
is mounted to its corresponding cell in the same manner that 
transducers are connected to semiconductor Substrates in IR 
focal plane arrays or the like. The dotted lines are provided 
to indicate that the number of cells is variable and may be 
modified in either dimension. Cell 150 is surrounded by a 
dashed line and will be described as a representative cell. 

Cell 150 includes a first mixer 151 for mixing row and 
column control signals in a manner described below. This 
mixer is a standard high quality electronic mixer and is pref 
erably doubly balanced. The output of mixer 151 is input to a 
transmit amplifier (hereinafter referred to as “buffer') 152 
which in turn is connected to a transmit and receive (TVR) 
switch 153. The T/R switch 153 is controlled by interface 
circuit 20 (connection not shown, but known in art) and is 
connected to both the electro-acoustic transducer 155 and an 
amplifier 157. When an acoustic wave is received at trans 
ducer 155, a corresponding signal is propagated through TVR 
switch 153 to amplifier 157. The output of amplifier 157 is 
connected to a second mixer 158 which combines the corre 
sponding signal with the output of first mixer 151. The out 
put of second mixer 158 is connected to the output of the 
second mixers 128,188 from each of the other cells 120,180 
in the same column via line 102. The combined second 
mixer output signals from each column (line 101 provides 
the combined second mixer signal for mixers 118,148,178 
and line 103 provides the combined second mixer signal 
from mixers 138,168,198) are connected at point 199 and 
transmitted to interface circuit 20 (FIG. 1) on signal line 65. 

The components of cell 150 are provided in the other cells 
and are identified therein by both a similar geometric symbol 
and reference numerals that use the same number in the units 
digit. For example, the first mixer 151 of cell 150 is identi 
fied as 111 in cell 110, 121 in cell 120, etc. It should be noted 
that although a buffer, a T/R switch and an amplifier are 
provided in each cell to improve signal characteristics, their 
use is not required to achieve the mathematical signal pro 
cessing described herein. 
The row control circuit 30 consists of a plurality of indi 

vidual row signal generating circuits 231. A first of these in 
is connected via line 251 to the first mixer of cells 110,120, 
130. Similarly, a second and a last row signal generating 
circuit 231 are connected via lines 252 and 253 to cells 140, 
150,160 and cells 170,180,190, respectively. The column 
control circuit 40 consists of a plurality of individual column 
signal generating circuits 241. A first of these in is con 
nected via line 261 to the first mixer of cells 110,140, 170. A 
second and a last column signal generating circuit 241 are 
connected via lines 262 and 263 to cells 120,150,180 and 
cells 130,160,190, respectively. 
The row and column control are connected to the system 

control circuitry 300 (of FIG. 3) and provide frequency and 
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6 
phase modified signals in accordance with equations below, 
e.g., chirps on transmit, continuous waves during receive, 
and multiple component large bandwidth signals for sector 
scanning range focusing. In one embodiment, the row and 
column control circuits 30, 40 include frequency generators 
and phase shifters which are generally known in art and 
which receive initial values and control signals from inter 
face circuit 20. Amplitude control may also be provided to 
improve signal processing and to correct for frequency 
dependent attenuation in the body. 

Referring to FIG.3, a block diagram of an interface circuit 
20 in accordance with the present invention is shown. The 
interface circuit 20 includes system control circuitry, desig 
nated by block 300, that communicates over line 85 with the 
operator interface 80, over line 351 with a detector 350, over 
line 371 with an image processor 370, line 361 with image 
memory 360, and over lines 22 and 28 to the row and column 
control circuits (30.40 of FIG. 1). Operator interface 80 is 
generally known in the art and may include a keyboard and 
control knobs or the like for the entry of time, gain and 
control signals, patient data, transmit power, etc. 
Furthermore, circuitry and software for implementing the 
timing, signal generation, signal processing and related 
functions of the system control circuitry 300 is also gener 
ally known. It may include a system clock for synchronizing 
timing and other control signals, a microcontroller or 
equivalent discrete circuitry and related logic. Designing a 
program and logic to implement the equations herein would 
be apparent to one skilled in the art given the teachings 
herein. 

The output signal from array 100 is propagated over line 
65 to a filter 310 and preferably to an analog to digital con 
verter (ADC), represented collectively as 310. This circuit 
may also include signal conditioning circuitry. In a preferred 
embodiment for broadband operation, a matched filter 320 
(discussed below) is connected to the output of the bandpass 
filter/ADC 310 and the matched filter 320 is in turn con 
nected to a detector 350. The detector 350 is provided to 
convert a signal output from the matched filter 320, which 
may potentially be 2-3 sinusoidal cycles, into a single uni 
polar pulse. A quadrature detector is preferred for Doppler 
processing. 

Outputs from the detector 350 are propagated over line 
354 and 355 to image memory 360 which in turn is con 
nected to the image processor 370. Control signals from 
system control 300 are generated and propagated over lines 
351,361,371 to detector 350, image memory 360, and image 
processor 370, respectively, in a generally known manner to 
result in the propagation of a display signal on line 75 to 
display mechanism 70. The display mechanism 70, may be a 
monitor, a projection screen, Stereoscopic glasses, an image 
recording device, or any other display devices that is capable 
of displaying two or three dimensional images. Circuitry for 
implementing filter/converter 310, matched filter 320, detec 
tor 350, memory 360 and image processor 370 are generally 
known in the art. It should be recognized that while an ADC 
is preferred at 310, the same designated signal processing up 
until the image memory 360 may be performed with known 
analog circuitry. 

In operation, data from detector 350 is stored in memory 
360 in Such a manner that it is read out by image processor 
370 and propagated to display mechanism 70 in the same 
manner that data is propagated for a CRT, for example, in a 
2-D imaging system, or stereoscopically for 3-D imaging. 

Referring to FIGS. 1-3 collectively, acoustic signal focus 
ing requires generation of a coherent wavefront during trans 
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mission mode and receipt of a coherent wavefront during 
receive mode. Such coherence is achieved by delaying the 
timing of transmit or receive signals an appropriate amount 
for a particular transducer based on its location in array 100. 
The delay is achieved through the use of coded signals. For 
purposes of the present invention, a coded signal is defined 
as any signal in which a change in a measurable characteris 
tic thereof, e.g., frequency or phase, results in a change in 
time delay at a matched output therefor. One suitable coded 
signal is a linear FM chirp, which is taught herein in con 
junction with a matched filter. 

Referring to FIG. 4, a frequency versus time diagram is 
shown for a linear FM chirp. Chirps as a characterized elec 
trical signal and matched filters therefor are generally 
known. Though an up chirp is shown it should be recognized 
that since the attenuation of Sound is strongly dependent on 
frequency, a down chirp may also be used and may be more 
appropriate in Some instances. Furthermore, it may also be 
appropriate to transmit high frequencies at a higher Voltage 
level. 

For imaging purposes, a chirp must be converted into a 
pulse before detection and display. This is accomplished by 
way of the matched filter 320. A matched filter is a filter 
whose frequency response is the complex conjugate of the 
frequency spectrum of a signal to be “matched. By shifting 
the frequency of the incoming linear FM chirp, the output 
pulse of the matched filter will vary in the time that it exits 
filter 320 (and 720 at FIG. 11). This delay, is directly propor 
tional to the shift of the chirp signal away from its original 
center frequency. Thus, with an appropriately designed 
matched filter, variable time delays can be implemented via 
frequency shifts. 

Using chirps (or other Suitable coded signals), the fre 
quency of every row and column signal is chosen Such that 
the resulting shift in frequency will give rise to the appropri 
ate time delay once the chirp is compressed into a pulse by a 
matched filter. 
Composite and Non-Linear Implementations 
The array 100 has at least two implementations. A first is 

the composite implementation where essentially all the com 
ponents of each cell are fabricated in semiconductor material 
and the electro-acoustic transducer is connected thereto. A 
second implementation involves selecting an appropriate 
non-linear electro-acoustic, non-linear dielectric material 
(discussed immediately below) that performs the necessary 
mixing functions of one or both of the first and second mix 
ers as a characteristic property thereof. With respect to the 
depiction of array 100 in FIG. 2, it should be recognized that 
the symbols for the first and second mixers represent, in the 
first implementation, physical mixers, and in the second 
implementation, functions that are being performed by the 
non-linear electro-acoustic, non-linear dielectric material. In 
addition, in the second implementation, the other electronic 
components, i.e., the buffer, T/R switch and amplifiers are 
not provided in the physical array, but amplifiers and the like 
are provided offboard. 
One reason for pursuing the non-linear implementation is 

that it is more cost effective. The quadratic relationship of 
the applied Voltage to mechanical strain of an electrostrictive 
transducer can be used to mix the row and column control 
signals. Such an array can be constructed with rows of elec 
trodes connected to one face of all the transducers and col 
umns of electrodes connected to the other face (i.e., back). In 
a preferred embodiment, the non-linear electro-acoustic, 
non-linear dielectric material is electrostrictive with a 
dielectric constant that changes with applied electric field. 
Furthermore, barium strontium titanate is preferred. 
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8 
In operation, the Voltage at each array element will be the 

Sum of the signal on its face and back. The resulting strain 
will be the square of this sum. With the appropriate choice of 
front and back control signal frequencies (row and column), 
only the Sum (or difference) frequency and phase component 
will fall within the pass-band of the transducer and be radi 
ated. 

Electrostrictive transducers can also be used in receive 
providing that the transducer material has a large non-linear 
dielectric response as well as a large electrostrictive 
response. The required row and column mixing is performed 
by the non-linear dielectric response. In other words, an 
electric field is produced that is, for example, the square or 
Some other non-linear response of the electric field across 
the transducer due to the non-linear dielectric response of 
the transducer material. In receive, the effect of electrostric 
tion is to change the dielectric constant (permittivity) of the 
transducer as a function of mechanical stress resulting from 
the incoming acoustic field. Parametric mixing takes place 
between the electric and acoustic fields to produce an 
electro-acoustic signal. This produces a number of fre 
quency components (at least 4) only one of which will be the 
desired signal. Through a Suitable choice of materials and 
control frequencies such operation can, create the desired 
2-D focus of acoustic energy. 

Referring now to the composite implementation, this 
implementation provides several advantages, mostly stem 
ming from its manufacture in semiconductor material that 
permits the incorporation of a large range of electronic cir 
cuits. Some of the advantages of the composite implementa 
tion are discussed herein. Also included is the possibility to 
integrate the row and column control circuits 30.40 on the 
array chip. Such integration would reduce the number of 
array connections from several hundred to a few dozen and 
significantly reduce the cost of the system. Integrating the 
array and the control circuits on a single chip also permits 
manufacture of a portable imaging system low enough in 
cost to be used in essentially all situations where volummet 
ric and/or real time 2-D imaging are required. 

OPERATION 

All phased array imaging systems image by electronically 
synthesizing a lens. For 3-D imaging, one needs to synthe 
size a 2-D lens. In this case, the requisite delay over the 
aperture can be separated into two components, one that 
depends only on X and one that depends only on Y as taught 
herein. 

For apertures that are less than one half the focal length 
(this is the normal operating condition for medical imaging), 
the lens equation can be approximated by a function that is 
separable into independent X and Y components. As seen in 
Equation 1, this is the classical paraxial approximation; an 
approximation that is the foundation for Fourier Optics as 
well as other field in wave mechanics. 

The paraxial approximation allows one to decompose a 
2-D lens into two, orthogonal, 1-D lenses, one immediately 
in front of the other. At each point on the aperture, the phase 
delay from one lens adds to that of the other to produce the 
same phase delay as would result from a single 2-D lens. 
This means that a 2-D array can be used to synthesize a 2-D 
lens by phasing the rows with a phase relationship that will 
create a 1-D focus in the X-axis and the columns with one 
that will create a 1-D focus in the Y-axis. Such phasing is 
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now discussed in more detail, first in a general continuous 
wave context and then in a context for broadband operation 
using coded signals. 

In general operation, the row signals are used to produce a 
1-D focus in the X direction while the columns signals are 
used to produce a 1-D focus along the Y axis. To achieve the 
desired 2-D focus, the row and column signals are combined 
in a manner Such as that achieved by mixing (or multiplying) 
the signals together. Such mixing allows one to synthesize a 
2-D focus using only as many control signals are there are 
rows and columns in array 100. In other words, this permits 
the effective control of MXN transducers by M+N control 
signals. Thus, the exemplary 10,000 transducers in array 100 
(with M=N=100) can be controlled by 200 processing chan 
nels. 

FIG. 2 shows several cells and transducers of the active 
2-D array 100. Here each array element is connected to the 
output of its own electronic mixing circuit. One input of 
the each mixer is connected to an electrode that is shared 
by all other array elements on a given row. Likewise, the 
other input is connected to the corresponding column elec 
trode. Mixing the external row and column signals together 
produces two signal components at each array element, one 
that is the sum of the frequency and phase of the row signal 
and the column signal, and the other which is the difference. 
By choosing the frequency of the row and column signals 
such that only the difference (or sum) frequency is within the 
pass-band of the transducer ensures that only the difference 
(or Sum) frequency (and phase) component will be radiated 
from the array. 

In receive, the desired 2-D control signal is created in the 
first mixer from the external row and column control signals. 
This signal, in turn, is mixed with the received signal from 
the transducer. The resultant signal is added to all others of 
the array elements of the composite structure. If, as shown, 
the output of the first mixer is not filtered, the output of the 
second mixer will contain four frequency components, only 
one of which is the desired signal. If desired, filters may be 
added in the composite implementation after each mixer. 
Though this will improve performance, a trade-off exists as 
to whether the increased performance is sufficient to justify 
the added expense and complexity of adding these devices. 
In the embodiment of FIG. 2, the desired component is pref 
erably filtered by band pass filter 310 after summation. In the 
embodiment for sector Scanning and discrete dynamic focus 
ing (FIG. 11, etc.), filters are preferably provided after each 
mixer to eliminate extra frequency components. 

Together with array 100, control signal generators 30, 40 
comprise the beam forming process of system 10. The fre 
quency and phase of the row and column array control sig 
nals determine the focus and angle of the transmit and 
receive beams in accordance with the equations herein. Hav 
ing generally introduced transmit and receive operations, 
broadband applications is are now discussed. 

Current imaging systems achieve Sub-millimeter resolu 
tion by using short, high bandwidth pulses of acoustic 
energy. This same level of high bandwidth operation cannot 
be achieved in the M+N control line array 100 of FIG. 2 
using continuous wave signals. Accordingly, a coded signal 
or the like, such as the linear FM chirp, is used to achieve 
high bandwidth and to thereby provide improved range reso 
lution. 

In transmit, the control signals are linear FM chirps hav 
ing half the chirp rate of the transmitted acoustic signal 
(when they are mixed, the chirp rates add to produce a full 
chirp rate). The length of the chirps are also longer, in time, 
than the acoustic signal. The length of each control signal 
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10 
chirp depends upon the transmitted chirp length and the 
required delay for a particular focal point. 
At each array element, the row signal and column signal 

are mixed together to produce several signals, one of which 
is a chirp that is the Sum of the two control signals. By 
Suitable choice of the base frequency of the control signals, 
the desired chirp component will be within the bandwidth of 
the acoustic transducer while the other components will fall 
significantly outside of this band. It should be recognized 
that this chirp component lasts much longer in time than the 
desired transmitted signal as well as covering a frequency 
range longer than the response of the transducer. The band 
width of the transducer and the chirp rate is chosen such that 
the acoustic chirp transmitted from the element will be the 
desired length. 

Referring to Equation 2, the relative timing of the transmit 
control signal at Some array element is determined by the 
relative time of transit from a specific array element (a par 
ticular row-column, X-Y location) and the desired focal 
point (X,Y.0...db.R). X and Y are the spatial location of the 
element, 0 and db are the azimuth and elevation direction 
cosines of the ray connecting the center of the array to the 
focal point, and R is the range from the center of the array to 
the focal point. Using the paraxial approximation this sim 
plifies to Equation 3. 

Separating Equation 3 into X and Y components produces 
the row and column control signals. Equations 4 and 5 
respectively, for transmit. In these equations, (or and (Oc are 
the row and column base frequencies. C. is the chirp rate and 
V is the velocity of sound. 

In receive, the purpose of the control signals which have 
the characteristics of continuous wave signals, is to shift the 
frequency and phase of each signal So that, as that signal 
occurs, it coherently adds with all the other signals as they 
progress in their time sequence. The net result is, for a single 
point Source, a single output chirp whose length in time and 
frequency corresponds to the total time over which the 
acoustic energy is insonifing the array aperture. For a point 
Source located at a large angle away from array 100, the 
resulting output chirp can last over 20 microseconds even 
though the chirp coming from the point source or target 
lasted only 10 microseconds. 

Mathematically, this requirement to achieve coherence 
can be established by changing the phase and amplitude of 
every chirp so that the Summed output produces a single 
chirp centered in time with the chirp signal arriving at the 
center element of the array. Equation 6 provides the condi 
tion for coherence (coa is the base frequency of the received 
chirp). Solving for the frequency shift cost, and the phase 
shift up, gives the frequency and phase shift for each array 
element to ensure a coherent Sum, Equation 7. Separating 
this equation into its row and column components gives rise 
to the row and column control signals, Equations 8 and 9 
respectively, for receive (color and coloc are the rows and 
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column local oscillator frequencies and tz, is the transit time 
from the center of the array 100 to the target). 

Dynamic Focusing 
In current pulsed array imaging systems, a single pulse of 

acoustic energy is transmitted from an array for every line of 
range data that is collected. As that pulse travels away from 
the aperture it interacts with progressively deeper objects 
(targets). For best resolution, the focal length of the system 
is dynamically changed to follow the pulse as it interacts 
with objects at ever increasing ranges. This process is known 
as dynamic focusing and is one of the main advantages of 
array technology. Furthermore, dynamic focusing and dis 
crete dynamic focusing, discussed below for sector 
scanning, permit the generation of real time images. 

For linear or curved linear scanning or planar or curved 
planar scanning as taught herein, the direction cosines are 
Zero. Without correction, the response of the system will fall 
away from the chosen focal range. To correct for this 
problem, the control signals must change in time in Such a 
way as to keep all points in range in focus as they are sequen 
tially insonified by the transmit chirp. Since the acoustic 
energy must travel from the array to Some target and back 
again, the effective rate at which the targets are insonified is 
/2 the speed of sound. Thus to keep targets at different 
ranges in focus, the system must increase its focal distance at 
/2 the speed of sound. 
Due to the time dependence of the focal changes, simply 

substituting R=/2*V*t into the control signals gives rise to a 
DC signal and is not adequate. Appropriate delay, Ö(t), is 
determined by the frequency of the control signals, Equation 
10. The phase evolution of the control signals can be found 
by integrating this frequency shift, cos(t), as demonstrated in 
Equations 11 and 12. To determine the constants of 
integration, some time Tm is chosen to be the beginning 
point of the dynamic focusing process. The constant of inte 
gration is found by setting equations equal to Equations 11 
and 12 at the time Tm. The result, for dynamic focusing is 
the control signals described by Equations 13 and 14. 

= 2: a 3: Y’s inct) + K2 
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It should be noted that at Scan angles more than a few 

degree, continuous dynamic focusing is not possible. This is 
due to the 2XR0 and 2YRd terms in Equation 2. The rate of 
change in the focal length causes these terms to introduce a 
frequency shift that significantly degrades the output signal. 
Planar Array 

Referring to FIG. 5, a diagram of a planar array 505 in 
accordance with the present invention is shown. 
Row control lines 35 and column control lines 45 are 

connected to the planar array 505 to deliver the appropriate 
control signals discussed herein and the collective output 
signal from transducers (not shown) in array 505 is propa 
gated on line 65 to the interface circuit 20. 

Planar Scanning is achieved by setting the direction 
cosines to Zero in Eq. 2 and electrically translating a Sub 
aperture 510 across the array 505. Electrically translating a 
Sub-aperture is generally known and its implementation in 
system 10 would be apparent to one skilled in the art given 
the teachings herein. Similar scanning in either an X or Y 
direction in 1-D arrays has been termed “linear scanning. 
The term "planar Scanning is used herein to denote scan 
ning a sub-aperture in both the X and Y directions in a 2-D 
array. Though the array 505 and sub-aperture 510 may have 
any practical dimension, in one practical embodiment the X 
and Y dimensions of the array505 are approximately each 4" 
and the dimensions of the X and Y sub-aperture 510 are 
approximately each 3/4". 
Curved Planar Array 

Referring to FIG. 6a, a convex curved planar array 550 
and a less 555 therefor in accordance with the present inven 
tion are shown. The control lines and processing circuitry 
(not shown) for the array 550 areas taught herein. 

Providing that the curved planar array 550 is not exces 
sively curved relative to its active sub-aperture, for example 
for a sub-aperture of 1.5 cm a curved planar array with a 
curvature of r=4 cm is suitable, dynamic focusing can be 
achieved at a large angle by electronically translating a Sub 
aperture over array 550. Electrically translating a sub 
aperture across a curved array is generally known. By the 
curvature of the array 550, the sub-aperture is able to scan an 
angle with the direction cosines equal to Zero. 
The less 555 provides focal point adjustment. For 

example, without the acoustic lens 550, an electronic focal 
length of 3 cm would correspond to an acoustic length of 6 
cm due to a 4 cm convex curvature of array550. Using a lens 
550 having an acoustic velocity 0.8 that of water, the acous 
tic focal length is reduce to 4 cm. The convex shape of array 
550 acts as a diverging lens. The acoustically slow convex 
covering 550 acts as a diverging lens that removes some of 
the diverging curvature of the wavefront. The array curvature 
has a significantly less pronounced affect at a 9 cm focal 
length. It should be recognized that although a diverging lens 
555 is shown, a converging lens or no lens at all may be 
utilized. 

Referring to FIG. 6b, a concave curved planar array 570 in 
accordance with the present invention is shown. An acoustic 
lens 575 is also provided for focusing acoustic energy from 
array 570. 

Curved planar Scanning can be achieved in both the com 
posite and non-linear implementations. 
Sector Scanning 
As noted above, continuous dynamic focusing is achiev 

able when angular or sector Scanning is not performed. Dis 
continuous or discrete focusing however, can be achieved in 
angular scanning systems at a level that approximates con 

5 tinuous focusing if additional electronic componentry 
(discussed below) is added to system 10. The additional 
electronic componentry is implemented in the semiconduc 
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tor material of the composite implementation, but the func 
tions it provides are not properties of non-linear electro 
acoustic material. Accordingly, sector Scanning can be 
achieved only in the composite implementation. 

Sector Scanning requires that the transmit and receive 
beams be scanned over a predefined angle, normally +/-45 
degrees (direction cosines +/-0.5 and +/-0.5, azimuth and 
elevation, i.e., X and Y). Increasing the pointing angle to 45 
degrees in both azimuth and elevation significantly degrades 
the response. To correct for this distortion, an additional 
cross term is required and it is: 

As this term contains information unique to the X and Y 
position of a given, it cannot be incorporated into row and 
column control signals. This is why the non-linear array is 
not effective at large angles. 

Referring to FIG. 7, a schematic diagram of two trans 
ducer cells with phase adjustment for angular scanning in 
accordance with present invention is shown. The two cells 
610 and 640 are analogous to cells 110 and 140, for 
example, of FIG. 2. 

Referring to cell 610, the first mixer 611, buffer 612, T/R 
switch 613, amplifier 617 and second mixer 618 are analo 
gous to their counterparts in cell 110. Cells 610, 640 each 
include a phase shifter 614, 644 and a voltage divider 616, 
646. A DC signal source 605 for generating a common DC 
control signal is connected to the Voltage divider. It is con 
trolled by an additional processing channel (not shown). 

The limitations imposed by Eq. 15 are removed by the 
addition of the phase shifters 614, 644 as programmed by the 
voltage divider outputs. The voltage dividers 616, 646 essen 
tially comprise two resistors that can be precisely selected to 
divide the common DC signal to a unique Voltage level. This 
Voltage level or ratio of input to output Voltage is chosen for 
each cell to be proportional to its XY position in the array 
(100 of FIG. 2). Eq. 16 shows the relationship of the DC 
control signal and Eq. 17 shows the actual phase shift intro 
duced by each phase shifter in array 100 (FIG. 2), repre 
sented in FIG. 7 by phase shifters 614 and 644. 

The immediately preceding discussion illustrated a way of 
achieving unique phase correction for each transducer for 
achieving angular scan in transmit. A way of angularly 
focusing in receive is now discussed. 

Prior art acoustic imaging systems sample the output 
image at discrete ranges. For this reason, a continuous 
output, in range, is not required. One can use a sequence of 
range outputs, in other words, discontinuous or discrete 
dynamic focusing, without any loss in image quality that is 
detectable by the human eye. 

In the composite implementation, discrete focusing is 
achieved by at least the two following approaches or a com 
bination thereof. A first approach is to use as many process 
ing electronic cells per transducer as the number of range 
increments desired. The control signals only have to be in 
existence for the duration over which the energy from a par 
ticular range point insonifies the array. This concept is illus 
trated in FIG. 8, wherein dashed line 681 represents a ray or 
line emanating from the center of array 100 on which range 
points for focusing lie. The ray 681 is defined by certain 
elevation and azimuth angles. Segment 683 represents one 
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process period which is essentially the time over which 
energy from a focused range point insonifies the array. The 
range focus along ray 681 is sequential extended a distance 
equal to the speed of Sound in the relevant medium times the 
period of insonification, up to a distance that is no longer 
practical or desirable for Scanning. For a practical design for 
use in medical ultrasound imaging, the process period is on 
the order of 20 microseconds. This means that every 20 
microseconds, the control signals can change to focus on a 
new range point. Having 40 processing cells for every array 
element would permit one range sample every 0.5 microsec 
onds; approximately what is used for current imaging sys 
tems when displaying 16 cm of range. 
A second approach to obtain multiple range samples is to 

use the high electronic bandwiths of current integrated elec 
tronic circuits. Assuming a bandwidth requirement of 10 
MHz per range channel, a 400 MHZ electronic bandwidth 
would permit 40 simultaneous range channels. Implementa 
tion of this approach in the imaging system 10 described 
herein is now presented. 

Referring to FIG. 9, a range versus frequency band dia 
gram for implementing discrete focusing is shown. A plural 
ity of range points are defined, point 1, point 2, ... point j. 
that Sufficiently approximate the range overwhich focusing 
is desired along a particular ray (681 of FIG. 8). A specific 
frequency band, band 1, band 2, . . . band j, is defined for 
each range point. 

Referring to FIG. 10, a phase accumulator 691 is provided 
either in or in communication with the interface circuit 20. 
The phase accumulator 691 preferably receives a digital 
signal, v(t), from signal generating circuitry (not shown, but 
generally known), in system control circuitry that includes 
components for each of the j frequency bands of FIG. 9. 
Thus, 

where color+(oloc=band v(t) center frequency and color 
coloc=band v(t) center frequency, etc. 
The phase accumulator 691 preferably includes a digital 

to analog converter (not shown) or one is placed downstream 
thereof. The output of accumulator 691 is the Scorr signal 
which is delivered to the voltage dividers (616,646 of FIG. 
7). The output of each voltage divider is the control signal, 
C, which is propagated to the phase shifters (614, 644 of 
FIG. 7) to uniquely code the receive focusing signal for each 
cell. In the exemplary embodiment, mentioned immediately 
above, each band or frequency component v(t)' differs by 10 
MHz from the adjacent band. Thus, for 40 range channels, 
v(t) has a band width of 40x10 MHz=400 MHz. 

Referring to FIG. 11, a modification in the interface cir 
cuit 20 to appropriately process a multi frequency compo 
nent signal in accordance with the present invention is 
shown. 

In contrast to the singular receive channel 305 of the 
embodiment of FIG. 3, the embodiment of FIG. 11 includes 
receive channels 705 (705, 705, 705) which contain 
matched filters 720,720,720, that are specifically config 
ured for their corresponding frequency component v(t)', 
v(t)', v(t), respectively. Continuing with the current 
example of 40 range points and 40 frequency components, 
there are 40 receive channels 705 in the modification to the 
interface circuit 20 illustrated in FIG. 11. It should be recog 
nized that one can combine multiple cells per transducer, for 
example 6 cells per transducer (with appropriate frequency 
multiplexing and phase shifting as taught herein), with larger 
bandwidth signals, for example 6 frequencies in the band 
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width and 6 receive channels, to achieve the desired number 
of range samples, in this example, 6x6=36. 
1-D Implementation and Annular Array 

Referring to FIG. 12, a 1-D array 800 for an acoustic 
scanning system in accordance with the present invention is 
shown. The array 800 is integrated into the system 10 of 
FIG. 1, replacing array 100. Since array 800 is one 
dimensional, control lines are only implemented in one 
dimension, either row or column control. The row control 
circuiting 30 is shown in FIG. 12 and hence in integrating 
array 800 into system 10, the column circuit 40 and related 
electronics are removed. Each cell 810,840,870 does not 
contain a first mixer, such as mixer 111 and the like of FIG. 2 
because of the absence of column control lines, but does 
include a buffer 812,842,872, a T/R switch 813,843, 873 
receive amplifier817.847.877 and a second mixer 818, 848, 
878. Each cell is connected to a transducer 815,845, 875. 
Cells 810,840.870 are otherwise generally analogous to cells 
110,140,170 of FIG. 2. Accordingly, they may be imple 
mented as a composite array or non-linear array and be con 
figured in embodiments for linear and curved linear scan 
ning in both implementations, and for sector Scanning in the 
composite implementation. In addition, the 1-D array can be 
implemented as a discrete array coupled to discrete electron 
ics. The 1-D array 800 operates under the same signal gener 
ating and processing aspects taught herein, with the excep 
tion of those aspects specific to the mixing of row and 
column signals. 

It should also be recognized herein that the teachings 
herein apply to annular arrays and they could, accordingly, 
be fabricated in the same embodiments of a 1-D array dis 
cussed immediately above. 
Aberration Correction 

The various tissues of the body have differing speeds of 
Sound. Not correcting the beam forming process for this fact 
may degrade the acuity of the resulting acoustic images. To 
date, modest improvement in image quality has been 
achieved by aberration correction techniques on 1-D phased 
arrays. It is generally accepted, however, that these methods 
would produce a significant increase in image quality if they 
could be applied to large 2-D apertures. Thus, perhaps the 
most significant impediment to aberration correction has 
been the expense and complexity of building a 2-D array 
imaging System. 

Use of the present invention makes practical a 2-D scan 
ning system and hence makes possible aberration correction 
techniques. The required delay perturbations are achieved by 
Suitable modification of the row and column control signals. 
In a relatively basal embodiment, the system can implement 
any delay profile that is separable into X and Y components. 
Since the present system has been shown to correct the large 
first and second order delays required to produce an image in 
homogeneous media, the constraints of separability upon the 
improvement in image quality and general system perfor 
mance should not be significant. 

While the invention has been described in connection with 
specific embodiments thereof, it will be understood that it is 
capable of further modification, and this application is 
intended to cover any variations, uses, or adaptations of the 
invention following, in general, the principles of the inven 
tion and including Such departures from the present disclo 
Sure as come within known or customary practice in the art 
to which the invention pertains and as may be applied to the 
essential features hereinbefore set forth, and as fall within 
the scope of the invention and the limits of the appended 
claims. 
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I claim: 
1. An acoustic imaging apparatus, comprising: 
control logic; 
a plurality of transducer elements arranged in an array, 

each coupled to said control logic and capable of trans 
mitting an acoustic signal representative of an electrical 
transmit control signal propagated from said control 
logic and generating an electrical receive signal repre 
sentative of an incident acoustic signal; 

means within said control logic for generating an electri 
cal transmit control signal for each transducer element 
Such that the electrical transmit control signal for each 
transducer element contains a coded signal; 

means within said control logic for generating an electri 
cal receive control signal for each transducer element 
such that the electrical receive control signal for each 
transducer element contains a frequency and phase shift 
than when combined with the transducer element's 
electrical receive signal modifies the frequency and 
phase of that electrical receive signal in Such a manner 
as to permit the coherent combination of the modified 
electrical receive signals from all of said plurality of 
transducer elements; 

means for combining the electrical receive control signal 
of each transducer element with an electrical receive 
signal generated by that transducer, 

means coupled to each of said transducer elements for 
combining the modified electrical receive signals from 
said transducer elements so as to form a coherently 
combined array output signal; 

means coupled to said transducer output combining 
means for decoding a combined reflected coded signal 
in the coherently combined array output signal to pro 
duce a decoding means output signal; and means 
coupled to said decoding means for generating image 
data from said decoding means output signal. 

2. The apparatus of claim 1, wherein said coded signal is a 
chirp. 

3. The apparatus of claim 2, wherein said decoding means 
comprises at least one matched filter for coded signal decod 
1ng. 

4. The apparatus of claim 1, wherein said chirp is a linear 
FM chirp. 

5. The apparatus of claim 1, wherein said array has a size 
of M rows and N columns and said electrical transmit con 
trol signal generating means comprises means for generating 
individual row and column transmit control signals for each 
of said rows and columns, the electrical transmit control 
signal for each transducer element being a combination of 
the transmit row and column control signals for that trans 
ducer. 

6. The apparatus of claim 5, wherein at least one of said 
row and column transmit control signals for a given trans 
ducer element contains a frequency based coded signal. 

7. The apparatus of claim 5, wherein said electrical 
receive control signal generating means comprises means 
for generating individual row and column receive control 
signals for each of said rows and columns, the electrical 
receive control signal for each transducer being a combina 
tion of the receive row and column control signals for that 
transducer. 

8. The apparatus of claim 1, wherein said coded signal 
includes a frequency based code. 

9. The apparatus of claim 1, wherein said array is a one 
dimensional array with a plurality of rows and one column. 

10. The apparatus of claim 1, wherein said array of trans 
ducer elements comprises M rows and N columns, where M 
and N are positive integers and at least one of M and N is 
greater than 1; 
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at least one of said transmit control signal generating 
means and said receive control signal generating means 
includes means for generating row and column control 
signal components; and 

wherein each transducer element includes an active elec 
tronic device for combining said row and column con 
trol signal components for that transducer element. 

11. The apparatus of claim 1, wherein each transducer 
element includes a transducer comprised of a non-linear 
electro-acoustic, non-linear dielectric material. 

12. An acoustic imaging apparatus, comprising: 
a plurality of electro-acoustic transducer elements 

arranged in an array, each capable of transmitting an 
acoustic signal and generating an electrical signal rep 
resentative of an incident acoustic wave; 

control means having a plurality of control channels 
coupled to each of said plurality of transducer 
elements, said control channels being fewer in number 
than said transducer elements; 

wherein said control means generates control signals for 
each transducer element that when combined with the 
electrical receive signal of that transducer element 
modifies the electrical receive signal in Such a manner 
as to permit the simultaneous processing of the modi 
fied electrical receive signals from said plurality of 
transducer elements; 

means for combining the modified electrical receive sig 
nals of each of said transducer elements to form an 
array output signal; and 

means coupled to said combining means for generating 
image data from said array output signal. 

13. The apparatus of claim 12, wherein said array has a 
plurality of rows and a plurality of columns each having one 
of said plurality of control channels associated therewith 

said control signal generating means further including 
means for generating row and column control signal 
components; and 

wherein said transducer element is uniquely and simulta 
neously controlled by a combination of the row and 
column control signal components for that transducer 
element. 

14. The apparatus of claim 12, wherein said control signal 
generating means further includes means for generating a 
transmit control signal for each transducer element that con 
tains a frequency based coded signal for transmission by 
each transducer element. 

15. The apparatus of claim 14, 
further comprising means for decoding a reflected fre 

quency based coded signal. 
16. An acoustic imaging system, comprising: 
an array of electro-acoustic transducer elements having M 

rows and N columns, where M and N are positive inte 
gers and at least one of M and N is greater than one; 

M row control lines, each coupled to the transducer ele 
ments in one of said M rows; 

N column control lines, each coupled to the transducer 
elements in one of said N columns; 

control means coupled to each of said M row and N col 
umn control lines for generating row control signals for 
each of said row control lines and column control sig 
nals for each of said column control lines, a control 
signal for each transducer being a combination of one 
of said row control signals and one of said column con 
trol signals; 

a plurality of active devices, each coupled to one of said 
transducer elements for combining the row control sig 
nal and the column control signal of that transducer 
element; 
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18 
means for combining the output of each transducer ele 

ment to produce an array output signal; and 
means coupled to said transducer output combining 
means for generating image data from said array output 
signal. 

17. The apparatus of claim 16, wherein said active device 
is an active electronic device. 

18. The apparatus of claim 17, wherein said control means 
includes means for generating a transmit control signal that 
contains a frequency based coded signal for each transducer 
element; and 

wherein said apparatus further comprises means in com 
munication with each of said transducer elements for 
modifying a reflected coded signal received thereby to 
achieve a delay encoded in the coded signal, said delay 
for each transducer element being based on the relative 
position of that transducer element in the array. 

19. The apparatus of claim 16, wherein said active device 
includes a non-linear electro-acoustic material. 

20. The apparatus of claim 16, wherein said active device 
includes a non-linear electro-acoustic material for combin 
ing row and column control signal on transmit and an active 
electronic device for combining row and column control sig 
nal on receive. 

21. The apparatus of claim 16, wherein said active device 
includes a non-linear electro-acoustic, nonlinear dielectric 
material. 

22. A method for acoustic imaging, comprising the steps 
of: 

providing control logic; 
providing a plurality of transducer elements arranged in 

an array, each coupled to said control logic and capable 
of transmitting an acoustic signal representative of an 
electrical transmit control signal propagated from said 
control logic and generating an electrical receive signal 
representative of an incident acoustic signal; 

generating an electrical transmit control signal for each 
transducer element such that the electrical transmit con 
trol signal for each transducer element contains a coded 
signal; 

generating an electrical receive control signal for each 
transducer element that contains an appropriate fre 
quency and phase shift that when combined with that 
transducer element's electrical receive signal permits 
the coherent combination of the electrical receive sig 
nals of each of the plurality of transducer elements; 

combining the coherent output signals from said trans 
ducer elements so as to form a coherently combined 
array output signal; 

decoding a combined reflected coded signal in the coher 
ently combined array output signal to produce a 
decoded output signal; and 

generating image data from the decoded output signal. 
23. An acoustic imaging apparatus, comprising: 
control logic; 
a plurality of transducer elements arranged in an array, 

each coupled to said control logic and capable of trans 
mitting an acoustic signal representative of an electrical 
transmit control signal propagated from said control 
logic and generating an electrical receive signal repre 
sentative of an incident acoustic signal; 

means within said control logic for generating an electri 
cal transmit control signal for each transducer element 
that contains a frequency based coded signal and 
cause causing each transducer to emit an acoustic sig 
nal representative of said coded signal; 

means for modifying the frequency and chase phase of 
an electrical receive signal of each transducer element 
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for coherently combining reflected coded signals 
within the electrical receive signals thereof; 

means coupled to said modifying means for decoding the 
combined reflected coded signals to achieve a time 
delay based on that coded signal; and 

means coupled to said decoding means for generating 
image data from an output signal therefrom. 

24. An acoustic energy transmitting apparatus, compris 
ing. 

a plurality of electro-acoustic transducer elements 
arranged in an M row by N column array, where M and 
N are positive integers and at least one of M and N is 
greater than one, 

control circuit for propagating row and column control 
signals for each of said M rows and said N columns, 
each control signal having a frequency and a phase 
component, and 

wherein each transducer element is configured to function 
as an active device so as to achieve a combining at each 
transducer element of the frequency and phase compo 
ments of the row and column control signals for that 
transducer element in such a manner as to provide a 
focused acoustic signal at a given focal distance and 
direction from said array. 

25. The apparatus of claim 24, wherein the electric signal 
to acoustic signal relationship and vice versa of each trans 
ducer element is non-linear. 

26. The apparatus of claim 24, wherein said control Cir 
cuit includes a control channel for each of said M rows and a 
control channel for each of said N columns, and wherein the 
number of control channels is fewer than the number of 
transducer elements. 

27. The apparatus of claim 24, wherein said control Cir 
cuit is configured such that the row and column signals for at 
least some of the transducer elements includes a coded sig 
nal. 

28. The apparatus of claim 27, wherein M equals one. 
29. An acoustic energy transmitting apparatus, compris 

ing. 
a plurality of electro-acoustic transducer elements 

arranged in an M row by N column array, where M and 
N are positive integers and at least one of M and N is 
greater than one, 

M row control lines, each coupled to the transducer ele 
ments in one of said M rows, 

N column control lines, each coupled to the transducer 
elements in one of said N columns, 

control circuit for propagating row and column control 
signals for each of said M rows and said N columns, a 
control signal for each transducer element being a 
combination of one of said row control signals and One 
of said column control signals, 

a plurality of active devices, each coupled to one of said 
transducer elements for combining the row control sig 
nal and the column control signal of that transducer 
element, 

wherein said transducer elements, control circuit and 
active devices are configured so as to achieve a com 
bining at each transducer element of the row and col 
umn control signals for that transducer element in such 
a manner as to provide a focused acoustic signal at a 
given focal distance and direction from said array, and 

wherein each of said electro-acoustic transducer elements 
is configured within said apparatus to function in a 
non-linear manner in operation. 

30. An acoustic energy receiving apparatus, comprising: 
a plurality of electro-acoustic transducer elements 

arranged in an M row by N column array, 
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control circuit for propagating row and column control 

signals for each of said M rows and said N columns, 
each row and column control signal having a frequency 
and a phase component, and 

wherein said transducer elements and said control circuit 
are configured so as to achieve a combining at each 
transducer element of the frequency and phase compo 
ments of the row and column control signals for that 
transducer element with a resultant electrical receive 
signal, corresponding to an acoustic signal incident On 
that transducer element, in such a manner as to modifi 
the frequency and phase of the transducer element's 
electrical receive signal so as to achieve the coherent 
combination of the modified electrical receive signals 
from all of said plurality of transducer elements, and 

a filter that filters spurious frequencies output from the 
transducer elements, 

wherein said transducer elements, control circuit and fil 
ter are configured to achieve focused acoustic signal 
reception at a given distance and direction from said 
array. 

31. The apparatus of claim 30, wherein said transducer 
elements and said control circuit are configured to achieve 
dynamic focused acoustic signal reception. 

32. The apparatus of claim 31, wherein the electric signal 
to acoustic signal relationship and vice versa of each trans 
ducer element is non-linear: 

33. The apparatus of claim 30, wherein said filter includes 
a matched filter. 

34. The apparatus of claim 33, wherein said matched filter 
includes a conjugate of a coded signal. 

35. The apparatus of claim 29, wherein M equals One. 
36. The apparatus of claim 30, further comprising a cir 

cuit that generates image data from the coherent combina 
tion of transducer element receive signals. 

37. The apparatus of claim 30, wherein said control cir 
cuit includes a control channel for each of said M rows and a 
control channel for each of said N columns, and wherein the 
number of control channels is fewer than the number of 
transducer elements. 

38. An acoustic energy receiving apparatus, comprising: 
a plurality of electro-acoustic transducer elements each 

capable of generating an electrical receive signal in 
response to an incident acoustic wave and arranged in 
an M row by N column array, where M and N are posi 
tive integers and at least one of M and N is greater than 
One, 

control circuit for propagating row and column control 
signals for each of said M rows and said N columns, the 
control signal for each transducer element being a 
combination of the row and column control signals for 
that transducer element, 

wherein said row and column control signals are 
configured, for each transducer element, such that 
when combined with the electrical receive signal of that 
transducer element the electrical receive signal is 
modified in such a manner as to permit the simulta 
neous processing of the modified electrical receive sig 
nals from said plurality of transducer elements, 

a first circuit that combines the modified electrical receive 
signals of each of said transducer elements to form an 
array output signal and 

a second circuit coupled to said first circuit that generates 
image data from said array output signal. 

39. The apparatus of claim 38, wherein M equals One. 
40. The apparatus of claim 24, wherein each transducer 

element includes non-linear electro-acoustic material. 


